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CHAPTER 1
INTRODUCTION

The real time recognition of speech by machine:is a goal which has
been pursued by many. of the leading research centers of the.world over
the past thirty years. It -is.a capability whiéh;will1become‘mq;e‘és§en-,
tial .as the man-machine igterface becgmes&more,c;iticalﬁwith,increasiqg
speeds;of mechanical devices. More tasks are being assigned to machines
~and an,incregsigg'percentage,of time is required for the machine input-
output function. The time lost in getting information in and out of
-machines is becoming the 1imiting consideration in.the application of.
computers to new areas, A voice programmable computer would make these
machines available to virtually any person or.job where‘theicost could
be ‘justified. Some of the first appligations whigh can'be.aﬁticipated
are voice controlled typewriters, accounting machines and calculators.
Voice controlled security devices will follow whgp person-to-person
differences are better understood. A further major\area ofibenefit will
be the~reduction in bandwidth necessary for voice communication:systems
by4thé trgnsmissiqn of only those characteristics of speech which are
necessary tgjreconstruct'intelligible speech which has enough speaker .

dependent features to be aesthetically pleasing to the listener.

In spite of the potential benefits of automatic speech recognition
aqd the magnitude of effort expepdgd, onlynvery.limited progress has.

been .made. Reasonable recognition scores have been.achieved.only for



very small carefully selected vocabularies spoken by a small number of

equally carefully selected speakers.

1.1 Previous Research in.Automatic Speech Rebqgnition. The desire

for an efficient voice transmission system has led to extenéiVe'researchz
in the identification of the minimum number of parameters which must be .
provided for a human listener to piece together:the linguistic content
of speech. These bandwidth compression systems, called vocoders, which
require human perception, have used various techniques such as
amplitude—limiting and formant coding (Lindgren, 1). No machine, envi-
sionable in the reasonable future can be expected to haye the linguistic.
or semantic flexibility of the human brain and therefore these tech--
niques are inapplicable to automatic speech recognition.

One of the first documented attempts to build an automatic speech
recognizer;was reported by Dreyfus-Graf (Lindgren, 2) of Switzerland in.
1950. His.machine used a six channel parallel filter bank, the outputs
of which were used to drive six deflection coils, radially spaced around
a movable:.recording pen. Eagh,word wasxrgcorded as 'a two dimensional
figure whose shape was.a crude function of speech frequency content and
time.

A much more practical device which attempted to recognize the
digits zero through nine as spoken by a single speaker was first an-
nounced by Bell TelephonevLabs‘in‘1952.with‘1at¢r improvements reported
in 1958 (Lindgren, 1). This technique used the frequency of spectral
ene;gy,peaks (called formants) as parameters for comparisqn with refer-
ence words which were stored in‘:a memory element. Such devices are re-
ferred to as formant trackers. Accuracies in .the 90% range were

achieved for single speakers but when no adjustments wexg made for



speaker differences they fell to the 50% vicinity.

Another ten years of speech research with parallel advancements in
minjaturization led to the development by Philco-Ford engineers of a.
zero through nine digit recognizer with a volume of 0.8 ft3kwhich
achieved 90% accuracy for 10 selected speakers. The recognition scheme
abandoned the formant tracking techniques which had been employed by
the Bell Labs' recognizer;in favor of three new parameters of compari-
son. These were (1) the Single Equivalent Formant Frequency.(SEF); (2)
the Single Equivalent Formant Amplitude. (SEFA); and (3) the presence or
absence of voicing. The first two of_these are defined as SEF = (ZT)‘1
in which T is the time from glottal pulse to first zero crossing, and
SEFA is the maximum amplitude during this.interval. This recognizer
was a hard-wired device with removable:logic sections which were differ-
ent. for each word. Logic sections were built to recognize any pair.of
words up to three syllables in length or one word of up to six sylla-
bles (Teachér, et al., 3).

Continued attempts at digit recognition by formant measurement are
being made by Ewing and Taylor (4) who.use the average rate of zero
crossings of a speech wave as a measure of the first formant:(Fl) and
‘the average rate of zero crossings of . the differentiated wave as a
measyre of the second formant (F2). The first method-employed by these
authors applied an analog measure.of Fl to the vertical plates and an.
analog measure of signal amplitude to the horizontal plates of a storage
oscilloscope.. The patterns were neither-unique.for individual sounds
nor consistent for the same sound spoken by different persons. These
authors‘thenuplotped the difference frequency F1 minus F2 versus time.

and found that.a given sound spoken by various speakers showed.good.



consistency but there. was not absolute uniqueness for different sounds.
Virtyally all word recognition research has been based upon the
concept that all English speech is made up of about .40 basic sounds
which are called phonemes. Recognition schemes have therefore empha-
sized the isolation of -characteristics for distinguishing between these.
phonemes,when .spoken one at a.time. It has been assumed that connected
phoneme or word recognition would evolve from these techniques by
sequential identification'oprhonemes. Many years of.only_limited
progress in phoneme boundary definition of .connected speech have led
some recent researchers to attack the theory .of phonetic speech recogni-
tion. It is impossible in most cases to .indicate boundaries between one.
phoneme and another in the acoustical signal. In different environments
a given phoneme will differ greatly because of variations in speaking
rates ‘and the time required to change.the vocal tract shape from one
phoneme .to anotherz In some cases the vocal tract will begin a transi-
tion from one phonemic state to another.but well before the.change is_
complete it will begin a transition to.a third phonemic state. As a
result it is likely that none of the phonemes will be produced as they:
would if they were spoken in isolation. It thus seems reasonablefthatg
in recognition systems a trade off will be necessary between vocabulary
size, word selection, rate of pronunciation and machine capabilities.
The fact that acoustical phonetic boundaries are subtle ‘and time variant
led Sitton. (5) to investigate a mechanical segmentation procedure° A
zero axis crossing count was found to show promise for phoneme boundary
definition with reasonable computer processing time requirements. A

more pessimistic view is.expressed by Pierce (6) who cencludes that.



These are strong reasens'for believing that- spoken3
English is, in general, simply not recognlzable
phoneme by phoneme or word by word, and that people
recognize utterances, not bécause they hear the.
phonetic.features of the words distinctly, but:be-
cause they have a general sense of what a conversa-
tion is about and are able to.guess ‘what has. been
said.

A direction fo; future research is indicated by the.theory of.
Denes and Fry who have insisted upon the necessity for linguistic infor-
mation in any,recognition scheme.. Lindgren (1) quotes Denes as.con~-
cluding "... Automatic speech recognition is probably possible only by
a process that makes use of information about the structure and statis-
tics of the language being recognized as well as the characteristics of
the . speech sound wave." A further area of search for perceptual clues
which has been pursued by several groups is the study of articulatory
movements—which has been referred to as the motor theory. This theory
of perception is based upon the belief that a human perceives speech.
sounds by reference to the articulatory movements he knows are necessary
to.produce those sounds (Lindgren, 2). Experiments have attempted to
show that the process of learning to recognize speech is greatly aided
by the voicing of sounds and the association of articulatory movements.
with the sounds produced. Results have so far been inconclusive.

Many years of research with the cochlea of ‘human cadavers have-
permitted Georg von Bekesy to determine most of .today's knowledge of
the physiological characteristics of the cochlea. In his experiments
he cut away some of the bone surrounding the cochlea and placed a tiny
window in the siee‘wall from which measurements were made of basilar
membrane displacement using a stroboscopic light. He showed that:the

cochlea performs a spectral separation of sound but has relatively(poer,

selectivity with a constant Q = 2 for the entire length. For this work.



he was awarded the.Nobel prize in Medicine in 1961 (Bekesy, 7; Flanagan,
8,9; Fletcher, 10). The spectral function of the cochlea has suggested
that an important property of speech which contains intelligence is the
frequency content. Therefore, much research has been directed toward a
spectral analysis of phonemes.

Early research in spectral analysis of speech employed the method
of recording the signal on a continuous magnetic tape or drum followed
by multiple repetitions of the signal being applied to the input of a
voltage tunable bandpass filter which permitted the recording of the
signal energy as a function of the center frequency of the bandpass
filter. Most recent work has employed the use of multiple bandpass
filters which provide near real time spectral data. Spectral processors
which seek to use formant locations in the identification of phonemes
are of two general types. The first, and most common, consists of many
parallel narrow band filters each of which is followed by a detector
and low-pass filter which provide a voltage level proportional to the
energy content of that frequency band. Formant locations are indicated
by the channels which have the largest output level. Recent significant
efforts using this technique include the work of Campanella and Phyfe
(11) , Hughes and Hemdal (12), Bobrow and Klatt (13) and Lecours and
Sparkes (14). The second type of spectral processor which is used for
formant locations is a parallel arrangement of wide band filters each
of which is assigned to one of the formants. They are broad enough
that the formant for which they are designed will be included for all
phonemes. The filter outputs are fed to zero crossing counters which
provide voltage output levels which are proportional to the dominant

frequency component in that band. This method provided an accurate



frequency measure for simple waveforms but when two or more components
have comparable amplitudes serious errors can arise (Hyde, 15). This
technique was.employed by Gilmour (16) who used a 700 Hz lew-pass filter
to isolate F1, a 700 to 2100 Hz bandpass filter for F2 and a 2100 Hz
high-pass filter for F3. Results were typical of other approacﬁes with
90% recognition rate for a single speaker and a-vocabu}ary<of seven
words and the digits. Stops and fricatives could not be separated. A
variation of this technique, which was mentioned earlier, was that em-
ployed by Ewing and Taylor (4) which did not. use any-filters but. rather
used:the zero crossings of the unprocessed speech as-a measure of Fl

and the.zero crossings of the differentiated wave as a measure of F2.

A further variation by Reddy (17) sampled a microphone output every.

50 upsec with an analog to digital converter and rgcoide& intensity level.
and number of zero crossings. in each 10 msec\inferval. Intensity levels.
were used to group similar Segments‘and_zero crossings were used to.
resolve ambiguities. Limited success was.claimed but a later paper
(Reddy, 18) revealed that the system‘could not distinguish the stops

and several of the vowels.

A very comprehensive narrow band filter analysis of speech, based
upon the phoneme recognition concept, was performed by Hugheszand Hemdal
(12) at Purdue Research Foundation. The spectral analyzer consisted of"
35 bandpass:filters with center frequencieszvarying between 286 and
9500 Hz. A bandwidth of 46 Hz at the.low frgquency.end of the spectrum
was expanded to 963 Hz for the 9500 Hz filter with all filters having
a selectivity (Q) of 10 or 1ess; The single speaker,apprbach_was justi-
fied on the basis of a 1a¢k:of:know1edge qf speaker differences. An .

algorithm was.developed to use a general purpose digital computer . to



separate phonemes based upon a distinctive feature approach but no
capability for adaptation was considered. Nine distinctive features
were used to identify 34 phonemes. Three features were found to rea-
sonably separate the vowels with some overlap which could be removed
with -the additional dimension of time. The conclusions of this research
were that the.low frequency spectrum has more importance than previously
recognized. A set of filters with good precision below 500 Hz wds

4
recommended because of the necessity for accurate F1 tracking andiatten-
tion to low frequency stress cues. This view-is opposed by Stewarf (19,
20) who considers the low frequency.spectrum to be unimportant because
of some experiments which he performed. In one experiment he used
300 Hz low-pass filtered noise as a masking signal and found that the
quality of speech was not significantly affected. In another experiment
Stewart passed speech through an 800 Hz high-pass filter and found that
it was quite intelligible but "tinny'" sounding.-

Another speech recognition system for a limited vocabulary was
developed by Bolt, Beranek. and Neuman, Inc. for the NASA Electronics
Research Center and reported by Bobrow and Klatt (13). This system
attacked the problem of recognition of a limited vocabulary of.space-
craft related words as spoken by several,speakers. The spectrum ana-
lyzer was a 19-channel-filter-bank designed for optimum.formant determi-
nation for male voices which had a glottal pulse rate from 80 to 150 Hz.
In order to insure that there would be between two and four harmonics in
every filter, bandwidths were used as follows: 360 Hz.for center fre-
quencies of 260 to 2780 Hz; 600 Hz at 3260 Hz; 840 Hz at 3980 Hz; and
1080 Hz.bandwidth at 4940 and 6020 Hz. Each word was.recorded as two

seconds .of data sampled at 0.0l sec intervals which provided a 19 x 200



matrix, each element of which was a number from zero to 63;‘inf1§garith-
mic units, covering a 45 db range of.intensityi The recognition scheme
separated the words into syllables based primarily on.the total signal
energy. Pattern recognition methods based on the word matrix were con-
sidered inapplicable because "... it is by now well known that speech.
spectral patterns ... do not.cluster according to the spoken word".
Bobrow and Klatt consider phoneme recognition to be a more difficult
task than their,method of word recognition which was based on spectral
energy.although they acknowledge that their technique is 1imited to
small vocabularies. The conclusions.of this research were that a finer.
frequency resolution between 300 and 1200 Hz is desirable and that more
filters are required to detect sudden movements in energy concentrations.

Word recognition has also been investigated by Martin (21) who used
a filter .bank of 19 channels, each with a low selectivity (Q = 8). Dis-
tinctive features of<phonemes.were.seleqted_apd tests involving 155
speakers,were,conducted{ Recognition scores of 88 to 94% were achieved
for 34,000 digits spoken singly and in pairs. A new feature which
Martin found useful was the energy change with frequencys

Glaesser, Caldwell and Stewart (22) have developed anq Stewart has.
marketed an analog model of the human cochlea which uses a passive cas-
cade of tuned elements with between 19 and 36 pickoff points. The model
simulates the cochlea well in selectivity (Q = 2) but the arbitrary:
choice of pickoff points is not representative of the data available.in
human perception: Speech recognition with the analog ear was conducted
by the developers (Caldwell, 23) and is continuing by_the USAF Aerospace
Medical Research Laboratories where 19 pickpffs are being used in.a

neural model to simulate the human auditory system as closely as
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possible (Mundie;and Moore, 24; Cannon, 25). Recent improvements to
the analog ear were developed by Bolie (26) by the use of a digital
computer to analyze the various network parameters, and a simulated
passive network (Q = 10) of 100 sections was used in a digital computer
simulation by Lake (27) to analyze the formant locations of 19 phonemes
spoken by 12 people. Speech spectrograms were generated with a digital
computer by Oppenheim (28).

In spite of the varied approaches to speech recognition and the
many years of concentrated efforts there is still no reliable method

for removing speaker dependent variations or glottal pulse fluctuations.

1.2 Summary of Thesis Content. This thesis is devoted,to high

resolution studies of speech sounds, including the development of the
necessary hardware. The included audio-filter bank has the highest.
spectral resolution of.any known.device at .the low frequencies, which
have been identified by other.research efforts as necessary for accurate
pitch tracking. It also has the wide, high frequency, bandwidth which
is required for tracking the rapid energy shifts which occur in con-
nected speech. In addition, as a part of this thesis, a three-
dimensional oscilloscope display was designed and built for the study.
of connected speech.

A data set of-high spectral resolution was compiled for 11 phonemes-
as spoken by.3 male and 2 female speakers over an octave range of pitch
variation for each phoneme. The importance of pitch in speech recogni-
tion is discusseq, and some results of experiments in.computer.recogni-,

tion of sustained phonemes are presented.



CHAPTER 11
TUNED AMPLITUDE TRACKER SYSTEM DESCRIPTION

2.1 TIntroduction. A review of the literature revealed that a

finer spectral resolution of speech than-was possible with previous
audio filter banks might provide a useful source of information in-
speech research. The conclusions of two recent significant efforts
(Bobrow and Klatt, 13; Hughes and Hemdal, 12) were that better frequency
resolution in the spectrum below 1200 Hz would probably provide valuable
information for improving the understanding of speaker dependent,varia-
tions and glottal pulse fluctuations. These features of speech have.
historically:been so‘little}understood that they have been avoided in
prior experimental designs.

Advancements in solid state electronics miniaturization in.the past
five years have made possible-the design of the high’resolution‘Tuned
Amplitude Tracker (TAT) System which is outlined in Appendix B and des-
cribed in greater detail in this chapter. Figure 2.1 is a photograph of-
the equipment rack containing the complete system. In this chapter the
functional descriptionvof‘each subsystem is followed by a discussion of-
the mathematical model of the TAT units and some detailed performance
measurements of the completed TAT System. A table summarizing all of
the abbreviations used in this thesis is given in Appendix A. In each
figure resistances are in ohms and capacitances are in microfarads

unless labeled otherwise.
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2.2 Functional Description. A block diagram of the elements of

the TAT System is¢shpwn in Figure 2.2. The speech input may be applied
either through.a microphone or from a magnetic tape recorder to a spec-
tral shaping pre-amplifier and a speech amplifier which drives the
parallel array of TAT channelsi The multiplexer.samples the output.of
each of-the 97 TAT . channels at a rate determined by the clock, and ﬁro-
vides a DC analog output voltage which is equal to the voltage on the.
input line being sampled. The multiplexer also provides.a sync pulse
for the cathode ray tube oscilloscope (CRT) which displays an image of

speech energy content as a function of frequency.

2.2.1 Microphone. The Shure model 5455 microphone was used as
;he,air pressure to voltage transducer for the sounds which were spoken
as a.part of this thesis and was also used in,the recording of the tape
library which was.cqmpiled by Lake (27). Experimental voitage'measure-
ments made with this microphone revealed the typical low frequency sig-
nal amplitude to be #2 millivolts for a normal voice volume and for. the
microphone placed 8 + 2 inches directly in front of the mouth, At this
distance the signal amplitude was found to be relatively insensitive to
small changes in mouth-to-microphone distance.

The detailed microphone specifications are provided in Appendix c.
It can‘bevseen from the response characte:istic curve of Figure 2.3
that output amplitude is flat within -3 db and +8 db (where 0 db = 1.
vqlt/microbar) over the 100 to 6400 Hz frequency ;ange'covered by the -
tuned amplitudg.trackérs, It has a;";ardioid" pdlargcharacteristic .
with side cancellation of 6 db and 15 to 20 db cancellation at the rear.
The microphone has a dual output impedance of 150 ohms . and 40K ohms.

The rated sensitivity is 150 + 4 db at 1000 Hz.
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2.2.2 Magnetic Tape Recorder. The Wollensak Model 1980 Magnetic

Tape Recorder was used for all sound recordings and playback of phonetic
tapes. A tape speed of 7.5 inches per second and Channel A were used.
The tape recorder gain setting was adjusted for each reébrding to obtain
the maximum signal with no amplitude clipping or other distortion as
viewed on an oscilloscope. The audio signal was taken from the "Exter-

nal Speaker" jack.

2.2.3 Speech Pre-Amplifier. The circuit which is shown in Figure
2.4 accepts the 150 ohm impedaﬁce differential output of the microphone
or the attenuated output from the tape reco;‘der° Spectral gain shaping
is accomplished by three stages of modified high-pass filtering and
four stages of gain. In the first stage a uniform gain_of 40 db is pro-
vided by a 709N Operational Amplifier (OA) circuit. The second and
third stages each incorporate a modified high-pass filter of 1100 Hz
corner frequency in which the 0.29 ufd capacitor.is bypassed with a
735 ohm resistor in order to limit the low frequency loss. The third

stage incorporates a modified high-pass filter.of 1460 Hz corner
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frequency in which the 0.015 ufd capacitor is bypassed by a .22K resis-
tor. The fourth stage is an emitter follower which prevents loading
effects.:

Each ‘stage of gain shaping was designed to prevent speech clipping
and to provide about the same maximum amplitude in each spectral segment
at the Pre-Amplifier output. This method of shaping was selected to
permit use of the full dynamic amplitude range of the spectral display.
It is considerably different from the 6 db per octave gain increase
which was commonly employed by previous researchers and upon which the.
Formant Theory of speech perception is based. This departure from for-
mer approaches was.necessary to take advantage of the resolution capa-
bility of the new system. The entire Speech Pre-Amplifier is packaged
in a Burr-Brown casing and is provided with a power supply filter for
both the +15 volt input (shown in Figure 2.4) and the -15 volt input
which is used only in the OA. Osciliations were observed before the
filters were installed. The maximum signal output without clipping or
distortion is +4 volts, which is achieved only with very loud sounds

voiced close to the microphone.

2.2.4 Soft Limiter. The speech signal from the Pre-Amplifier is

prqcessed by the circuit which is shown in Figure 2.5, which limits the
signal(amplitﬁde and provides a low impedance drive to the Speech Ampli-
fier. The soft limiting action begins at an input threshold of +3.2
volts, as determined by the input voltage divider network, The 1 volt
forwarq voltage characteristic of the IN816 diodes rqunds off‘thg volt-
age peaks which exceed this threshold. The push-pull output circuit
supplies an output impedance of about 200 ohms; negative feedback is

used to eliminate crossover distortion. For signals less than limiting



18

threshold the circuit gain is about 1.1 and as a result the output

voltage is about +3.5 volts.
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Figure 2.5. Soft Limiter Circuit Diagram

2.2.5 Speech Amplifier. The initial system made use of the Soft

‘Limiter Circuit to drive the 97 TAT channels. During calibration it was
found that each channel responded with a maximum DC output of 10 volts

when its input was a +10 volt pure-tone signal from an audio oscillator.
With speech input, however, the channels responded with only about half

their maximum output capability because of the amplitude variations
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inherent in the speech signal. In order to provide a drive signal
which would use the full dynamic range of the filter bank, the Speech
Amplifier circuit which is shown in Figure 2.6 was used to drive the
TAT channels. This circuit boosts the +3.5 volt input signal ffom the
Soft Limiter circuit to a #20 volt signal at the output. The 2N328A
transistors are biased into ''Class A" operation and provide a current-
drive for the 40322 power transistors, each of which has about 17 square
inches of aluminum heat sink. The 10 ohm-56 ufd filter for the supply

voltage eliminated the periodic oscillations which were observed before

fts! installation.
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Figure 2.6. Speech Amplifier Circuit Diagram
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2.2.6 Tuned Amplitude Trackers. Each of the 97 TAT channels con-_

tains the circuit elements shown in Figure 2.7. A detailed discussion
of the design and operation of this circuit is included in Section 2.3.
The purpose of each TAT is to convert. an AC input voltage, EK’ into a
DC voltage, VK’ The amplitude of VK is proportional to the amplitude

of those frequency componénts of E, which fall within the selected pass-

K
band. The pass-band of each channel is determined by the OA, Ul, and
its associated components. The selectivity, Q, was held constant at 25
for all channels. This provided -3 db crossover for adjacent filters

. th .
whose resonant frequencies were chosen for the K™ channel as discussed

in Appendix B by the relation:

Table I contains a listing by channel number, K, of (1) resonant
frequency, F(K); (2) the type of United Transformer Company inductor,

L' (3) the size of resonating capacitor, C'K; (4) the bandwidth, BW;

K>
(5) the frequency of the lower -3 db half power point, LHPP; and (6)
the frequency of the upper -3 db half power point, UHPP. The-Q was
held constant to provide the desired detail in low frequency resolution.
The value of Q = 25 was selected because it permitted about three times
the resolution of‘the Hughes and Hemdal system (12) and was compatible
with the 100 input channel capability of the available multiplexer. The
inductance range of each coil type is given in Appendix B.

The OA, U2, and related components perform fullwave rectification
of the output signal of the bandpass filter. The 0A, U3, and associated

components make up a low-pass filter which converts the signal to a DC

voltage, amplifies the level and provides a low-pass characteristic,
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Figure 2.7. Tuned Amplitude Tracker Circuit
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TABLE I.

TUNED AMPLITUDE TRACKER DATA

22

LHPP

K F(K) Inductance_quel Resonator BW UHPP

(Hz) No. HVC-: C'K (ufd) (Hz) (Hz) (Hz) .

1 100 7 5 4 - 98 102

2 104 7 .5 4 102 106

3 109 7 .5 4 107 111

4 113 7 .5 5 110 115

5 119 7 .5 5 116 121

6 124 7 .5 5 122 127

7 130 7 .5 5 127 132

8 135 7 .5 5 132 137

9 141 7 .5 6 138 144

10 147 7 .5 5 145 . 150
11 154 7 .5 6 151 157
12 160 7 .5 7 156 163
13 168 7 .5 7 - 164 171
14 175 7 ) 6 172 178
15 183 7 ) 8 180 188
16 191 7 .5 8 187 195
17 200 7 .47 8 196 204
18 208 7 .5 9 203 212
19 218 6 .5 9. 213 222
20 227 6 ) 9 223 232
21 238 6 .5 10 232 242
22 247 6 .47 10 243 253
23 259 6 .5 10 254 264
24 270 6 .5 12 265 277
25 283 6 ) 12 276 288
26 294 6 .5 12 288 300
27 308 6 .5 12 302 314
28 321 6 .5 13 314 327
29 336 6 .5 14 329 343
30 350 6 .S 14 343 357
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TABLE I (Continued)

F(K) Inductance Model Resonator. BW LHPP - UHPP -

(Hz) No. HVC- C'y (£d) (Hz) (Hz) (Hz)
31 367 6 .5 15 359 374
32 381 6 .5 16 373 389
33 400 6 .5 16 392 408
34 416 6 .5 17 407 424
35 436 6 .5 17 428 445
36 454 6 .5 19 445 463
37 476 6 .5 19 467 486
38 495 5 .2 20 485 505
39 519 5 .2 20 508 528
40 540 5 .2 22 529 551
41 566 5 .2 22 554 576
42 588 5 .2 24 576 600
43 617 5 .2 26 604 630
44 642 5 2 26 629 655
45 673 5 .2 26 659 . 685
46 700 5 .2 27 687 715
47 734 5 .1 29 719 748
48 763 5 .2 30 748 778
49 800 5 .22 32 784 816
50 832 5 .33 33 815 848
51 872 5 .22 33 857 890
52 907 5 .27 36 889 925
53 951 5 .22 37 932 969
54 990 5 .27 40 970 1010
55 1038 5 .1 41 1019 1060
56 1079 5 27 43 1057 1100
57 1131 5 .1 46 1108 1154
58 1177 4 .22 47 1153 1200
59 1234 4 .1 48 1211 1259
60 1283 4 .1 51 1257 1308
61 1345 4 .068 50 1322 1372



TABLE I (Continued)

24

K F(K) Inductance Model Resonator BW LHPP UHPP
(Hz) No. HVC- C'y (ufd) (Hz) (Hz) (Hz)

62 1400 4 1 s6 1372 1428
63 1467 4 .1 60 1437 1497
64 1526 4 .1 61 1495 1556
65 1600 4 .082 62. 1572 1634
66 1664 4 .1 67 1631 1698
67 1745 4 .082 68 1712 1780
68 1815 4 .1 72 1779 1815
69 1903 4 .082 75 1866 1941
70 1979 4 .043 79 1939 2018
71 2075 4 .068 85 2033 2118
72 2158 4 .047 86 2115 2201
73 2263 4 .068 91 2217 2308
74 2353 4 .1 94 2306 2400
75 2468 4 .05 98 2420 2518
76 2566 4 .05 103 2514 2617
77 2691 4 .056 105 2637 2742
78 2799 3 .1 112 2743 2855
79 2934 3 .056 110 2880 2990
80 3052 3 .039 124 2990 3114
81 3200 3 .05 123 3149 3272
82 3328 3 .033 133 3261 3394
83 3490 3 .05 145 3420 3565
84 3630 3 .05 141 3560 3701
85 3806 3 .039 152 3738 3890
86 3958 3 .036 158 3879 4037
87 4150 3 .033 169 4073 4242
88 4316 3 .022 172 4230 4402
89 4526 3 .033 175 4545 4620
90 4707 3 .022 188 4613 4801
91 4935 3 .033 197 4847 5044
92 5132 3 .036 210 5027 5237



TABLE I (Continued)

25

K F(K) Inductance Model Resonator BW LHPP UHPP-

(Hz) No, HVC- C'K (ufd) (Hz) (Hz) (Hz)
93 5382 3 .033 216 5280 5496
94 5597 3 .027 219 5490 5709
95 5869 3 .02 222 5763 5985
96 6104 3 .022 252 5986 6238
97 6400 3 .015 256 6280 6536
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with the frequency of the -6 db point set equal to the bandwidth of the
bandpass filter., Figure 2.8 shows one of the bandpass filter Vector
boards each of which contains three filters,‘and one of the Vector
boards on which are mounted three fullwave rectifiers and low-pass
filters. The complete system of 97 bandpass filters is mounted on a
common chassis, with the output from each filter available to the con-
nector on the rear of the chassis as shown in Figure 2.9. This connect-
or and cable provide an input to the Fullwave Rectifier and Low-Pass:
Filter boards by means of a similar connector which is located at the
right rear of the chassis shown in Figure 2.10. The connector at the
center of the chassis provides the 97 channel output to the multiplexer.
A final gain calibration is provided at the output of each low-pass
filter by means of a resistancé divider network which limits the output

voltage to +5 volts, which is the maximum allowable multiplexer input.

2.2.7 EECO 765 Multiplexer. The detailed muitiplexer performance

data is included in Appendix C. Each of the 97 input voltage levels is
sampled and applied to the analog output for a length of time determined
by the clock pulses which cause the multiplexer to step from one channel
to the next. The order in which the input lines are sampled is pro-
grammable by means of a patch board on the front panel. The sync pulse
as shown in Figure 2.2 is a zero-going pulse superimposed on a -10 volt
level. This pulse is identified by the manufacturer as the . ''Scan
Address End Ring". The pulse remains on during the time the last pro-
grammed input channel is being sampled.

The multiplexer input impedance specifications state that the
channel being sampled has an impedance greater than 100 megohms.in

parallel with a capacitance determined. from the equation,



(A)

(B)

Figure 2.8.

Bandpass Filter (A) and Fullwave Rectifier and
Low-Pass Filter (B) Circuit Boards
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Figure 2.9. Bandpass Filter Chassis

Figure 2.10. Fullwave Rectifier and
Low-Pass Filter
Chassis

28
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C = [1.5(N-1) + 10] pico-farads (pfd) = 154 pfd

where, N = 97 input channels.

During the early construction stages the output of each low-pass
filter was applied directly to the multiplexer input. The multiplexer
output switched sharply to each new 1eve1.‘ However, when the low-pass
filter output was applied to a resistance divider which changed the
output impedance as seen by the multiplexer to about 5K ohms, a time
constant of about 5 usec was observed. This effect is shown in Figure
2,11. This-was corrected with the addition of a capacitor CKCl) in
each voltage divider network, as shown in Figure 2.12. The reduction
in switching time which resulted can be observed in Figure 2.13. The
value of this output capacitancevwhichlshoui&'havé@beén abbut, 150 pfd
according to the multiplexer specifications, was found to be about 0.1

ufd. Therefore 0.1 ufd was used for the compensation capacitor, CK(l)'

2.2.8 Clock. A free running multivibrator was used as a digital

clock to control the rate at which the multiplexer stepped from one
input channel to the next. The circuit shown in Figure 2.14 was built
into a Burr-Brown casing and hadia panel mounted switch to provide a
choice of an 11.1 KHz or a 50.3 KHz pulse rate. The 50.3 KHz rate was
used throughout this research except when the multiplexer was controlled

by the IBM 1620 Computer as discussed in.Chapter V.

2.2.9 RM 564 Tektronics Storage Oscilloscope. The storage oscil-

loscope is.a versatile visual display device which may be used to pro-
vide a variety of speech spectral plots. It can.be used in.a normal
oscilloscope mode to reveal transient information or may provide a

visual integration over several minutes. The vertical display has a
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dynamic range of 100 db per centimeter with a. continuous vernier con-
trol. The horizontal display can use (1) an externally generated de-
flection voltage as was employed in the display described in Chapter III.
of this thesis; (2) an.internal~sweep generator .which is triggered by -
an external sync voltage as is used in the display in this chapter; or
(3) an internal sweep generator which is triggered by an adjustable
level from either of two vertical deflection amplifiers. A number of
other-ques of flexibility are also available, the details of which may

be found in Appendix C.

2.3 The Mathematical Model. This section describes the theory

underlying the design for the TAT channels which are made up of (1) the
tuned bandpass filters; (2) the fullwave rectifiers; and (3) the low-
pass filters. Iﬁ the construction of the filter bank system, United
Transformer Compény HVC type inductors and SN72. 709N OA's manufactured
by Texas Instruments, Inc., were used. Specifications of both are
found in Appendix C. A discussion of the OA frequency compensation,
which was required in the spectral band of speech, is found in Appendix

B.

2,3.1 Tuned Bandpass Filter Design. The desire for a constant Q

and amplitude across the speech spectrum made it necessary to select a
circuit in which these parameters could be controlled, preferably inde-
pendently. Huelsman (29) has reported that an operational amplifier
with control elements as.shown in Figure 2.15 has-a transfer character-
istic given by

-YlY3
(Yl + Y2 + Y3 +.Y4)YS + YsY4

(2.3.1)

y-
E
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where E = the input voltage, V = the output voltage and YK = the admit-
tance of the Kth branch. The choice of branch components as indicated
in Figure 2.16 results in a bandpass filter which has a transfer func-

tion, after simplification by Bolie (30), of

-AT (jw)
Q+ T (ju) + T°Q (jw)?

y.
E

where T = ARC/Q and F, = center frequency = 1/2nT. Although this cir-
cuit was reported to be capable of obtaining a Q of about 10, an attempt
was made to extend Q to 25 in order to provide better glottal pulse
tracking and better formant frequency definition than has previously
been possible. A mathematical analysis of the transfer function indi-
cated -that this should have been possible but in practice the best Q
which could be obtained was about 12. This was undoubtedly due to an
inability to adequately control component accuracy. It was therefore
decided that in spite of the disadvantages of iron core inductors it
would be necessary to use them if a Q of the order of 25 were desired
with a small number of circuit elements, although for other applications
Q values as high as 5,000 have been realized using 4 operational ampli-
fiers in an RC network designed by Tarmy and Ghausi (31).

The desire to maintain independent control of both gain and band-
width over the speech spectrum of 100 Hz to 6400 Hz with a minimum
number of components led to the use of both positive and negative feed-
back in the bandpass filter which is reported in this thesis. 1In the
network shown in Figure 2.17 and in the following equation Z is the
impedance of the parallel RLC tank circuit and k = R4/(R4r+ RS) is the

ratio of positive feedback. The current I is that flowing through the
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Figure 2.16. RC Active Bandpass Filter
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Figure 2.17. Active Tuned Bandpass Filter

AA

parallel RLC impedance toward the OA output terminal. The current and
voltage relations for the input resistance divider network can be

written,

-.a! ]
E - A _E._+ I (2.3.2)

1 2

e' = e + IR3 . (2.3.3)

Substituting (2.3.3) into (2.3.2) and solving for the voltage at the

inverting input of the OA yields:
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can be assumed to be equal.
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(2.3.4)

%— - {1 + 1 I
1 ' 172 ?

Since the operational amplifier causes the.output voltage, V, to vary
such that the inverting input voltage; e, becomes approximately equal

to the non-inverting input voltage, kV, then these two input voltages

Using the relationship, I = (k-1)V/Z, the

positive feedback‘voltage‘becomes;

TR+ rRIR] T
B, |Rur R R Ty
R R R, 7

from which the voltage transfer characteristic V/E can be determined to

(2.3.5)
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It is convenient for notation to use the following substitutions

in (2.3.5), noting that Rp

is the equivalent parallel resistance of R

1

and R2, Rs is a series resistance, and that ler is the resonant imped-

ance of the parallel LC combination

Z =

2
QT

B

[F
1+ Q| =
1| F.
0

F

F

d

S (2.3.6)

~

In these equations, Q. is the selectivity (Q, = F./BW) of the parallel
1 1 0

LC circuit, r is the series resistance of the inductor in ohms, F is

the frequency of concern .in Hertz, and F

the LC circuit.

0

Insertion of these identities into (2.3.5) yields,

is the resonant frequency of

) <
il

F

LriQ e -F

Fo

0

(2.3.7)

A convenient form of this voltage transfer characteristic is

-A

| <

[F
1+ 5Q == -
Fo

F0
F

(2.3.8)

where A is the gain at resonance and the other parameters are as defined

above.

Writing (2.3.7) in the form of (2.3.8) yields,
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1
A= - (2.3.9)
(1 k)RSR1 ] le
2 R
Rle T p
and
(1 - k)Rsqul
2
| Rle r.
Q= . (2.3.10)
(1 - k)RSR1 ] EEL
2 R
Rle_r p

Equation 2.3.10 may be solved for the ratio of the overall circuit Q

divided by the RLC tank circuit Ql’ to give

%_=, L > _ . (2.3.11)
1 1 Q1 T
- 1% - R, R
P
3 R1+R2

2.3.1.1 Tuned Bandpass Filter Calibration. The first step in the

alignment procedure of each tuned filter is to ground the non-inverting
input to the OA, apply a signal at the intended resonant frequency-to

the left end of R, with R2 open and vary R3 until unity gain (with in-

3

version) is observed at the OA output. This insures that R3 = ler.
The second step is to choose a value of positive feedback, k, by selec-

tion of R, and R5 (greater positive feedback is required for low values

4
of Q1 in the parallel RLC tank circuit).

The desired circuit gain of unity and the selected circuit
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parameters of R3 = Q12r and k = 1/2 can be used in Equation 2.3.9 to

find that the relation R1 = 2R, must be satisfied. The remaining param-

3
eter, R2, can be found by connecting the.circuit as shown in Figure 2.17
and varying R2‘until the desired Q value of Q = 25 is observed. The
approximate value of R2 can be found from Equation 2.3.11, but the dif-
ficulty in accurately measuring and controlling the various components
makes the preferable technique that of measuring Q and A. The range of
control of Q, however, can be found from Equation 2,3.11, to be governed
by the formula,

Q 5,3

Q Ry 2
For positiVe component values, the maximum allowable value of‘Q1 can be
seen to be governed by

&
1

The desired active tuned-filter Q valué of Q = 25 implies that-
Q1 < 16.8, but in order to provide some measure of control with Ry, 2
Q1 of the order of 10 was found to be about optimum. The Q1 of the
parallel LC branch can be reduced by adding a parallel resistance of

the order of 10K. Alternately, the parallel reactance Xp may\bglvaried

in accord with the relation developed by Fristoe (32),

Hlmx

i
Q1= =x
p

s
in which_rs is the equivalent series resistance, rp is the equivalent
parallel resistance, Xs is the series reactance and Xp is the parallel

reactance. The parallel reactance can be increased, and hence Q1 can
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be reduced, by decreasing the capacitance and increasing the inductance.
The change of reactance is the preferable method if additional induct-
ance is available in the coil, since with near maximum inductance the
tuning slug is well within the core gap and thus less susceptible to

mechanical vibrations.

2.3.2 Fullwave Rectifier Design. The fullwave rectifier function

is to invert the positive half cycle of the input waveform and to pass
the negative half cycle, so that both half cycles have the same (nega-
tive) amplitude after processing by the rectifier circuit, For the.
positive half cycle of the input waveform, the positive input terminal
of U2 is grounded, so U2 behaves as a simple sign reversing amplifier
of 0.5 gain. For the negative half cycle of the input waveform, U2
serves as a simple follower amplifier having its' output connected to
its! negative input terminal, and having‘its' positive input terminal

excited by the R7—R voltage divider.

8

2.3.3 Low-Pass Filter Design. The low-pass filter converts .the

fullwave rectifier output into a DC voltage having an amplitude propor-
tional to the AC input voltage to the fullwave rectifier. The circuit
which was selected for this function was based on the work of Huelsman
(29) who found that an OA with control components as shown in Figure
2.15 has a transfer characteristic given in general form by Equation
2.3.1. The choice of branch components as iﬁdicatedvin Figure 2.18

then results in a transfer function which simplifies to

-A

!:————
E 1+ jum?
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Figure 2.18. Low-Pass Filter

where A is the DC gain, w = 2mB(K), T = AR C, (in seconds) = [ZﬂB(K)]—l,
and B(K) is the frequency (in Hz) at which the output voltage is half
the input voltage. The voltage gain as a function of frequency is shown
in Figure 6 of Appendix B for the 800 Hz channel. The cutoff fre-
quency (the -6 db gain point) of each low-pass filter was made equal to
the bandwidth of the corresponding tuned bandpass filter in order to
assure rapid response to the expected faster transients at the higher
frequencies. Table II shows the component values selected for each
channel as derived from the above equation.

The gain of each low-pass filter was selecfed to make the combined
gain of the fullwave rectifier and low-pass filter equal to unity. A

gain of approximately 3 is required to compensate for the fullwave
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TABLE II
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K F(K) B(K) R Cy Ry ‘

(Channel No.) (Hz) (Hz) (msec) (kilohms)  (nfd)
1 100 4.0 13.30 53.2 .25
2 104 4.2 12.80 51.2 .25
3 109 4.4 12,20 48.8 .25
4 113 4.5 11.70 46.8 .25
5 119 4.8 11.20 - 44.8 .25
6 124 5.0 10.70 42.8 .25
7 130 5.2 10.20 40.7 .25
8 135 5.4 9.87 39.4 .25
9 141 5.6 9.38 37.4 .25
10 147 5.9 9.06 36.2 .25
11 154 6.2 8.60 34.4 .25
12 160 6.4 8.30 33.2 .25
13 168 6.7 7.89 31.5 .25
14 175 7.0 7.60 30.4 .25
15 183 7.3 7.23 28.9 .25
16 191 7.6 7.00 28.0 .25
17 200 8.0 6.63 26.5 .25
18 208 8.3 6.40 25.6 .25
19 218 8.7 6.08 24.3 .25
20 227 9.1 5.88 23.5 .25
21 238 9.5 5.58 22.3 .25
22 247 9.9 5.37 21.5 .25
23 259 10.3 5.11 20.4 .25
24 270 10.8 4.93 19.7 .25
25 283 11.3 4.69 18.7 .25
26 294 11.8 4.51 18.0 .25
27 308 12.3 4.30 17.2 .25
28 321 12.8 4.15 16.6 .25
29 336 13.4 3.94 15.7 .25
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K F(K) B(K) R Cy Ry Cx
(Channel No.) (Hz) (Hz) (msec) (kilohms)  (ufd)

30 350 14.0 3.80 15.4 .25
31 367 14.7 3.62 14.5 .25
32 381 15.2 3.43 13.7 .25
33 400 16.0 3.32 13.3 .25
34 416 16.6 3.20 12.8 .25
35 436 17.4 3.04 60.7 .05
36 454 18.1 2.94 58.8 .05
37 476 19.0 2.79 55.7 .05
38 495 19.8 2.69 53.9- .05
39 519 20.7 2.56 51.2 .05
40 539 21.5 2.50 50.0 .05
a1 566 22.6 2.34 46.7 .05
42 588 23.5 2.26 45.3 .05
43 617 24.6 2.15 43.0 .05
44 642 25.7 2.08 41.6 .05
45 673 26.9 1.97 39.4 .05
46 700 28.0 1.90 38.0 .05
47 734 29,3 1.81 36.2. .05
48 763 30.5 1.74 34.8 .05
49 800 32.0 1.66 33.2 .05
50 832 33.3 1.60 32.0 .05
51 872 34.8 1.52 30.4 .05
52 907 36.3 1.46 29.2 .05
53 951 38.0 1.40 28.0 .05
54 989 39.5 1.35 27.0 .05
55 1038 41.5 1.28 25.6 .05
56 1079 43,2 1.24 24.8 .05
57 1131 45.4 1.17 23.4 .05
58 1177 47.1 1.13 22.6 .05
59 1234 49.4 1.07 21.4 .05
60 1283 51.4 1.03 20.6 .05



TABLE II (Continued)
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K F(K) B(K) R Cy R, Cy
(Channel No.) (Hz) (Hz) (msec) (kilohms)  (ufd)

61 1345 53.8 .98 19.7 .05
62 1399 56.0 .95 19.0 .05
63 1467 58.7 .90 18.1 .05
64 1525 61.0 .87 17.5 .05
65 1600 64.0 .83 16.6 .05
66 1664 65.8 .80 16.0 .05
67 1745 69.8 .76 76.0 .01
68 1815 72.7 .74 73.6 .01
69 1903 76.7 .70 69.7 .01
70 1979 79.1 67 . 67.4 .01
71 2075 83.0 .64 63.9 .01
72 2158 86.3 .62 61.6 .01
73 2263 90.8 .59 58.6 .01
74 2353 94.1 .57 56.6 .01
75 2468 98.9 .54 53.7 .01
76 2566 102.7 52 52.0 .01
77 2691 107.5 .49 49.3 .01
78 2799 112.0 .48 47.5 .01
79 2934 117.3 .45 45.2 .01
80 3052 124.0 .43 43.0 .01
81 3200 128.0 .41 41.4 .01
82 3328 133.0 .40 40,0 .01
83 3490 139.0 .38 38.0 .01
84 3629 145.0 .37 37.0 .01
85 3806 152.2 .35 34.9 .01
86 3958 158.2 .34 33.6 .01
87 4150 166.0 .32 32.0 .01
88 4316 172.5 .31 31.0 .01
89 4526 181.0 .29 29.3 .01
90 4707 188.2 .28 28.3 .01
91 4935 197.0 .27 26.9 .01
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TABLE II (Continued)

K F(X) B(K) R C R C

(Channel No.) (Hz) (Hz) (ﬁsgc) (kilghms) (ugd)
92 5132 205.2 .26 26.0 .01
93 5382 215.0 .25 24.6 .01
94 5597 223.8 .24 23,7 .01
95 5869 234.8 .23 22.9 .01
9 6104 244.1 .22 21.8 .01
97 6400 256.0 21 20.7 .01
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rectifier gain of 0.5, and for the factor of 0.636 involved in convert-
ing AC to DC. A +10 volt sinusoidal input at the bandpass filter
resonant frequency causes the low-pass filter output to be about +10
volts DC. The resistance divider on the output of each low-pass filter.
(Figure 2.12) was used to set the multiplexer input voltage at 5 + 0.1

volts with a +10 volt resonant sine wave input to the bandpass filter.

2.4 Performance Verification., Prior to actual use in tests with

speech signals, the complete system was tested for calibration, response
speed, and linearity by use of a sine wave oscillator equipped with a

frequency counter, and an accurate CRT equipped with a scope camera.

2.,4.1 The Microphone, Amplifiers and Rscorder. The Shure 545S

microphone provides a voltage output as shown in Figure 2;19 for a
normal room volume speaking voice and the microphone held about 8 inches
directly in front of the mouth. The sound which is recorded is the sus-
tained phoneme /ae/ as in at.

The Pre-Amplifier performance at 142 Hz and 6100 Hz is shown by
the Lissajous curves in Figures 2.20 and 2.21. The smoothness at both
frequencies shows that no significant distortion is present at either
end of the speech spectrum. The oscillator was tuned through the
intermediate frequencies with similar results. The phase shift of about
40 degrees at 142 Hz can be seen in Figure 2.20, although this is of
only casual interest because it has no effect on the spectral filter
response. At the high end of the spectrum the phase shift is observed
to be less than 10 degrees.

The Soft Limiter action is demonstrated by Figures 2.22 and 2.23,

for which the input was intentionally increased to +5 volts to
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demonstrate the soft limiting action which begins at an input of +3.2
volts and is completed by about +4 volts. The softness of the limiting
action is best shown by the Lissajous patterns in Figures 2.22B and

24238, which illustrate the smooth curvature of the corners.

v - P
6 1 ;
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4 : - —t
' ] T ) ' : .
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2 . , ; ,~ et 5
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Figure 2.19. Shure 545S Microphone Output
for the Phoneme /ae/ as in
At (GPR=140 Hz)

The Speech Amplifier input-output characteristic is shown for 142
Hz and 6100 Hz in Figures 2.24 and 2.25. The push-pull power amplifier
and transformer can be seen to cause no apparent distortion, and negli-
gible phase shift, over the frequency spectrum of interest in speech

research.
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The Wollensak Model 1980 Magnetic Tape Recorder output voltage
level is set by a volume control on the recorder. By observing the
output wave on a CRT it was found that clipping began at different gain
settings for different phoneme tapes. This clipping effect is shown in
Figure 2.26A for the phoneme /ae/. The same sound is shown in Figure

2.26B with a gain setting which removed the .clipping.

2.4.2 Tuned Bandpass Filters. The performance of a typical tuned

bandpass filter is shown by a plot of the output voltage amplitude as a
function of frequency for the 800 Hz filter and is included in Appendix
B as Figure 6. .The verification of this characteristic for each
tuned bandpass filter was conducted as a routine part of the construc-
tion phase. The -3 db points for each filter are recorded on Table I.
During the construction of each of the tuned filters the voltage
amplitude measurements were made with the Tektronix Type 564 Storage
Oscilloscope which provides 8 cm of vertical viewing distance and 10 cm
in the hofizontal dimension. Repeated measurements revealed that the
error in voltage amplitude could be held to about 2%. The measurement
of frequency provided by the General Radio Model 1151-A Frequency
Counter was accurate to within +1 Hz for one second of integration time.
The expected error in bandwidth measurement due to statistical
measurement variations can be developed from the magnitude of the

voltage transfer function |V/E| which is
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The slope of |V/E| at the half power points is given by

V frms—
LLE_L+L|X*3 ?.@ . et |l ke
9 F -2 E FO F FO F2 P
L
= + y-+3 F - o&z—u f—_.lj_o.
— | E ‘FO F FO F

Evaluating the slope at the upper half power point F

1
i
o
F'—'_,—l
+
l\)ll—'
L2l

-
yields
? § 3 1
T = -(.707)" T 1+=0Q+ T
FO[“%] L' :m
F = F2

Thus for the 6400 Hz filter

3 ¥
E .707 _ .707 _ _
3 F - TB T T 7256 -00276
F =F,

The standard deviation of error in frequency measurement of F2 is then

Al Y
AR, = El._-02 _ 795y,
2 = 750276 - 00276 - -

The bandwidth measurement accuracy of the 6400 Hz tuned filter is thus
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B=F,-F =25 #7.25Y2 Hz

A gaussian distribution of the bandwidth measurement errors for
the 6400 Hz filter is plotted in Figure 2.27. It can be shown from
this figure that 31.8% of the bandwidth measurements for this filter
can be expected to be in error by more than 10.24 Hz, and similarly,
that 4.6% of the measurements can be expected to be in error by 20.48 Hz
or more.

The standard error of measurement (AB) decreases as the resonant

frequency is reduced, in accord with formula,

- = |-B 1. vi. -
AB = (AF)) V2 = [{707] AYl = | Y2~ = .0016 F,

Table III shows the range of bandwidth measurement error and several

representative values,
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Figure 2.27. Assumed Distribution of Bandwidth
Measurement Error (at 6400 Hz)
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TABLE III

TYPICAL BANDWIDTH MEASUREMENT ERROR

Resonant Bandwidth Standard Bandwidth
Frequency (Hz) Measurement Error
(Hz) (Hz)
100 4 0.16
200 0.32 .
400 16 0.64
800 32 1.28
1600 64 2.56"
2468 98 3.94
3200 123 5.12
4935 197 7.90
6400 256 10.24

This analysis has revealed the fact that measurement .error alone
would restrict the control of tuned filter bandwidths to about 5%.
This percentage was set as a performance standard during the.tuned
filter construction phase, and was used as a standard during periodic

performance checks made prior to the taking of experimental data.

2.4.3 Fullwave Rectifiers. Figures 2,28A, B, and C show the input

and output waveforms of the fullwave rectifiers with a pure sine-wave
input at the resonant frequency of the 100, 800 and 6400 Hz channels.
It is seen that the desired objective of the fullwave rectification is

attained.
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2.4.4 Low-Pass Filters. The low-pass filter performance is

graphically illustrated by Figure 7 fo Appendix B, which shows the DC
output voltage level as a function of frequency. Again, the 800 Hz
channel was used, for which the -6 db point is at a frequency of 32 Hz,
corresponding to the 32 Hz bandwidth of the 800 Hz tuned bandpass

filter.

2.4.5 Spectral Resolution. The TAT System as shown in Figure 2.2

provides a CRT display of speech energy content as a function of fre-
quency. The CRT horizontal axis is calibrated linearly with filter.
number, and thus exponentially with filter frequency, beginning with the
100 Hz filter on the left and ending with the 6400 Hz filter on the
right. The vertical axis provides a linear measure of each tuned ampli-
tude tracker channel output voltage. This level depends upon both the.
amplitude of that portion of the speech spectrum which is within the
bandpass of the pertinent channel, and upon the bandwidth of the low-
pass filter, which determines the maximum rate at which the filters

will respond. The frequency resolution of the system is illustrated,
for pure sine wave inputs generated by a Hewlett Packard Model 3300A
Function Generator, in Figures 2.29A, B, C, and D. Figure 2.29 A is

the system response to a 130 Hz signal. Figure 2,29 is the same dis-
play for an 800 Hz input. Figure 2.29C shows the display smoothing
which can be achieved by placing a simple 10K-360 pfd integrator.in
series with the multiplexer output. Figure 2.29D shows a display with

a 5132 Hz input, generated without the smoothing integrator.

2.5 Construction. During the audio filter construction phase,

technical assistance was provided by several Electrical Engineering
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students. The work of J. A. Avallone, D. J. Hansen, M. J. Johnston,
W. A, Martin, J. M, Meyer, L. J. Paleck, M. D. Pelly and C. D. Shepherd

is greatly appreciated.



CHAPTER III

SPEECH SAMPLER DISPLAY

3.1 Introduction. The pattern of energy content as a function of

frequency, displayed as either an instantaneous sample or as an inte-
grated sum over some time interval, may be a desirable recognition dis-
play for those phonemes which are time invariant except for small glot-
tal pulse fluctuations. Many phonemes, however, exhibit transient.
spectral-amplitude characteristics which require the additional dimen-
sion of time for identification. More importantly, connected speech
involves the combination of phoneme groupings in which the characteris-
tics of each phoneme depend heavily upon both the vocal tract initial
condition, which is a function of previous utterances, and upon the
anticipatory muscular condition, which is a result of expected future
utterances. Time is, therefore, an essential parameter of measurement
in speech research. This chapter includes a description of a scheme
for the display on a CRT, of spectral-amplitude speech characteristics
over a time sample of 64 msec. The time sample can be started auto-
matically upon word initiation or can be started at the discretion of
the operator by means of a panel mounted switch. The 64 msec time
sample was purely an arbitrary choice which was hoped to be sufficient.
to evaluate the technique of display. It was a convenient choice be-
cause it used the maximum 50,000 Hz sampling rate of the EECO 765 Multi-.

plexer, it used all 97 channels of the filter bank, it could -be
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implemented with a 6-bit binary counter and the 32 traces appeared to

be an upper limit in resolution on the largest CRT display for which
photographic instrumentation was available in the University Laboratory.
Further experience with the digplay will probably suggest a more optimum
trade-off,

The implementation of this scheme, the Speech Sampler, is shown in
block diagram form in Figure 3.1. It differs from the Tuned Amplitude
Tracker System of Chapter II only in the manner of CRT control. In
Chapter II the sweep generation was provided by the CRT internal
circuitry with only a sync trigger and the analog vertical deflection
voltage provided by the EECO 765 Multiplexer. The Speech Sampler pro-
vides analog voltages for complete electron beam control.

The display is made up of 32 spectral-amplitude plots, each of
which is identical to that which was described in Chapter II, except
for size and position. A three dimensional effect is obtained by
shortening the spectral and amplitude dimensions of each trace and
positioning each 2 msec spectral-amplitude sample down and to the left.
of the previous sample. Figures 3.2A, B, and C illustrate the scheme
and show a 64 msec time sample of the Speech Sampler response’to.a
109 Hz, an 800 Hz and a 5132 Hz pure sine-wave as generated by a Hewlett
Packard Model 3300A Function Generator. The signal is fed to the Speech
Amplifier for this illustration. The value of the Speech Sampler in
displaying transient effects is illustrated in Figures 3.3A, B, and C
where the.voiced stop-consonant-vowel transitions which are used are
/b/ + /ae/ as in bad, /g/ + /ae/ as in gab, and /d/ + /ae/ as in dad.

A male voice and the microphone were used as the sound. source,
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3.2 Hardware Implementation. The remainder of this chapter will

be devoted to a functional description of the.circuitry which is used
to achieve the three dimensional Speech Sampler Display. The heart of
this display system.is the multiplexer which, as depicted in Figure 3.1,
time-multiplexes all 97 DC voltage levels from the tuned amplitude
trackers onto a single output line at a rate determined by the clock
pulses which are permitted to pass through the Gate. The multiplexer.

also provides start and stop pulses which are used to control the sweep.

3.2.1 Mode Selector Switch. Two modes of operation are possible

with this display. The first is a continuously running sample as was
used in Figure 3.2. In this case the Gate in Figure 3.1 is by-passed
and the sweep position is determined entirely by the state of the six
stage counter. The multiplexer analog output is displayed for the
first 32 sweeps which represent 64 msec of speech. This is followed by
a 64 msec period during which the sixth counter stage provides a blank-
ing pulse which removes the electron beam from the CRT display area.
This sequence is repeated as long as the Mode Selector Switch, SI, is
in the "CONTINUOUS'" position. The logic .diagram for this switch is
shown in Figure 3.4. In the "CONTINUOUS" position the first level,
S1(A), of the four level three position switch provides a gate by-pass,
for the clock pulse, to the multiplexer., The third level of the switch
provides an.input voltage level to the Sweep Generator.

The second mode of operation which can be selected by means of Sl
is a single 64 msec sample of speech after which the CRT display remains
blank. This display is obtained by first placing S1 in the '"RESET"
position and then placing it in the "SAMPLE" position. In the "RESET"

position, S1(A) stops the multiplexer stepping by interrupting the clock
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trigger line, S1(C) grounds the input to the Sweep Generator, and S1(D)
provides a sweep stop.voltage to the Sweep Generator control. When the
swit;h is moved to the third position ("'SAMPLE") S1(A) permits those
clock pulses which are passed by the Gate, to go to the multiplexer.
Switch level S1(B) triggers the Reset Pulse Generator, S1(C) applies
the input voltage to the Sweep Generator, and S1(D) removes the sweep
stop voltage from the Sweep Generator Control. The purpose of each of.

these signals is discussed with the circuits in which they are used.

3.2.2 Speech Tracker. The circuit which is used to provide a

voltage level during the presence of speech, in order to synchronize

the start of the 64 msec sample, is the Speech Tracker which is shown

in Figure 3.5. It is very similar to the fullwave rectifier and low-
pass filter which is used in the 6400 Hz TAT channel. It has the same
256 Hz corner frequency in order to be compatiﬁlevwith the'response

time of the fastest channel. A blocking capacitor is used in series
with the input to provide DC isolation. The input to the Speech Tracker
is the amplified speech, from the amplifier, which is also applied to
the input of each of the 97 TAT channels. The output DC voltage level

is used in the Speech Detector.

7;3.2.3 Speech Detector. The circuit shown in Figure 3.6 accepts
the.output voltage frém the Speech Tracker and, when it exceeds +6
volts, generates a -10 volt pulse of 80 msec duration. This pulse
opens the Gate at the start of speech if the mode selector switch is in
the ""SAMPLE" position. The means by which this pulse is created may be
examined by reference to Figure 3.6. The left two transistors Tl and

T2, make up a Schmitt trigger in which T2 is normally conducting. When
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the input voltage reaches +6 volts the trigger fires (T1 turns "ON" and
T2 turns "OFF'") creating a positive going voltage on the collector of
T2. This becomes a positive spike when passed by means of the 50 pfd
capacitor and 22K resistor to T3 and T4 which make up a monostable
multivibrator. The spike switches the multivibrator which generates

the 80 msec pulse, the width of which is determined by the 1 ufd capaci-
tor and the 270K resistor.‘ The emitter follower, T5, provides isolation.
When switch S2 is in the "IN" position the Detector output is passed to
the Gate. When S2 is‘in the 'OUT" position the control line to the

Gate is open.
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3.2.4. Gate. The multiplexer steps from channel to channel any
time it receives a clock pulse. Inferruption of the pulse is therefore
used to start and stop the display. This is accomplished by the circuit
shown 'in Figure 3.7. The clock pluse is a negative going 10 volts from
a zero level, of about 10 usec duration. When T1 is "OFF'" the clock
pulse passes through T4 on the right and to the multiplexerﬂ- When T2
is "ON" the two 10K resistors form a voltage divider clampiﬂg the base
of T4 at near ground potential and preventing passage of theaglock
pulse. The IN695 diode, which has a 0.6 volt forward charactéristic,
holds the base-emitter junction of T4 in a reverse bias conditibn, it
provides a current path to keep Tl "ON'", and it prevents the application
of a positive voltage on the input line from the Clock.

Control voltages for the Gate are provided by the Speech Detector
and the 'sixth stage of the Counter. A zero voltage (ground) on either
of these lines will act as an inhibit voltage to prevent passage of the
clock pulse to the muifiplexerﬁ The Speech Detector control line has
zero volts, -10 volts, or an open circuit depending on the Speech Detec-
tor-output level- and -the position of;S2.. Only :the zero-volt: level will
inhibit passage of the clock pulse. The control line from the Counter
sixth stage has a zero volt level applied when the Counter is in the
"I'" state and a -10 volt level when the Counter is in the "Q" state.
Thus the clock pulse passes through the Gate only when the sixth counter
is in the "0" state and when either S2 is open ('OUT" position) -or the .

Speech Detector output is -10 volts.

3.2.5 Pulse Shaper. During the sampling of the last input chan-

nel, the multiplexer’places a zero volt.pulse, from a -10 volt level,

on -a special output line which is called the "End Ffémé"g- This pulse
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is used to advance the counters and to reset the Sweep Generator in
preparation for the next sweep. When stepping at a 50 KHz rate, this
pulse is about 15 psec in width. The Pulse Shaper inverts the pulse
and provides a low impedance drive for stepping the '"1'" bit counter
stage and turning off the Sweep Generator Control multivibrator. The
circuit is shown in Figure 3.8. The Germanium diodes provide a turn-on

bias for the Germanium output transistors.
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3.2.6 Counter. The Counter consists of six bistable multivibra-

tors with the necessary triggering and readout circuitry. Each counter
is identical to that shown in Figure 3.9 except that the control signal:
to the gate is taken from only the sixth counter. Each stage is trig-
gered by a negative going level change which is differentiated to a
negative going spike by the 470 pfd input capacitor and the 13K resistor
to ground. The negative spike passes through the input diodes and
changes the state of the counter by applying a negative pulse to the
base of the transistor . which is "OFF".

During the "0'" state Tl is '"ON" and thus has a near ground poten-
tial on its' collector. This voltage is applied by means of an isola-
tion emitter follower, T3, to a summing resistor which is shown in
Figure 3.10. When the counter stage is in the "1'" state the collector
of Tl is at -10 volts which is also passed to the,summihg resistor.

The negative going level change which is used to trigger the next
stage is taken from the collector of T2. This event occurs each time
the counter stage switches from the '"l1"-to the "0" state. This col-
lector voltage level in the sixth counter is also applied through an
isolation emitter follower, T4, to the OR circuit in the Gate. A "1"
state in the sixth counter stage applies a ground potential to the Gate.

This stops the sweep by blocking passage of the clock pulse.

3.2.7 Counter Amplifier and Vertical Summer. Each counter which

is in the "1" state applies a -10 volts on the left end of its' summing
resistor.which is shown.in Figure 3.10. The resistors are chosen to.be
inversely proportional to the .weighting value of the counter stage to

which they are connected. The result is that.the 2N910 transistor acts

as a current summing device and a current to voltage converter. The
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collector voltage is a series of negative going steps as the Counter
counts the first 32 pulses on the '"Scan Address End Ring'" line from the.

multiplexer. The 32nd

pulse switches the sixth counter (the '"32"
counter) stage to the '"1" state. In this conditioﬁ the 600 ohm summing
resistor draws a larger step increase in current than was drawn by the
other summing resistors. This larger current step is converted to a
larger negative voitage step which is used to remove the electron beam
from the viewing area of the CRT. The 2N315 transistor acts as an iso-
lation emitter follower for driving the vertical and horizontal summing
networks. The output terminal which is labeled "Steps Test Point" pro-
vides an access terminal on the Control Panel, as shown in Figure 3.11,
for viewing the voltage steps which are used to provide the sweep off-
set. The voltage waveform at this point is shown in Figure 3.12. The
31 uniformly increasing negative voltage steps are followed by the
larger 32nd step and then several small steps which have no effect be-
cause the beam is off the CRT face at this time. The 64th "End Frame'"
pulse zeros the counters when S1 is in the "CONTINUOUS'" position per-
mitting the sequence to repeat. If S1 is in the "SAMPLE" position the
sweep stops .after the 32nd sweep because the clock pulse is interrupted
by the gate action.
The Vertical Summer which is also shown in Figure 3.10 is a "Tee"
'resistance divider network. A 100K pot is used to attenuate the analog
speech amplitude. This "Speech Amplitude Control' is located on the
Control Panel in Figure 3.11. This method of summing would not .be
acceptable in most applications because the base voltage level from
which the.steps vary is dependent upon the position of the pot setting

and thus a DC offset occurs each time the Speech Amplitude Control is
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varied. This disadvantage is acceptable here because the Tektronix
RM 564 CRT has a vertical amplitude vernier control. If isolation were.

desired it could be achieved with a summing OA circuit.

3.2.8 Sweep Generator Control. The Burr-Brown Model 1663 Inte-

grator which is used as a sweep generator was found to drift badly any
time the reset voltage was not applied, even: though its' input was
grounded. Repeated and careful calibrations failed to improve its'
performance. The Sweep Generator Control.was conceived to provide the.
required positive control of the Sweep Generator and to provide a hori-
zontal electron beam offset during counter reset. The circuit which
provides this function is a bistable multivibrator with three control
voltages and three output voltages as shown in Figure 3.13. The right
side, T2, of the multivibrator is "OFF" only during the sweep. In this
condition the collector voltage of -10 volts is applied through a
resistance divider to provide a -2.4 volt input to the Sweep Generator.
When no sweep is desired this output is at ground potential.

The left side, T1l, of the multivibrator is '"ON" only during the
sweep. In this condition the zero volt. level on the collector results
in a ground potential being applied to the Sweep Generator Reset and to
the Horizontal Summer Sweep Offset. When no sweep is desired T1 is
"OFF", and the -10 volts on the collector is used as a signal, through
a resistance divider and separate emitter followers, T5 and T4, provide
a -6 volt level to the Sweep Generator Reset and the Horizontal Summer.

Three control voltages are used in the Sweep Generator Control and
are applied through 1N4381 Germanium diodes at the.bottom of Figure:
3.13. The Mode Control Switch, when in the '"RESET" position, supplies

-15 volts from switch level S1(D) to insure that the Sweep Generator is
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reset in preparation for the sweep condition. Otherwise it is . possible
to interrupt the clock pulses such that the Sweep Generator would go
into saturation, from which it takes typically 2 msec to recover, ac-
cording to the manufacturers' specification sheet (Appendix C). The
remaining two control lines are used to start and stop the sweep in
both the. "CONTINUOUS'" and '"SAMPLE" positions of S1. The start pulse is
taken from the multiplexer output line which is called the '"-A Scan
Sync'". This line provides a negative going 10 volt pulse, from a zero
volt level, of 15 usec duration. The time of occurrence can be set to
correspond to the sampling time of any of the 100 multiplexer input
lines, by :a thumbwheel switch on the front-of ‘the multiplexer.. For:
this system the first two input channels are not used. The thumbwheel
switch is set on channel number 2 in order to allow about 38 usec for
resetting the Counter after S1 is placed in the "SAMPLE" position.
Channels 3 through 99 are used for input from the TAT channels. The
100th input line is not used but this position on the muitiplexer pro-
gram panel is used to provide the "End Frame'.:(stop) pulse which:is -used
as an input to the Sweep Generator Control to stop the sweep and prevent

saturation of the Sweep Generator integrator.

3.2.9 Sweep Generator. The input wave forms and terminal con-

nections for the Burr-Brown Model 1663 Integrator which generates the
sweep, are shown in Figure 3.14. The input is determined by the posi-
tion of the Mode Control Switch, S1(C), which grounds the input in the
"RESET'" position and passes the -2.4 voit level from the Sweep Generator
Control in the "CONTINUOUS'" and '"SAMPLE" positions. The -6 volt reset
pulse must be a maximum of 40 usec in duration to reset the integrator

when saturation is prevented, as discussed in the previous paragraph.
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3.2.10 Horizontal Summer. The ramp voltage from the Sweep Genera-

tor is combined with three other voltages in a summing amplifier and
inverted as shown in Figure 3.15. The sweep voltage is amplified with

a gain of '0.75 and is used to move the electron beam horizentally across
the CRT display. The steps from the Counter are amplified with a gain

of 0.25 and are used to position each siiccessive sweep to the left of the
previous sweep in a manner similar to the vertical movement of the

sweep. The horizontal starting point for the first sweep is set by .the
+15 volt input and the amplifier gain of about 0.17. As described in
paragraph 3.2.7, the sweep offset moves the electron beam off the CRT

display any time a sweep is not in progress.
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3.2.11 Pulse Reset Generator. In order to insure that all counters

are in the "zero" state at the beginning of the first 64 msec speech
sample, when the Mode Selector Switch is moved to the ''SAMPLE" position
a 27 usec pulse of +12 volts is applied to the "RESET" input of each
counter. This pulse is provided by the circuit shown in Figure 3.16.
When S1(B) is placed in the ''SAMPLE" (Srd) position the voltage on the
base of T2 drops to -15 volts because Tl turns "OFF" after a delay de-
termined by the discharge of the 10 ufd capacitor which eliminates the
effect of ény switch chatter. This delay has no effect on the display
because the Gate is not opened until after the counters are reset. .The

transistors T2 and T3 make up a Schmitt trigger circuit in which a
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positive going pulse is passed through the 50 pfd capacitor to trigger
the monostable multivibrator. The pulse width of the output, which is
taken from the isolation emitter follower, T6, is determined by the
_discharge of the 470 pfd caﬁacitor through the 100K resistor. With a.
smaller ﬁc product, this circuit was demonstrated to be capable of pro-
viding a 1 usec pulse with less than 0.25 usec rise time.- It was later.
found that with positive control of the multiplexer and Sweep Generator,

the reset pulse width was not critical as long as it did not.exceed ‘the

2 msec time for the first sweep.

3.2.12 ‘Summary of Speech Sampler Controls. ‘The position of the

Mode Selector Switch (S1) and the Detector Switch (S2) determine the
display which i§ provided by driving the Vertical input to the CRT with
the Vertical Summer output and the Horizontal input‘to the CRT with the-
Horizontal Summer output. When S1 is in the "CONTINUOUS'" position S2
has no effect and the sequence of 64 msec of data display followed by~
64 msec of blank display is continually repeated. When Sl is placed'in,
the "SAMPLE'" position the single sample of 64 msec of data. (32 sweeps)
occurs immediately after the next clock pulse from the Gate if S2 is
"OFF" but occurs only after the Speech Tracker output reaches +6 volts

when S2 is "ON".



CHAPTER IV
THE FORMANT THEORY OF SPEECH PERCEPTION

4.1 Introduction. Research in speech synthesis and recognition

over the past several decades has been heavily influenced by the desire
to characterize all phonemes by a minimum number of parameters. Early
speech spectrograms tended to show that phonemes could be categorized
by grouping the harmonics in such a way that each phoneme could be
represented by no more than four parameters, called formants. The use
of formants has continued even to current research in spite of the in-
ability of this system of claséification to effectively specify phonemes
with sufficient precision to permit high accuracy recognition with
normal speech variations of a given speaker, or to permit the use of
multiple speakers. The purpose of this chapter is to describe the
formant classification system, to show some shortcomings of the method,
and to illustrate the additional information which is provided by the

high resolution filter bank described herein.

4.2 Formant Definition. The speech properties of frequency and

intensity as a .function of time can be determined either in real-time
by a parallel processing system or in non-real-time by recording the
speech and later playing it through a tunable bandpass filter. Early
spectrograms used the latter method, while more recent efforts to build
a usable recognition system employ the parallel processing method.

Either method reveals the fact that speech contains a fundamental
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frequency and many harmonics of varying amplitude as a result of the
shape and resonances of the vocal tract.

The fact that the harmonic amplitudes tend to peak in certain fre-
quency bands led to the grouping of several harmonics by the construc-
tion of an envelope or curve enclosing the harmonic peaks. The name
"formant" applies to this grouping. The "formant frequency" is defined
by Fant (33) to be '"... the position on the frequency scale of the peak
of the spectrum envelope drawn to enclose the peaks of the harmonics'.
The artistic license implied by the method of measurement is suggested
by the further guidance supplied by the same reference that:

When two formants come close or when the formant to
be measured is very low in frequency only one side
of the formant 'mountain' may be visible and the
estimate has to be based solely on this information.
In such cases it pays to go to the broad band spec-
trogram and determine the center of the formant band.,

Other formant characteristics which have been used are formant
level (amplitude) and formant bandwidth, but Fant considers these to be
redundant measurements because they are well correlated statistically

with formant frequency which has a natural range of variation for non-

nasal voiced sounds uttered by an average male speaker as follows:

Formant Number Range of Variation (Hz)
F1l 150 to 850
F2 500 to 2500
F3 1700 to 3500
F4 2500 to 4500

4.3 Vowel Specification by Formants. The most extensive cata-

loging of data on vowel formants which was found in the literature
search was conducted at Bell Telephone Labs almost 20 years ago and re-
ported by Peterson and Barney (34). In this research 20 words were

spoken by 76 speakers and the frequency of each formant was computed by
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estimating a weighted average of the principal frequency components of
each formant. The authors pointed out that in cases where the frequency
distribution, within a formant, is asymmetrical the difference between
the estimated formant frequency and that which would be assigned by the
human. ear, may be appreciable. Further evidence of the non-uniqueness.
of formant representation of phonemes is provided by a plot of-thé fre-
quency of the first formant, Fl, versus the second formant, F2, for the
Peterson and Barney data, which is reproduced in Figure 4.1, The curves
were drawn to include about 90 percent of the data points for each
phoneme and both male and female speakers were used. The authors sug-
gested that some overlap might be removed by considering male and female
data separately but Gerstman (35) used the same data and found that no
significant differences in F1 or F2 were revealed when separate averages

were plotted for male, female and child talkers. Gerstman concluded

that, for a single speaker, the first and second formants are sufficient
for vowel classification. Support for this observation was. provided by
numerous others including Fairbanks and Grubb (36); Flanagan (9);
Campanella and Phyfe (37); Forgie and Forgie (38); and Pols, et al.
(39), who found that their error rate in recognizing vowels was.reduced
from 13 percent when only F1 and F2 were used, to 9 percent when F3 was
added.

Table IV shows the average frequencies of Fl, F2 and E3 separated
by men, women and children for the data which is plotted in Figure 4.1.
It is useful for comparison with the spectral data which can be obtained
from a high resolution spectrum analyzer.

The greatest accuracy of measurement necessary to specify formants

was estimated by Flanagan (40) to be +20 Hz for F1l, +50 Hz for F2 and
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40 T 800 - 1206
FREQUEICY OF Fy IN CYCLES PER SECOND .

Figure 4.1. Fli Versus F2 for 10
Vowels Spoken by
.76 Speakers {34)

+70 Hz' for F3. ' These numbers were arrived at through psychoacoustic
experiments and represent the smallest change which could be detected
by a listener. The assuﬁption is implied that human perception is

based upon. formant tracking.

4.4 High Resolution Spectral Measurements. - Research in recent

years has produced considerable evidence that greater frequency resolu-
tion fhan was available, would be useful in improving vowel. recognition
techniques. In each case the recommendations have avoided a direct
assault upon the formant theory and have sought other parameters to
supplemeﬁt formant measurements., Martin {21}, for example, used the.

rate .of change of energy as a function of frequency to resolve



TABLE IV

AVERAGE PITCH AND FORMANT FREQUENCIES FOR 76 SPEAKERS1

Phoneme
i I € -ae a ] U u A 3

Pitch (Hz)
Men 136 135 130 126 124 129 137 141 130 133
Women 235 232 223 210 212 216 232 231 221 218
Children 272 269 260 251 256 263 276 274 261 261
Formants (Hz)

Men 270 390 530 660 730 590 440 300 640 490
F1 “~Women 310 430 610 860 850 590 470 370 760 500

Children 370 530 690 1010 1030 680 560 430 850 560

Men 2290 1990 1840 1720 1090 840 1020 870 1190 1350
F2 Women 2790 2480 2330 2050 1220 9é0 1160 950 1400 1640

Children 3200 2730 2610 2320 1370 1060 1410 1170 1590 1820

Men 3010 2550 2480 2410 2440 2410 2240 2240 2390 1690
F3 Women 3310 3070 2990 2850 2810 2710 2680 2670 2780 1960

Children 3730 3600 3570 3320 3170 3180 3310 3260 3360 2160 .

1From Peterson and Barney (34).

06
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"allophones": which he defines as.'speaker:dependent Viriations of
phonemes'. In this work Martin used a bank of 19 filters cach of which
had a Q of less than 8, in order to preserve temporal chapacteristics,
in his study.of connected digits. He used 155 speakers and collected
data on 34,000 digits in his research claiming 88 to 94 percent recogni-
tion accuracy.

Lecours and Sparkes .(14) used two filter banks-and compared the.
advantages of eachc One filter bank consisted of 32 active filters,
each with a bandwidth of 100 Hz. The second used 16 filters,; each
having a bandwidth of 200 Hz. The conclusions were that narrow-band
filters are superior for studying the '"formant structure' of vowels but
that the temporal transitions of the start and stop consonants require
the response of wide bandwidth filters. They suggest the use of a few
spectrum analyzers with different filtering characteristics.

An effort to include both the. fine frequency resolution of a narrow
band system at the low frequencies (below 3000 Hz) .where most vowel in-
formation is contained, and rapid transient response at high frequencies
led Hughes and Hemdal (12) to the use of a roughly constant Q filter
bank which had 35 filters, each with a.Q of about 10. Their recommenda-
tion, along with that of other recent work (Bobrow and Klatt, 13) en-
couraged the choice of the constant selectivity (Q = 25) system which
was constructed as a part of this thesis.

The frequency resolution which is possible with the TAT system.is-
illustrated in Figures 4.2, 4.3 and 454. Figure ‘4.2 shows the system
display for the phoneme /i/ as in beet as voiced by a male speaker at 8
different pitch frequencies which are spaced over one octave. The

microphone input was used and, for these figures, the gain
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characteristic of the driver amplifier was flat over the speech spec-
trum. Thus amplitude comparisons can be made between.the pitch and the
harmonics which make up the first formant, all of which are found to
the left of the center (F(50) = 832 Hz) of each photo. Martin (21) re-
ported the energy content of speech to be flat within +3 db up to about .
800 Hz above which it decreases at about 6 db/octave.

In Figure 4.2 it can be seen that for a pitch of 100 Hz the ener-

d and 4th harmonics are about equal to that of the funda-

gies of the 2"
mental but the Srd harmonic energy is much lower.. Use of formant theory
would dictate the sketching of an imaginary envelope over these peaks
(excluding the fundamental) and arriving at an F1 of about 300 Hz. 1In-
creasing the pitch to 110 Hz however results in an asymetric envelope

of the-2nd, Srd and 4th harmonics which is caused by an increase in the.

2nd d

and 3¢ harmonic amplitudes and a decrease in the,4th harmonic. The
speech analyst is thus forced into a decision on whether to use the
envelope technique which would yield an F1 of about 270 Hz or to use the
center of the frequencies present which would yield an F1 of about
330 Hz.

The dramatic shifts in energy peaks as a result of small pitch
changes are shown by further increasing the pitch to 123 Hz. The 2nd
and 4th harmonics drop sharply while the Srd remains about the same re-
sulting in an F1 of perhaps 320 Hz. Further increases in pitch show
similar changes and shifts in F1 which would understandably account for.
the large areas of overlap and uncertainty in formant plots similar to
that of Figure 4.1. The higher pitch frequencies force the voice into

a near falsetto condition which is probably.of limited interest in

speech recognition but the effect on the energy structure is dramatic
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as is shown at the 196 Hz pitch in Figure 4.2 where a vocal tract

d

resonance at the 2" harmonic suddenly appears. Figure 4.3 shows the

same data for the phoneme /a/ as in got but for this sound the strong
2nd harmonic resonance does not occur at the pitch of 196 Hz. In
Figure 4.4 the resonance shifts are shown for the phoneme /u/,as in.
boot.

The shifts in resonances which are shown in these figures are
representative of the variations which can be expected in normal speech
either by a single speaker who is permitted to speak without controlling
his pitch, or in comparing the same phonemes as spoken by several
people. Flanagan (40) reported that a male voice reading factual mater-
ial varied in pitch usually no more than about one octave. The data
which has been presented show that formant coding does a rather poor
job of representing the information which is available from a high
resolution filter bank system for various pitch frequencies. It is

suggested that.a better coding system may be necessary in order to

normalize speech for pitch variations.



CHAPTER V
DOCUMENTATION OF PITCH EFFECTS ON PHONEME SPECTRA

5.1 i Introduction. The high resolution spectral analysis system

which was described in Chapter II was used to prepare a data set of
eleven phonemes, each voiced over a one octave range of pitch frequen-
cies. Verification of the amplitude normalized data set is made by.
comparisons with oscilloscope photographs of the system output. A des-
cription of the documentation technique and computer. interface equip-

ment is included.

5.2 The Data Set. In order to provide a data base for the future-

development of pitch normalization techniques, the eleven phonemes

which are shown in Table V were selected from the International Phonetic
Alphabet of -the English Language. The first 8 are classified as vowels,
the /9r/ and /1/ are semi-vowels and /n/ is a nasal consonant. Those
pairs of phonemes which are difficult for the human.listener to dis-
tinguish, were intentionally avoided because they would probably not be
used in the selection of a language for automatic recognition. Three
male and two female speakers with typical mid-western speech character-
istics were used. The male speakers voiced each phoneme .at pitch fre-
quencies of 100, 110, 123, 130, 146, 164 énd 174 Hz. The female
speakers voiced each phoneme at 164, 174, 196, 220, 246, 261 and 294 Hz.
These‘frequencies were selected from Grays' American Institute of -

Physics Handbook (41) as the scale over one octave within the range of
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the male and female voices.

LIST OF SELECTED PHONEMES

TABLE V

98

Phoneme Phoneme Phoneme Phoneme

Number Number
1. /ae/ as in bat /3/ as in,bgﬁﬂ
2. /e/ as in ate 8. /u/ as in boot .
3. /e/ as in bet 9. /3r/ as in burr
4. /i/ as in beet 10. /1/-as in let
5. /o/ as in got 11, /n/ as in net.
6. /o/ as in go

5.3 Method of Data Collection.

The high resolution spectral data

was collected, normalized and punched on computer cards by the IBM 1620

Digital Computer with the associated analog-to-digital conversion equip-

ment. The TAT System interface with the computer is shown in Figure 5.1

and control of the data collection is provided by the Computer. Interface

Switch, S3, which is shown in Figure 5.2.

The 97 TAT channel outputs

plus the Speech Tracker output are time multiplexed on the analog output

line and then converted by the Interface Terminal to a digital signal

for input . upon-command by the IBM 1620 Computer.

A one second time

constant integrating capacitor was added to each multiplexer input line

to reduce amplitude fluctuations while that channel output is being

sampled by the computer.

This could be used only when taking data on
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sustained phonemes in an interval where speech transient characteristics
were minimal.

The data sampling technique and operation of the computer.interface
equipment is outlined with reference to Figures 5.1 and 5.2 and the
Phoneme Reading Computer Program which is listed in Appendix E. In
preparation for data taking the computer goes into a hold condition
indicated by the "PAUSE" statement. S3 is initially in position 1 and
the multiplexer therefore steps at a SQ KHz rate as determined by the
clock pulse from S1. A continuous spectral display, on the oscillo-
scope, is provided of the phoneme being voiced into the microphone.

This is observed by the speaker who then adjusts his pitch to the
desired frequency. When the pitch is correct and the desired phoneme.
is being clearly voiced, the operator moves S3 to position 2, which
provides a -10 volt signal to reset the multiplexer to Channel 00. The
operator then moves S3 to position 3 and starts the. computer by pressing
the remote "Start" button. S3 switches the multiplexer clock input to
accept the pulse from the Stepping Pulse Generator which is triggered
by computer command on Control Line 1 (CL-1). The circuit is shown in
Figure 5.3. CL-2 controls an indicator light which, when illuminated,
signals the fact that the computer is ready to accept data and when not
illuminated indicates that the computer has completed the sampling of
all 98 inputs-and is processing the data. The analog signal from the
multiplexer which varies between Ov and +5.5v is attenuated by the
voltage divider, shown in Figure 5.1, to be compatible with the +4.99v
maximum permissible input to the analog-to-digital converter.

The data set consists of eleven phonemes, each of which is voiced

by each speaker at seven pitch frequenices. A total of 385 phonetic
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Figure 5.3. Stepping Pulse Generator

spectral records are tabulated in normalized form and plotted as con-

tinuous curves showing spectral energy distribution.

Table VI shows

the identification of speakers and the fact that the first three

speakers were male and the last two were female.

The Phoneme Reading Computer Program which is listed in Appendix E

normalizes each TAT channel output to a number between 99 and zero by

the equation:



102

TABLE VI

LIST OF SPEAKERS

Speaker Number Initials | Sex
1. J.M.M. M
2. J.W.M. M
3. J.E.B. M
4, T.H.B: F
5. F.

C.C.S.

PHONEME (K) = (PHN(K)/TM)99

Where: PHONEME(K) is the normalized amplitude for TAT Channel K which
is tabulated in Appendix D;
PHN(K) is a number in computer storage which is 20 times the
output voltage of TAT Channel K;
TM is a number equal to 20 times the largest output voltage of
the 97 TAT channels; and |

1<Kz o97.

The data tabulation in Appendix D shows the normalized output with
20 TAT channels per line starting with Channel 1 in the top left corner
and continuing to Channel 97 at the bottom. Also shown at the top of
each listing are TM (defined above) and ST which is a number equal to
20 times the output voltage of the Speech Tracker circuit. ST is thus
a measure of phoneme loudness.

Figufes 5.4, 5.5, and 5.6 show comparisons of the CRT display with

the computer sampled data which has been plotted with the aid of the
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Figure 5.4. Comparison of CRT Display With the Computer Sampled
Data for the Phoneme /ae/ as in Bat



b dd vt o g

ES S5.AELARLINLME A 200 I I (6 B e A A 1 2 I

-4
-

-+ R

T -l

-

-4 B -
B S S
-

Amplitude
(volts)

. 3
| groine—
-
-
-+

}
Lj.l”
44

10 30 50 70 90
Channel Number '

88

NORMALIZED
50
AMPLITUDE

0
CHANNEL NUMBER
BPERKER= 8 PHONEME= % PITCH= 1288

Figure 5.5, Comparison of CRT Display With the Computer Sampled
Data for the Phoneme /i/ as in Beet

104



4 o
Amplitude 2 ‘;‘Eé‘.‘
(VOltS) IIVI::I\'II
0
I
A R I “_~@C-,
10 30 . 50
" Channel Number
88.-
NORMARLIZED
504
AMPLITUDE

e
¥

@ -
. CHANNEL NUMBER 1t
SPERKER= 8 PHONEME= B PITCH= 130

Figure 5.6. - Comparison of CRT Display With the Computer Sampled
Data for the Phoneme /u/ as in Boot"

105



106

Calcomp 565:Plotter; The CRT display i$ -smoothed with a 3.5 usec time-
constant integrating RC network in series with the vertical input. In
Figure 5.4 the phoneme /ae/’is recorded and the computer generated plot
can be seen to be an accurate representative of the spectral pattern
even though the computer sampled the data at a.much slower rate. Some
differences are to be expected because the CRT image could not be photo-
graphed during the computer sampling. The 50,000 Hz clock was used for
the CRT display whereas during the time the computer was sampling the
data the channels were sampled at a rate of about 30 channels per
second. The second and fourth harmonics are slightly weaker .in the
photograph than in the plot.

In Figure 5.5 the phoneme /i/ is compared and the spectral displays
are virtually identical. In Figure 5.6 the phoneme /u/ is different
only in the second harmonic which is slightly lower in the photograph.
This is partially due to the smoothing effect of the integrating circuit.

In addition to the tabulation of normalized channel output voltage,
maximum channel output voltage level and Speech Tracker output voltage
level, Appendix D also confains a computer generated plot of each of
the phonemes. The plots are ofganized by speaker and phoneme so that
by scanning vertically down the page, the effect of increasing the
voice pitch can be observed. It is clear that dramatic changes in
spectral patterns take place as the pitch is varied. These changes
very likely-account for the poor results of previous research with

multiple speakers.



CHAPTER VI
PHONEME TRANSITIONS

6.1 Introduction. The spectral transitions which occur in natural

speech have been studied in much less detail than have the properties of
sustained phonemes. The sonagram or spectrogram recordings, which have
been made by numerous research groups; used comparatively wide bandwidth
filters (150 Hz) and time resolution was typically 20 msec (Halle, et
al., 42). Recently numerous authors have recognized the importance of
these transitions in automatic speech recognition because phonemes in
connected speech are heavily dependent upon thé muscular tensions and
vocal tract shépe due to previous and anticipated phonemes. Any
recognition scheme must be able to distinguish phonemes either indi-
vidually or in connected groups.

The three dimensional display system which was functionally des-
cribed in Chapter III waé used to make several recordings by .Speaker 3
of spectral transitions which are discussed in this chapter. The pur-
pose of this chapter is to demonstrate the capability of this recording

method for the study of phoneme transitions.

6.2 The Sampling Technique. In the study of spectral transitions

of phonemes it is necessary to first determine the important parameters
for discrimination and then to optimize the recording and display
methods to minimize the irrelevant data and to emphasize the.useful

features. A pilot effort to identify these features could use the

1N7
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display system which was described in Chapter III. It provides a sample
of each TAT channel output with a time resolution of 2 msec over a
period of 64 msec. The sample is synchronized with the initiation of
voicing by means of a Speech Detector which has a responsé'time constant
of 1.24 msec which is the same as the time constant of the.fastest TAT
channel. The first trace starts about 1 msec after initiation of
voicing. The 64 msec duration was a limit imposed by the CRT resolution
and available photographic.recording instrumentation. Thomas, et al.
(43) reported that .the average duration of all phonemes is between.70
and 80 msec but that vowels are typically 200 to 300 msec in length.
He also found in human perception experiments that vowel recognition
decreased significantly for durations less than about 125 msec.

Further study may show that less resolution than 2 msec and a
larger sample than 64 msec would be desirable. It may also reveal that

only certain frequencies need be considered.

6.3 Examples of .Phoneme Transitions. In order to illustrate the

capabilities of this display, recordings were made of the transitions
between all combinations of the vowels /ae/, /e/, /e¢/ and /i/ as pre-
ceded by the stop-consonants (sometimes called plosives) /b/, /g/, /d/
and /t/. These combinations are illustrated in Table VII.

The récording of each transition was preceded by observing each of:
the phonemes individually and together by means of the oscilloscope
display which was deséribed in Chapter II. The use of a Hewlett Packard
Model 1300 XY Display which provided a real time 10 inch by 10 inch CRT
image revealed (within the limitation of the TAT channel response times)
the channels in which the spectral changes could be observed over a

longer time interval than is possible with the Speech Sampler Display.
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The three dimensional display can then be used with a transparent over-

lay to determine the rate of spectral changes.

TABLE VII

Phoneme Transitions

1. /b/+/ae/ as in bat. 9. /d/+/ae/ as in dad
2. /b/+/e/ as in bait 10. /d/+/e/ as in day

3. /b/+/e/ as in bet. | 11. /d/+/e/ as in debt
4. /b/+/i/ as in beet 12. /d/+/i/ as in deep
5. /g/+/ae/ as in gab 13. /t/+/ae/ as in tab.
6. /g/+/e/ as in gay 14. /t/+/e/ as in taste
7. /g/+/e/ as in get 15. /t/+/e/ as in tent.
8. /g/+/i/ as in geese 16. /t/+/i/ as in teeth

Figure 6.1 shows the energy burst of the phoneme /b/ and the tran-
sition to the phonemes /ae/ as in Egp, /e/ as in bait, /e/ as in bet
and /i/ as in beet. The-/b/ is a weak phoneme and therefore causes a
slow build-up of voltage from even the highest frequency channels which
respond fastest. The response time constant (1) of each bandpass filter
is given by 1 = 25/wF0, where FO is the resonant frequency. It is seen
in Figure 6.1 that the transition to the second phoneme takes place in
about 26 msec.

The transition of the tongue controlled /g/ into each of the vowel
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phonemes takes place in about 45 msec as shown in Figure 6.2. The /g/
begins with a broad spectral burst in the 2,000 to 5,000 Hz band which
is separated by several msec from the following phoneme except in the
case of the /e/ sound.

In Figure 6.3 the energy burst of the phoneme /d/ can be seen to
be concentrated in the region of about 4,000 to 5,000 Hz. The second
phoneme begins about 20 to 40 msec after initiation of voicing. The
high frequency components appear about 20 msec earlier than the low
frequency components. Only about half of this difference could be due
to the response of the filters.

The phoneme /t/ is shown in Figure 6.4 to consist of a strong
burst of energy in the 3400 to 4900 Hz band and, for the limited data
which was taken, there was always a period of silence of about 15 msec
between the /t/ and the sound which followed it. If this characteristic
is confirmed by a more complete study, it may be useful as an identifi-

cation parameter.

6.4 Other Uses of the Speech Sampler Display. The display can be

started after.some fixed interval from the start of voicing by any
method which controls the delay. of the pulse from the Speech Detector.

A simple and effective method was found to be the use of the 100 ufd
holding capacitor on the Speech Tracker, as was used in Chapter V for
reading the voltage by the computer. This delays the start of the sweep
to about 200 msec from the initiation of voicing. The sampling interval
and sampling duration remain 2 msec and 64 msec, respectively. Figure
6.5 uses this delay and shows four phoneme transitions which were

voiced at a much slower rate than normal. In each case all filter

channels have had sufficient time to respond to the first phoneme and
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are in varying degrees of transition into the second phoneme. The /g/
in the./g/+/i/ transition is seen to be stronger and held longer. than
in the /g/+/¢/ transition.

Figure 6.6 shows three samples of the /b/+/ae/, as in bat, transi-
tion in which.an energy shift is moving upward from about channel 58,
This is converted by Table I to.a frequency shift from about 1200 Hz to
about 1500 Hz, during this time interval. In like manner, delayed
samples of /b/+/e/, /e/ and /i/ are shown in Figﬁre 6.7. Slow voicing
of the /b/+/e/ as in bait results in a narrowing of the energy in the
1100 to 1700 Hz region. In the case of /b/+/e/ an increasing peak is
seen at about 2500 Hz. A decrease in energy at about 350 Hz occurs in
the /b/+/i/ sound.

Not only can. the start of the display be delayed but also the dura-
tion of the display could be increased by changing the rate of clock
pulses which step the multiplexer from channel to channel. If more.
accurate frequency discrimination is desired the programming panel of
the multiplexer can be changed to display only those channels of
interest.

A confirmation of the speed of response of each of the high fre-
quency filters can be seen in most of the voiced recordings in this
chapter. A careful inspection of the high frequency responses reveals
that they have a period of fluctuation of about 8 msec. The output of
the high frequency group goes to zero about every fourth trace. This
corresponds to the rate of pitch excitation and is caused by the decay
of the filters between glottal pulse excitations. The harmonics to
which these channels respond are created by resonances of the vocal

tract which are excited by bursts of air released by the opening and
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closing of the glottis at the pitch rate, At a pitch of 125 Hz the
glottis releases a burst of air into the vocal tract every 8 msec. A
Laplace transform analysis of the TAT channels shows that the one-time-
constant decay times of channel numbers 55 and above are less than-the

8 msec spacing between the glottal pulse excitations.



CHAPTER VII

PHONEME RECOGNITION

7.1 Introduction. The variation of phoneme spectral characteris-

tics with pitch changes, which can be seen by scanning the data in
Appendix D, underlines the importance of finding the key features for
identification; Visual inspection of the plots, however, provides more
discouragement than ideas for simple detection of unique characteris-
tics. This chapter is devoted to the application of a machine-learning
algorithm to the problem of automatically identifying phonemes pre-
sented in the form of multi-element vectors of the typé produced by the

system described herein.

7.2 A Recognition Algorithm. The development of -a machine recog-
nition scheme which can consider a large number of descriptive elements
and provide the most likely identification of an unknown input is based
upon a paper titled "Experiments in Machine Learning'" by V. W. Bolie
(44). Numerous simplifications were made to tailor the machine learning
process to speech inputs and to limit the reference vector (phoneme)
adaptation process to a training period after which the reference vec-
tors were not changed. Furthermore, the reference vectors for each
phoneme contained only 40 elements in order to reduce computational
time and reduce the memory required of the IBM 1620 Computer. A
listing of the program is contained in Appendix E.

A 40 element reference vector which is an average of three input

17N
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speech samples, for each of three phonemes, was calculated by the
formula,

A(1,J) + A(2,J) + A(3,J)

R(I,J) = :

where: I is the phoneme number;
AM,J) is the normalized amplitude of phoneme sample M, element
J and;

1 < J < 40, representing TAT channel numbers 48 through 87.

The selection of only channels 48 through 87, covering the spectral band
from 763 to 4150 Hz, was made in an attempt to avoid the radical energy’
shifts which occur at lower frequencies as the pitch is changed. It

was hoped that.for some phonemes, a pitch independent recognition
parameter might be discovered.

Also calculated during the learning phase is a 40 element tolerance
vector for each reference phoneme. The tolerance vector is a measure
~of the amplitude variation of each of the filter bank channels for the .
pitch values which were selected for machine training. It is calculated
by the relation,

AMAX1 (J) - AMIN (J)

T(I,J) = >

where: AMAX1(J) is the largest amplitude of element J among the 3
training vectors .chosen to represent phoneme I and;
AMIN(J) is smallest amplitude of element J among the same

training vectors.

At the conclusion of the learning phase the machine has in storage
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a reference vector and a tolerance vector for each phoneme which was.
chosen for identification. An unknown phoneme (stimulus vector) is
then read into the machine and a discrepancy vector is calculated by

use of each of the reference and tolerance vectors, according to

B S(J) - R(1,J)
b(D) = 75 :EE: 1+ T(1,9)

where: S(J) is element J of the stimulus factor.

The discrepancy vector is used to calculate a single element out-
put for each of the reference phonemes, the size of which indicates the
degree of closeness of fit between the unknown and the stored reference

vector. The output vector is a number between 0 and 99 calculated by,

W =1 ig%TTj

The purpose of the tolerance vector as used here is to weight each
element of the discrepancy vector according to the repeatability of the
voltage from the_correéponding filter bank channel for the different
pitches used in the calculation of the reference vector.

The'calculatibn of each of these vectors is somewhat different
from the methods used by Bolie (44). In calculation of the discrepancy
vector numerous combinations were tried to find the one which best
identifies the correct phoneme. For example it was discovered that just.
reversing the sequence of (1) summing the terms and then squaring, or
(2) squaring each term and then summing, resulted in the improvement of

the ratio of correct W to incorrect W by from 20 to 60 percent and
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increased the number of correct recognitions by 11 percent. In a like
manner the squaring operation increased the W ratio by 25 percent.

In the caiculation of the output vector it was found that division,
with -the addition of a constant to prevent divisiqn by zero, resulted
in a significant savings in computer time over the use of an exponential
function.

The time required for these algorithms was surprisingly short. For
example the learning process using three phonemes at three pitches each,
was only about 5 minutes. An unknown sound which was already normalized

could be read in from IBM cards and recognized in less than one minute.

7.3 Identification Accuracy. The phonemes /ae/ as in bat, /e/ as

in ate and /i/ as in beet were used to test the recognition algorithm.
The data which is tabulated and plotted in Appendix D for speakers 1,

2 and 3 at pitches»of.llo, 130 and 164 Hz, was read into the computer
and used for.calqulation of the reference and tolerance vectors. The:
success of the algorithm in correct identification of the phoneme /ae/
at all of the recqrded pitch frequencies for the three male speakers is
shown in Tables VIII, IX and X. The response number is the output vec-
tor, rounded off to the nearest whole number, and varies from 99, for a
perfect fit between .the stimulus vector and the reference vector, to 0
which represents a very poor fit. In each case the missed identifica-
tions are labeled with an asterisk.

In compiling the results which are shown in Table VIII the refer-
ence.and tolerance vectors were calculated from the data of speaker 1.
The use of the phoneme /ae/ as a stimulus vector resulted in perfect
identification of .all of the speaker 1 data even at pitches different

from thQse'for which the machine was‘trained,. It can be seen that the
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RESPONSES OF THE SPEAKER-1-TRAINED MACHINE TO THE PHONEME /ae/.

Stimulus Reéponse
Miss
Speaker Pitch (Hz) /ae/ /el /i/
100 638 5 5
110 66 5 1
123 33 2 1
1 130 66 2 2
146 72 5 4
164 69 3 4
174 15 3 3
100 11 3 2
110 19 6 4
123 4 5 2 *
2 130 12 3 2
146 13 18 8 *
164 32 34 17 *
174 41 38 19
100 47 30 11
110 41 48 31 *
123 48 43 32
3 130 41 43 47 *
146 42 45 25 *
164 27 15 9
174 14 8 2




RESPONSES OF THE SPEAKER-2-TRAINED MACHINE TO THE PHONEME /ae/-

TABLE IX.
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Stimulus Response'
Miss
Speaker- Pitch (Hz) /ae/ /el /i/
100 26 3 1
110 93 75 * .
123 6 58 37 *
1 130 17 1 42 *
146 32 3 97 *
164 18 6 2
174 33 2 2
100 30 41 56 *
110 71 77 *
123 15 4 54 *
2 130 75 41
© 146 61 2 2
164 64 43 3
174 34 28 6
100 17 9 5
110 21 2 2
123 23 40 18 *
3 130 21 29 18 *
146 18 12 14
164 14 12 7
174 7 2 3
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TABLE X

RESPONSES OF THE SPEAKER-3-TRAINED MACHINE TO THE PHONEME /ae/

Stimulus Response
: Miss
Speaker Pitch (Hz) /ae/ /e/ /i/
100 3 11 6 *
110 3 72 1 *
123 1 2 1 *
1 130 1 4 2 *
146 2 9 4 *
164 11 8 5
174 2 7 2 *
100 61 5 2
110 1 8 2 *
123 ' 58 4 1
2 130 96 4 1
146 2 16 6 *
164 3 33 18 *
174 7 32 17 *
100 28 7 9
110 84 24 29
+123 54 26 44
3 130 77 30 44
146 58 20 20
164 67 11 6
174 8 1 3
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machine failed in 3 out of 7 pitches when each of the other speaker
data sets were used as the stimulus vectors. The confidence that a
correct choice wés made is also seen to be significantly lower. even for
the correct identifications of the speaker 2 and 3 data as indicated by
the much lower ratio of response number for /ae/ to that of the other
sounds.

Table IX shows the results when the same stimulus vectors are used.
but the machine was.trained using speaker 2 data. 1In this case it had
difficulty in distinguishing between the phonemes /ae/ and /i/ at the
lower pitch frequencies when voiced by speaker 2 and confused./ae/ with
both /e/ and /i/ for the speaker 1 stimulus vectors. The speaker 3
input data resulted in correct identifications in 5 of 7 attempts but a
low confidence is_ihdicated by the small numbers.

The use of speaker 3 as a reference resulted in perfect identifi-
cation of stimulus vectors of that speaker and the reflection of good.
confidence in the degisiéns as revealed by Table X. However, the
algorithm failed in 10 of the 14 attempts to identify the data of other
speakers and showed good confidence in only 3 of the decisions,

The results of tests with this algorithm and the use of only data
between 763 and 4150 Hz are typical of the multiple speaker results of
other researchers, although the success with single speakers and mul-

- tiple pitches was encouraging. Before extension of the spectral band
-to the lower frequengies 6r modification of the recognition algorithm,
it might prove instructive to tabulate the results of training the‘
machine with many phoneme combinations and the use of several male and
female voices.

On the basis of this preliminary information it appears that
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additional research will need to be focused on the problem of trans-
forming each stimulus vector into a form which is invariant to speaker
differences. The coding techniques for such a transformation are yet
to be discovered. - The high resolution spectral filter bank system
which was built as a part of this thesis should provide an adequate

data base for such additional research.

7.4 Computer Operation. The assistance in computer programming

and equipment operation, in taking the data for this chapter, provided
by Electrical Engineering students J. W. Mabray and R. B. Johnson is

gratefully acknowledged.



CHAPTER VIII

SUMMARY AND CONCLUSIONS

8.1 Summary. This thesis is devoted to high resolution studies

of speech sounds, including the development of the necessary hardware.
The included audio filter bank has 97 channels each of which has a Q of
25 thus providing more than a doubling of selectivity of the best pre-
vious system. The 100-6400 Hz breadth of the spectrum covered is
believed to contain all of the speech information which is significant .
in recognition for pitches above 100 Hz.

The formant theory of speech perception which has been the basis

for most previous speech research, for both identification and synthe-
sis, is examined with the aid of the high resolution spectral data.
The loss of detail 'in the smoothing process of calculating formants is
illustrated and offered as a possible reason for the failure of speech
recognition systems to accommodate different speakers and pitch varia-
tions.

A method has been developed whereby the output of all spectral
filters, when responding to sustained phonemes, can be read into the
IBM 1620 Computer. This was used to compile a data set of 11 phonemes,
spoken by 3 males and 2 females, each at pitch frequencies varying over
one octave. The-data is tgbulated in normalized form for use by others
in future speech recognition research. Plots of all 385 phoneme

samples, which were made with the use of the Calcomp 565 plotter, are

129
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also included for visual inspection.

Phoneme transitions in.connected speech are examined by means of
the three dimensional oscilloscope display system which was designed
and built as a part of the research. Photographs are\includeq which
show the capability of . the system to accurately measure energy shifts
as a function of time. The differences in several stop-consonant-vowel.
transitions are also illustrated. Methods for.varying the display
starting time, duration of the sample, sampling rate and spectral band
to be displayed, are outlined.

A machine~1earning algorithm was modified and applied to the prob-
lem of automatically identifying selected phonemes presented in.the
form of multi-element vectors of the type produced by the high resolu-
tion filter bank. A preliminary test of the algorithm using spectral
data restricted to the 763-4150 Hz frequency:range resulted in near-
perfect recognition .of phonemes spoken.by the person whose data had
been used to train the machine. vRather poor recognition scores for.

other speakers were obtained.

8.2 Significant Conclusions. The failure of the formant theory

of speech perception to provide orthogonal descriptions for speech of
different speakers has only recently been recognized. Martin (21), for
example, added to his formant data, the rate of change of energy with
frequency in his attempts to develop a digit recognition scheme. Mundie
and Moore .(24) are using temporal shifts. This thesis has provided a
basic research tool which preserves the detailed spectral characteris-
tics of speech. Data has been collected which argues for a more des-
criptive measure of phoneme spectral detail than has previously been

thogght necessary. The data set which is provided iq Appendix D could



131

be used for a preliminary effort. The three dimensional display further
provides a means for study of phonemes in connected speech which may.
vary considerably from the same phonemes spoken in isolation. The
recognition algorithm is shown to be very effective in recognition over
a wide range of pitch frequencies for a single speaker. Significant
improvements in automatic speech recognition should be possible-through
additional research using a number of both male and female speakers,
particularly if a transformation can be déVeléped which will make the
filter bank outputs invariant with respect .to pitch and speaker

differences.
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APPENDIX A
SUMMARY OF ABBREVIATIONS

This appendix includes a listing in Table XI of the abbrevia-
tions which have been .used in this thesis. In addition, resistance is.
in ohms and capacitance:is in micro-farads in all of the figures unless

otherwise indicated.
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TABLE XI

SUMMARY - OF - ABBREVIATIONS

Abbreviation | S Definition
SEF- Single Equivalent Formant Frequency
SEFA Single Equivalent Formang Amplitude
TAT Tuned Amplitude Tracker
E Input. voltage
\Y Output voltage
Y2 Admittance of zth branch
A Gain
R Resistance
C Capacitance: .
Q Bandpass filter selectivity .
Q1 | Feedback parallel LC selectivity
F Frequency
Fo Resonant frequency
F(X) Resonant frequency of channel’K
T 1/21TFo
k Feedbagk ratio
rp Equivalent resistance in.pgrallel with ideal L and C
! T Equivalent resistance in series with ideal L and C
Xp Parallel LC reactance
Xs Equivalent series reactance of a parallel LC
0A SN72 709N Operational Amplifier
LHPP Lﬁwer half power point frequency

UHPP - Upper half power point frequency
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TABLE XI (Continued)

Abbreviation Definition
msec milli-seconds
nsec nano-seconds
usec micro-seconds
pfd pico-farads
ufd micro-farads (all capacitances are in ufd unless

otherwise noted)

CRT Cathode ray tube. oscilloscope.
LPF Low-Pass Filter.

ON Transistor is conducting

OFF . Transistor is not conducting

GPR Glottal Pulse Rate




APPENDIX B
ACTIVE NETWORK REALIZATION OF A 97-CHANNEL AUDIO FILTER BANK

The manuscript which comprises this appendix is a brief~desqription
of the audio filter bank which was constructed as a part of this thesis.
It has recently been accepted for publication in the Journal of the .
Audio Engineering Society. It includes the results of performance
measurements for the bandpass and low-pass filters which do not appear
elsewhere in the thesis. In addition, an explanation of the SN72 709N
OA frequency compensation which was developed by Dr. H. T. Fristoe, is

provided.
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ACTIVE-NETWORK REALIZATION OF A
97-CHANNEL AUDIO FILTER BANK

by

Victor W. Boliel, Harold T. Fristoez, and James E, Bakers‘

Introduction

Problems related to speech bandwidth reduction and automatic
speech recognition have been investigated in.various laboratories for
more than twenty years with increasing vigor but with decreasing hope
for simple solutions. A good summary.of the state of the art as of
1965 was given in.the two papers by Lindgren (1,2). The basic problem,
of course, is essentially one of efficient coding. It is well-known,
for example, that English text can be transmitted at a rate of 120
words per minute by means of a fifty-bit-per-second synchronous binary
teletype code. Hence, the utilization factor of an ordinary telephone
line can be increased by about two orders of magnitude if something
better than the present 'vocoder" technique can be devised as a real-
time coding scheme. The same coding scheme would naturally facilitate
real-time automatic speech recognition for verbal control of computers
and other machines. However, investigations of speech signals thus.
far have not yet even resolved the relative merits of an aritificial

cochlea vs an audio filter bank as a preprocessor.

1Professor and Holder of the Albrecht Naeter Chair, College of.
Engineering, Oklahoma State University

2Professor of Electrical Engineering, Oklahoma State University

3Doctoral Candidate in Electrical Engineering, Oklahoma State
University
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Flanagan (3) made one of the first comprehensive attempts to elec-
tronically simulate the functions of the-basilar membrane; his model
accurately reproduced the impulse responses of the- successive adjacent
segments of the membrane, but did not simulate the biological property
of stripping off more.and more of the high frequency components of the-
acoustic signal as it travels around the cochlear spiral toward the
helicotrema. A more realistic but somewhat crude simulation of -the
basilar membrane functions was achieved by Glaesser, Caldwell, and
Stewart (4). Bolie (5) made refinements in the design of the Glaesser-
Caldwell-Stewart model of the basilar membrane, by use of a digital
computer to search through all the various network parameters. Cald-
well (6) studied the responses of the analog ear to sustained speech
sounds by extracting a 19-point sample of each cochlear pattern; cross-
correlation techniques were then applied in order to develop a confu-
sion matrix for eight voiced vowels and eight whispered vowels; the
procedure was not successful in separating the various speech sounds.
Guttman and Flanagan.(7) simulated the equations of the basilar mem-
brane on a digital computer and produced three-dimensional plots of
the transient propagation of high-pass-filtered pulse trains in order
to study pitch cues; the results tended to agree with the well-known
beat-frequency phenomenon. Mundie and Moore (8) used the Glaesser-
Caldwell-Stewart model of the cochlea to generate three-dimensional
terrain maps (vibration amplitude vs basilar-membrane distance and
time) for various speech phonemes. ‘Campanella and Phyfe  (9) used a
non-propagating 40-section (Flanagan) model of the cochlea and a high-
frequency pre-emphasis (6 db-per-octave rise to 4,000 Hz) of speech

sounds to examine the effects of high-order (up to sixth) spatial
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differencing in processing the resulting cochlear patterns; the results
indicated that "high order differencing networks appear unnecessary and
even detrimental." Cannon (10) used autocorrelation techniques to-
gether with a 24-section analog basilar membrane with 6 db-per-octave
pre-emphasis in the 0-4 kHz region to implement automatic recognition
of seven vowel sounds, and found that '"very high recognition scores
were obtained" when only half a glottal-pulse period and only\fgur,
membrane sections (3000, 1470, 660, 311 Hz) were used, |

The audio filter bank has historically been:the predominant-
means used to isolate speech characteristics for classificatipn. The
filter design characteristics (including the number of filters, their.
center frequencies, and their bandwidths) have been heavily influenced
by the low selectivity (Q =.2) of the cochlea, the formant theory of
speech perception, and a desire to minimize the number of filters to
limit data re_d_uction(require-mentsq According to Lindgren (1), one of
the first spectral processes was‘develdped at Bell Teiephone Labora-
tories to recognize the spoken digits ''zero' through "nine'". The
first model, which was reported in 1952, used an 800 Hz low-pass filter
with an .axis-crossing counter.to locate the first formant, and a 1000
Hz high-pass filter with an axis-crossing counter to locate the second
formant. By 1958 the system was modified to handle 16 different
linguistic elements. Recognition accuracy of the order of 95 percent
was ‘achieved with a single speaker, but this fell to the 50 percent
range when the decision criteria were not adjusted for the particular
speaker. Hyde (11) found that the use of a wideband filter apd an
axis-crossing counter provides an accurate frequency measure for simple

waveforms but when two or more components-have comparable amplitudes:
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serious errors can arise. However, Gilmour . (12) used this technique
by selecting a 700 Hz low-pass filter to isolate the. first formant,
a 700 to 2100 Hz bandpass filter for the second fo;mant, and a 2100 Hz
high-pass filter for the third formant; a.single-speaker recognition
score of 90 percent for seven words and the.ten digits was achieved.
Efforts based on this wideband filter approach appear to have in
common the failure to identify stops and fricatives, and the inability
to eliminate speaker differences.

In further attempts to identify the important characteristics of
speech for classification and recognition, recent research efforts
have turned to narrow-band discrete filters. A comprehensive investi-
gation of speech characteristics was conducted by Hughes and Hemdal .
(13), who made use of a bank of 35 bandpass filters having center
frequencies ranging from 286 Hz .to 9500 Hz. The bandwidths varied
from 46 Hz for the 286 Hz filter to 963 Hz for the 9500 Hz filter, with
all filters having a selectivity (Q) of 10 or‘léss. No pre-emphasis. |
was used. Each tuned filter consisted of a Eascade'of_two series LC
resonators the output of which was applied through a cathode follower
to a rectifying-and-smoothing networku By means of a stepping switch,
the spectral output.was then digitized and stored in an IBM 7090 com-
puter for development of phoneme .recognition criteria. Nine distinec-
tive features were used to identify 34 phonemes: Three distinctive
features were found to reasonably separate the vowels with some overlap
which could be removed with the additional dimension of ‘time. The
investigators noted that a single speaker was used for .all of the re-
search because 'a useful method of normalization has not been deter-

mined", and concluded that a set of filters with good precision below
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500 Hz was needed for accurate first-formant tracking and for measure-
ment of the‘low-frequency stress cues. Bobrow and Klatt (14) developed
a speech recognition system for a limited vongularylof spaqecraft-re-
lated words spoken by -several speakers. A 19-channel spectrum analyzer
was designed to process male voices which varied in glottal pulse rate.
from 80 to 150 Hz. Bandwidths (BW) were selected to insure that.be-
tween two and four harmonics were present in.every filter. A 360 Hz

BW was used for center.frequencies varying from 260 Hz to 2780 Hz, a
600 Hz BW at 3260 Hz, a 840 Hz BW at 3980 Hz, and a 1080 Hz BW at 4940
and 6020 Hz. Data were collected in the form of a 19 x 200 matrix

by taking 2.0-second word samples at a 100 Hz sampling rate. High-
frequency pre-emphasis of 6 db-per-octave was used. Each element of.
the data matrix was.a number ranging from 0 to 63, in logarithmic
units, covering a 45 db range of infensity._ By use of word-pattern.
matching rather-than:phoneme matching, and with thezrestrictiqn of a
small vocabulary, a classification accuracy of 90 percent was attained.
However, it was concluded that a finer frequency resolution is required
between 300 and 1200 Hz to detect sudden movements in energy concen-
trations.

Many other reports (15-55) confirm the apparent fact that a much
more sophisticated level of understanding of speech and hearing func-
tions must be attained before major breakthroughs in automatic. speech
recognition can be brought about. From this viewpoint, it may be
inferred that-an audio filter bank having advanced capability in both
the frequency and time domains would be highly desirable for future
studies. The purpose of this paper is to report the structure and

performance of a bank of ‘97 tuned amplitude trackers which cover the
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100-to0-6400 Hz frequency range with uniform-Q resolution and maximum

response speed.

The Composite System

The basic scheme of the phoneme analyzer system is shown in
Figure 1. The input is a speech phoneme and the. output is a visual
display of its amplitude spectrum. The microphone (Shure Model 545S)
has a cardiod directional pattern and a transfer characteristic which
in the frequency range of 50 to 15,000 Hz is flat within + 3 db. A
sensitivity level of -151 db relative to a zero-db level of one volt-
per microbar permits this microphone to deliver into a 100-kilohm load
a peak-to-peak signal voltage of about 4 millivolts, for speech of nor-
mal amplitude from lips positioned ten inches away. The speech
amplifier is conventionally designed to have a flat passband charac-
teristic in. the 0-20 kHz frequency range, a voltage gain of 66 db, a
1.0 megohm input impedance, and a capability of producing an output
signal of + 10 volts across a 200-ohm resistive load.

As further shown in Figure 1, the output signal from the speech
amplifier is used as .the driving signal .input to a parallel bank of
97 tuned amplitude trackers. Every tuned amplitude tracker is a
series combination of a tuned audio filter, a full-wave rectifier, and
a low-pass filter, each constructed by use of operational amplifiers.
The tuned audio filter in the KEE tracker has a two-pole resonant gain
of unity, a tuning sensitivity of Q = 25, a resistive input impedance
in the range of 20 to 30 kilohms, and a resonant frequency F(K) in Hz

given by the formula.



146

F(K) = (100) - 2L(X - 1)/16] :

The full-wave rectifier has a conversion gain of .0.233, i.e., with a.
sinusoidal input signal of 21.4-volt peak-to-peak amplitude the output
signal is a full-wave-rectified sinusoid having a 5-volt peak ampli-
tude and 3.18-volt average amplitude. The low-pass filter has a dc
gain of 3.0 and has a flat passband characteristic which extends up to
a (6 db) cutoff frequency which is equal to the bandwidth [F(K)/Q]

of the corresponding tuned audio fiiterf Thus, for the KEE tuned
amplitude tracker the overall conversion gain (dc output voltage
divided by the peak-to-peak input veltage) is 0.45 at the resonant
frequency F(K), and at this frequency F(K) a 20-volt peak-to-peak
sinusoid ffom the speech amplifier will ‘produce a 9-volt .dc output
signal from the Ksh tracker. Further, each of the trackers will res-
pond proportionally and almost instantaneously to any amplitude
fluctuations in its resonating input sinusoid, if the frequency of
these input amplitude fluctuations is .not appreéiably greater than

the bandwidth [F(K)/Q] of the particular tracker. Finally, it is seen.
thatpthe "best" frequencies (F1) and F(97) of the two trackers oc-
cupying the extreme end positions 'in.the tracker bank are respectively
100 Hz and 6400 Hz, and that the best frequency of tracker (K + 16) is
precisely twice the best frequgn;y:of tracker (K). The choice of a
uniform tuning-sensitivity factor . of Q =.25 makes the characteristic.
resonance curves of neighboring trackers overlap approximately at
their -3 db points.

Referring still further to Figure 1, it is seen that the 97
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output terminals of the tracker.bank are connected to a corresponding
linear array of input terminals of an analog multiplexer. This multi-
plexer (EECO 765-1 Multiplexer) has-a 10-kilohm, input impedépce and
a maximum input voltage of + 5 volts for each analog input channel, an
analog output voltage of *+ 5 volts across a minimum load resistance.of
250 ohms, and a maximum channel-stepping rate of 50,000 channels per:
second. A simple 50 kHz multivibrator clock is used to advance the
multiplexer channel address continuously through repetitive sweeps of
all 97 channels. At the end of each sweep an "end frame' pulse appears
at a separate sync-output terminal of the multiplexer, thereby enabling
the short-term 100-to-6400 Hz spectrum of the microphone signal to
be displayed continuously on the CRT oscilloscope.

With Q = 25 for every tuned filter, and with
F(K+ 1) + E(K) _ 1 Ln 2

FRT DT C 5 Coth === = 23

L
2

for every K in the range of 1 < K < 96, it is evident that the 97
outputs of the tracker bank comprise, in the frequency domain, a.set
of 97 essentially independent measures of the.audio signal. It is.
also evident that with Q:= 25 the damped oscillatory response of each
tuned filter to a pulse input decays to (100/e4) = 1,8 percent of its
initial -amplitude with the passage of 4Q/m = 32 oscillatory cycles.
With the KE}-l tracker thus being capable of producing successive
independent measures in the time domain at a rate of atfieast,
[r-F(K)/4Q] samples per second, the total data rate capability of the-
complete tracker bank isvfound by summation to be equal to at least

(257/Q) - (1516) = 4775 independent samples per second. Consequently, if
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the output voltage of each tracker is sufficiently accurate to justify
4-bit coding, the output data rate capability of the overall system

shown in Figure 1 is about 20 kilobits per second.

Tuned Amplitude Tracker Design
The circuit actually used for each of the tuned amplitude trackers

is shown.in Figure 2. The tuned audio filter is comprised of the

operational amplifier Ul, the five resistances R,

connected in parallel with

through RS’ and the

-

K

the inductance Lﬁ, which has an internal resistance r

tank circuit formed by the capacitance C

ﬁ. The full-wave

rectifier is comprised of the operational amplifier U2, the -four re-

sistances R6 through Rg, and the .two diodes D1 and D2. The low-pass.

smoothing filter is comprised of the operational amplifier U3, the

three resistances RK and 0.75 RK’ and the two capacitances CK and

4CK. The sinusoidal input voltage EK is assumed to reside within-

the range of -10 E.EK‘i.+10 volts. The smoothed dc voltage Vere-

sides within the range of 0 < Vg £ 10 volts.

The structure of the tuned audio filter is a form of Q-multiplier
having a resonant frequency determined by the tuning of the rﬁ—Lﬁ-Cﬁ
tank circuit, a Q-enhancement established by positive feedback through

the R,-R_. voltage divider, and a resonant gain established by the

45
Rl-Rz—R3 tee network. The voltage transfer function G(w) of the;KEE

tuned audio filter is
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in which wK,is-the resonant angular frequency, A is -the resonant gain,
and QK is the overall tuning sensitivity., For the case in which
R4 = RS’ and in which Rp = Rle/(R1 +~R2), the resonant gain A is

given by the formula

2R
= P

R, + R
R, + | -1

boleptig

and the overall tuning sensitivity QK is given by the formula

Q

) K
~2 .
1 - [E%K) 'ff]
X, *+ R
3 P o

in which Qi is the non-enhanced tuning sensitivity of the r

%

k" bx~Cx

tank circuit, i.e., Qi = wKLk[rﬁ. If the positive input terminal of
amplifier Ul is temporarily grounded, and if the resistance Rl is tem-
porarily made equal to zero, the resultant filter can be tuned to the
resonant angular frequency by (slug) adjustment of the inductancé_L’;

after which the . temporarily modified filter can be adjusted to have.

a resonant gain of unity by making R3 = (Q§)2°rﬁ' The unmodified fil-

ter will ‘then have a resonant gain of A = 2R3/Rl’ which requires that

Rl =,2R3 for unity gain at resonance. Thus, with the tank circuit

tuned to Wy s with R4 = R5 = 33 kilohms, with R3

Rl‘= 2R3, the voltage gain at resonance will be A =-1.0, and the selec--

tivity-multiplication ratio QK/QE is determined by the formula

]

(Qi)z-r£3 and with

.C.Z;l.(_ é +*‘R3
QK 2 2

=i



150

The value of the resistance R2 was selected so as to make QK = 25 for

all 1 <K < 97. The inductors (manufactured by the United Transformer

Company) used -in the tank circuits were as follows.

Frequency Range Inductor Type Inductance Range
100-200 Hz HvVC-7 0.50-5.0 H
200476 Hz HVC-6 0,20-2.0 H
476-1131 Hz HvVC-5 0.07-0.70 H

1131-2691 Hz HVC-4 0.03-0.30 H
2691-6400 Hz HVC-3 0.01-0.11 H

The capacitance values used in the. tank circuits ranged from 0.01 to
0.50 microfarads, giving a value of about 10 kilohms .for (Qi)2°ri.
In cases where the tank selectivity was too large (Qi'>'12) a 10-kilohm
shunt resistance was used to desensitize the tank circuit.

In the rectifying portion of the tracker circuit, the diodes DI

and D2, the resistance R, = 22 kilohms, and the resistances R, = R8 =

6 7
R, = 11 kilohms, were arranged so that the output voltage of the ampli-

9

fier U2 would be a negative-going full-wave rectified sinusoid of -5.0
volts peak amplitude when the input voltage from the amplifier Ul is a
sine wave of 20-volt peak-to-peak amplitude. The low-pass smoothing
filter has two identical poles, and has its three resistances and two
capacitances chosen so that its (6 db) cutoff frequency is equal to
the bandwidth [F(K)/QK] of the associated tuned audio filter. The
dc voltage gain of the low-pass.filter is 3.0, and the time constant
RKCK is chosen so that RKCK = Q/[6m+F(K)] in order to achieve the

desired bandwidth relationship.
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Operational Amplifier Implementation

The operational amplifiers Ul, U2, and U3 used in the circuit of
Figure 2 were of the SN72-709N type, which are manufactured by Texas
Instruments, -Inc. This type.of operational amplifier has an input.
current requirement of 0.2 microamp, a common-mode rejection ratio of
90 db, an input.resistance of 100 to 400 kilohms, an output resistance
of 150 ohms, and a power. dissipation rating of 80 milliwatts when
operated with a + 15 volt power supply. However, special attention is
required to prevent latch-up and to achieve adequate frequency compen-
sation. The electrical diagram of the SN72-709N integrated circuit
is shown in Figure 3. The parenthesized terminal numbers correspond
to the dual-in-line pin numbers, which are arranged to increase
counterclockwise from the.lower left-hand corner (if the dual-in-line
is viewed from the top with the indexing notch on the left).

The gondition known as latch-up can occur when the common  mode
input voltage limit is exceeded. This is especially bothersome with
low gain (substantial feedback) conditions. If the signal or a tran-
sient overloads the input, the- inverting transistor saturates.and
effectively applies the signal to the.base of the second transistor
stage. Without the inverting action of the first stage, feedback_is
poéitive and latch-up occurs. The diode. (D3) connected between pins .
12 and 10 will limit.the output so that it will rise no higher than-
the common mode voltage limit at the base of transistor T9, thus
holding the input transistor out of saturation so that latch-up will
not occur.

The type 709 operatignal»amplifier is not frequency compensated

internally. It unfortunately has several break-points-in its frequency
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response characteristic. Its highest frequency break-point is at about:
10 MHz, and a second break-point is.found in the neighborhood of 1.8 to
2 MHz. This frequency characteristic produces an ultimate roll-off of
12 db/octave and a 180-degree phase shift through the uncompensated
amplifier. Consequently, a feedback loop connected around the amplifier
may produce regenerative oscillations, unless adequate compensation is
applied to the open-loop gain characteristic. For moderate closed-loop.
gain, the roll-off of the open-loop gain must begin at a low enough
frequency that the closed-loop gain reduces to less than unity before
the amplifier produces 180 degree internal phase shift. If an open-
loop roll-off characteristic approximating that of a single-section

RC low-pass network is imposed on the amplifier, it will roll off at

6 db/octave and approach a»maximum phase shift of 90 degrees in the -
frequency range of interest. Therefore, as closed-loop gain is de-
creased the open-loop roll-off frequency must decrease. This is accom-.
plished by use of compensating lag networks, i.e., two external networks
must be added to the basic 709 for correct compensation., One network
connects between pins 3 and 12 and the other connects between pins 9
and 10.

Pins 3 and 12 are the "input frequency-compensation' points. An
Ri-Ci step-type of lag network is connected between these pins. It is
generally desirable that this network maintain a phase lag for about
three decadés in frequency. The roll-off or corner frequency of- this-
lag network must be chosen to be low enough to meet the desired closed-
loop gain requirement. The internal amplifier impedance between .pins -
3 and 12'is of the order of 1.0 to 2.0 megohms. The resistor in the.

lag loop should be about .0.001 times this value for the three-decade
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step. Once the break-point frequency (fi) is established in terms of
the desired closed-loop gain, the. compensating network capacitance is
determined by the formula Ci = [ZﬂfiRi]-l. The "output . frequency
compensation" network is connected between pins 9 and 10. The internal
amplifier impedance at these pins is of the order of Ry =.35 to 45

kilohms. A capacitor C, connected between these pins introduces a

0
second lag in the amplifier response. The break-point frequency

fx‘= 1000 fi for this lag network is chosen so that it supplements the
first correction network after about three decades in frequency. The
capacitor connected between pins 9 and 10 can then be evaluated from
the formula CO =,[2ﬂfox]-1. Thus; the values.of the compensation
elements actually used wére Ri = 1500 -ohms-.in every circuit, Ci = 0.01
microfarad and CO =40 picofarads in.the circuits operating at fre-
quencies below 3 kHz, and Ci = 0.001 microfarad and C0‘= 10 picofarads
in the.circuits operating at frequencies above 3 kHz. Use of the.
newer (and more expensive) operational amplifiers containing internal

frequency compensation networks would, of course, simplify the system

construction somewhat.

Hardware Geometry

Photographs of the completed bank of 97 tuned amplitude trackers
are shown in Figure 4. One chassis contains all of the 97 tuned audio
filters, plus their coﬁmon audio driving amplifier. A second chassis
contains the 97 corresponding rectification-and-smoothing networks
(plus a speech amplitude detector, needed when threshold triggering
of external circuits is desired). Each chassis is of conventional
17" x 17" x 3" size to fit a 19-inch equipment rack. The two assem-

blies are interconnected by means of two pairs of 100-contact plugs
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and sockets (Cinch-Jones type 37-M100L and 37-F100L) and a. corresponding
100-wire cable. The first chassis also includes receptacles for the
audio signal input, the + 15 volt power.inputs; and a ground wire. The
second chassis includes the input receptacles for.the ground wire and
the + 15 volt power inputs; and the output fittings fér the 100-wire
outputs to the sampling switch, and the output of the speech amplitude
detector.

The individual components are mounted on a standard 12-pin (Vector)
3" x 4.5" circuit boards. Photographs showing the detailed arrangement.
of the components on the circuit boards are shown in Figure 5. In
general, three tuned audio filters having neighboring resonant fre-
quencies are mounted on one circuit board, and their three corresponding
- rectification-and-smoothing networks are mounted on another circuit
board. For tuning purposes the three slug-adjustable inductors are
mounted at the top of .the '"filter board." On the '"rectification board"
the three rectification-and-émoothing networks are horizontally arranged
along the top, middle, and lower thirds of the board. Thus, a total of
68 circuit boards were used to mount all of the components of the-com-
plete (two-chassis) bank of .97 tuned amplitude trackers. The total
number of components used included 2720 resistors, 850 cgpacitors,
400 diodes, 291 operational amplifiers, and 97 inductors. The total
current drain required of the (Hewlett-Packard 6523A) power supply was
found to be + 255 mA at -+ 15 volts for the '"filter chassis," and
+ 470 mA at + 15 volts for the '"rectifier chassis,'" giving a total

power dissipation of.22 watts for the complete tracker bank.

Component Performance

From the previously described design considerations, it can be.
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seen that some rather severe tolerance requirements are imposed on the
design of each tunéd amplifudeitrécker, particularly with respect to
resonant frequency and bandwidth. It was found that very careful ad-
justments were necessary to achieve the correct resistance values in
each input tee network.

As an example of the resultant performance of each tuned amplitude
tracker, Figure 6 shows the measured output voltaée of the 800-Hz tuned
audio filter (K = 49) as a function of excitation frequency. Figure 7
shows the output voltage of the corresponding smoothing filter as .a
function of its input ripple frequency. By use of the CRT Lissajous
technique, the tuning error in the resonant frequency of each amplitude
tracker was made to be less than.+ 2.0 Hz. The error in the resonant
gain was found to be less than + 2.0 percent, and the error in the
bandwidth was found to be less than + 5.0 percent.

The response of the 800-Hz tuned audio filter to a suddenly applied
800-Hz sinusoidal input of 20-volt peak-to-peak amplitude is shown in
Figure 8. The exponentially controlled build-up of the resonator.out-.
put voltage is clearly seen. A Laplace transform analysis of the reso-
nator shows that the envelope of the increasing peak-to-peak output
amplitude should rise to 63 percent of its final value with the passage
of n=Q/m = 8 cycles of the input waveform, which corresponds to a.
time lapse of 10.0 millisec in the case of the 800 Hz resonator.

Figures 9a and 9b show the response of the 800-Hz tuned amplitude
tracker to an input 800 Hz sine wave which is 100-percent amplitude-
modulated by a 32-Hz sine wave. The maximum peak-to-peak amplitude of
the input signal is 20 volts. The 64 Hz spacing between the sidebands .

is twice the bandwidth of the 800 Hz filter. The attenuation and phase
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shift of the sidebands caused by the filter selectivity is shown in

the lower trace of Figure 9a. The upper trace in Figure 9b shows the
output. . of the full-wave rectifier, with its zero-volt ground reference
being the straight-line upper-limit level. The bottom horizontdl trace
in Figure 9b shows the zero-volt groﬁnd reference level for the smoothing
filter output. The center trace in Figure 9b shows the output of the
smoothing filter, which introduces some further attenuation and phase.
shift in the modulation. Thus, it is seen that the smoothing filter.
performs its intended function of filtering out the rectification

ripples while still retaining the capability of responding to fluctua-

tions in the input signal amplitude.

System Performance

When the complete phongme‘analyzervsystem is assembled as pre-
viously described with reference to Figure 1, its perfqrmance can be
tested with a vafiety of audio input siénals. For thé-results reported
here, the. sweep time of fhe'CRT oscilloscope was first made approx-
mately equal to 2.0 msec, and then further .adjusted so that the time
for one complete sweep through all 97 channels of the multiplexer
corresponded to a horizontal distance of 9.7 cm on the CRT face.

Figure 10a shows a photograph of the CRT display when the audio
input signal is a steady 800 Hz sine wave of 16-volt peak-to-peak am-
plitude. As expected, the strongest response (4.1 volts output) ‘is
produced by the 800 Hz tracker. Since K = 49 for this-tracker, its
sampled output appears near the center of -the CRT screen. The res-
ponses of the two neighboring tragkers (K = 48 and K = 50) are each
seen to be of about 1.7—vqlt output amplitude. This corresponds to

an adjacent-channel rejection of 7.6 db. The responses of the next
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pair of adjacent filters (K = 47 and K = 51) are seen to be about

14{2 db below the 800 Hz filter response. The more distant neighbors
respond with even less amplitude, and practically no response occurs
for those trackers more removed than the K = 42 and K =56 pair,

For pure tone inputs the general shape of the spectral profile was.
found to be almost independent of the excitation frequency; the excep-
tion being that when the excitation frequency is mid-way between the
resonant frequencies of two adjacent trackers the equal responses of
the two adjacent trackers are somewhat (about 3 db) less than the peak
response of a resonant tracker. This is illustrated in Figure 10b,
which shows the spectral profile when the audio input signal is a
steady 816 Hz sine wave of 16-volt peak-to-peak amplitude. Thus, as
the amplitude of the input sine wave is held constant and the-excita-
tion frequency is gradually increased from the lower extreme of 100 Hz
to the upper extreme of 6400 Hz, the spectral profile illustrated by
Figures 10a and 10b will move rightward from the left edge to the.
right edge of the CRT face.

Typical responses of the complete speech analyzer system for pro-
longed phoneme inputs are shown in Figures 11 and 12. Figure.lla shows
the speech waveform for the sound [i], voiced by.a 30-year-old male
person having a natural glottal pulse rate of 141 Hz. Figure 11b shows
the resultant spectral profile produced by the system. The fundamental
141 Hz frequency component is correctly displayed by the K= 9 tracker.
Prominent harmonic peaks are seen;gt 283 Hz and 436 Hz, and a distri-
bution of higher harmonics is found between 2263 Hz and 6400 Hz.

Figure 12a shows the speech waveform for the sound [ae], voiced by the

same 30-year-old male person having a natural glottal pulse rate of.
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141 Hz. Figure 12b shows the resultant spectral profile produced by
the system. The fundamental 141 Hz frequency -component is again cor-
rectly .displayed by the K =9 tracker. Prominent harmonic peaks are
seen at.283 Hz and 423 Hz, and a-wide distribution of -higher harmonics
extends from 519 Hz to 6400 Hz.

Numerous other experiments using various carefully recorded speech
sounds as inputs have been conducted with the above described phoneme
analyzer system. The preliminary results have already shown that the
harmonic structure of -any prolonged phoneme changes rather drastically
when the glottal pluse rate is changed. It appears possible that the
historically accepted "formant' method of representing speech spectra

may be open to question.
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Figure 2. Tuned Amplitude Tracker Circuit
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Figure 3. The SN72-709N Operational Amplifier
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Fig. 4a. Filter Chassis Layout

Fig. 4b. Rectifier Chassis Layout

Figure 4., Chassis Arrangement of Circuit Components
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Fig. 5a. Bandpass Filter Circuit Board

Fig. 5b. Rectifier Circuit Board

Figure 5. Component Layouts on Circuit Boards
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Resonator input: 20 V p-p, 800 Hz, suddenly applied

Figure 8. Transient Ring-Up of Tuned Audio Filter



Fig. 9a. Signal Input and Filter Output

Horizontal scale: 10 msec cm‘l.

Vertical scale: 10 and 5 volt cm_l.

Fig. 9. Outputs of Rectifier and Smoothing Filter

Horizontal scale: 10 msec cm ».

Vertical scale: 2 and 1 volt cm ».

Figure 9. Response of 800-Hz Tracker to AM Input

171



172

Fig. 10a. Spectro Profile for 800 Hz Input

Horizontal scale: 10 channels/cm.
Vertical scale: 1.0 volt/em.
Audio input: Sine wave, 800 Hz, 16 V p-p.

Fig. 10b. Spectro Profile for 816 Hz Input

Horizontal scale: 10 channels/cm.
Vertical scale: 1.0 volt/cm.
Audio input: Sine wave, 816 Hz, 16 V p-p.

Figure 10. System Display for 800 Hz and 816 Hz Inputs
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Fig. lla. Speech Waveform for "ee'" as in "beet"
Horizontal scale: 1.4 msec cm .

Vertical scale: 1.0 volt cm_l.

Fig. 1l1b. Spectral Profile for "ee" as in "beet"
Horizontal scale: 10 channels cmfl.

Vertioil sesia: 1.0 volt cw X

Figure 11. System Input and Output for First Phoneme
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Fig. 12a. Speech Waveform for "aa" as in "bat"
Horizontal scale: 1.4 msec cm—l.
Vertical scale: 1.0 volt cm-l.

Fig. 12b. Spectral Profile for "aa" as in "bat"
Horizontal scale: 10 channels cm-l.

Vertical scale: 1.0 volt cm L,

Figure 12. System Input and Output for Second Phoneme



APPENDIX C
EQUIPMENT SPECIFICATIONS

This appendix contains the specifications for the commerical
equipment .and major components used in.this research. These are as
follows:

1. Shure 545S Microphone;

2. Operational Amplifier SN72 709N;

3. United Transformer Company HVC Inductors;

4. EECO 765 Multiplexer;

5. RM 564 Tektronix Storage Oscilloscope; and

6. Burr-Brown Sample ahd Hold/Switched Integrator Model 1663.
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P o KR R =8 MICAOPHONES AND ELECTRONIC COMPONERTS

AREA CODE 312/328.0000 ©

CABLE SHUREMICRO

MODELS 545 AND 545S UNIDYNE I

UNIDIRECTIONAL DYNAMIC MICROPHONES

The Model 545 Series Unidyne 111
Microphones are slender dynamic mi-
crophones built to provide wide range
reproduction of music and voice, and
have an exceptionally uniform and
effective unidirectional pickup pattern.

The Models 545-Cold and 5458-Cold
are identical 1o Models 545 and 5458
respectively except Models 545-Cold
and 545S5-Cold have gold finish.

These microphones are particularly
suitable for high quality theatre-stage
sound systems, recording, cathedrals
and churches, and other critical public
address systems such as those used in

itical conventions and legislatures,
Iolels. stadiums, and public auditor-
ums.

The microphones feature:

* Unusually effective cardioid pickup
pattern. Eliminates feedback (an-
noying loudspeaker “squeals”). In
addition, they prevent echoing
(boominess) that sometimes occurs
in partially-filled halls, These mi-
crophones can also be used closer
to loudspeakers than usual, without
creating feedback problems.

* Response especially effective for an-
nouncing, narration, vocal music,
and combo groups. .

* Cartridge shock mounted for quiet
operation. : '

*. A strong detachable cable especially
selected for good shielding from
*hum” pickup.

* Dependability and ruggedness under
all operating conditions.

The Model 545 Series Microphones

are dual impedance for connection in-

to a 50 to 250 ohm line or a high
impedance input. v,

The low impedance connection is
recommended where long cable lengths
are required or under conditions of
severe hum disturbance. The permis-
sible cable length is practically un-
limited, since neither response nor
level is appreciably affected. For use
with high impedance amplifiers, Shure
Model A95A Line Matching Trans-
former is available for coupling the
low impedance line to the amplifier
input. The Shure Model A95A trans-
former permits coupling a 50-250
ohm line to the high impedance input,
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. Windscreen Assembly....

. Furnished Accessories
Swivel Adapter

(for Model 545).......ccooor.......A25B

- < . Optional Accessorles :

- Line Matching Transformer......A95A

‘Vibration-Isolittion Stand............ SI9A
- Desk Stand - : :

. (for Model 545)
-+~ (for Modcl 545S)
~ Quick Disconnect Isolation Unit
“(for Model 545) ..unenenneneee. A4S
(for Modcl 5458) ....ccecienennnn A47

GUARANTEE: : .

Each microphone is guaranteed to

" be free from electrical and mechanical

_ defects for a period of one year from

date of shipment from factory, pro-

vided all instructions are complied
with fully. In case of damage, return

. the microphone to the factory for

gepuirs. Our guarantee is voided if the

microphone is subjected to accident
or abuse. :

Replacenient Components

Model R4S Dynamic Replacement

CARTRIDGE
Model C56 Cable and Plug Assembly
Model 55A38 Replacement SWITCH

(545S only)

" Dmportants Shure  Microphone Cables
are sclected after exhaustive tests to in-
sure superior perforinance in microphones

- because of low capacities, superior shicld-
ing propertics and unu:uafly long life
under severe use,

Cables with plastic insulation should
not be subjected to excessive soldering-
iron hcat. Carefully clcan and tin the
conductors and the conncetions to which
the conductors are to be soldered. The
saldering operation can then be done with
a minimun of heat, thereby avoiding any
possibility of damage to the cable.

INSTALLATION AND
CONNECTIONS OF SWITCH
A. To install the 55A38 Replacement

Switch in the Shure Modcl 5458
(see Figure A) proceed as follows:
1. Remove the two No. 2-56 screws

holding the nameplate and cover

‘ to the connector assembly.

. 2. Remiove the nameplate and take

the switch out of the switch

cover on the conncctor assem- -

bly.
3. Unsolder leads from old switch
terminals.

4. Connect the leads to the new
replacement switch. Observe tead
color and terminal arrangement
as in Figure A. :

5. Re-assemble switch and name-
plate back into- the connector
assembly and fasten' the No,

2-56 screws securely.
MODEL 545
Architect’s Specifications

The microphone shall be the Shure
Model 545 or equivalent. The micro-
phone shall be a moving coil type mi- -
crophone with a frequency range of
50 to 15,000 Hz. This unit shall have
a “cardioid” polar characteristic, The’
cancellation at the sides shall be ap-
proximately 6 db and the cancellation
at the rear shall be 15 to 20 db. The
microphone shall be a dual-impedance
microphone with rated impedance of
150 ohms and 40,000 ohms. The
microphone rating GMm (sensitivity) at
1000 Hz shall be within +3 db of the
following levels.

Low impedance

High impedance .

The microphone shall be provided :
with a swivel adapter adjustable
through 90° from vertical to horizon-
tal and a receptacle equivalent to the
Amphenol 91-MC4F capable of con-
necling to a three-conductor shiclded
cable plug. The microphone swivel
adapter will mount on a stand having
% "-27 thread. The overall dimensions
shall be 5" (147.6mm) in length
and 1%%" (31.4mm) in diameter.

" MICROPHONE

CASE
956 CONNEGTOR
MACHINE ASSEMBLY:
SCREWS
NAMEPLATE Vltﬂlti
SWITGH COVER
MODEL $455
REPLACEMENT OF SWITCH

FIGURE A
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© " MODEL 5458
* - Architect’s Specifications

" The microphone shall be Shure -
.. Model 5458 or equivalent. The micro-

phone-shall be a moving coil type mi-
. crophone with a frequency range of
50 to 15,000 Hz. This unit shall have
a “cardioid” polar characteristic. The
. cancellation at the sides shall be ap-
proximately 6 db and the cancellation
at the rear shall be 15 to 20 db. The

" microphone shall be a dual-impedance

microphone with rated impedance of

150 ohms and 40,000 ohms. The

micrg&;\one ratin% GM (sensitivity)
e

st l Hz shall be within +3 db of
. the foliowing levels. . _
~ Low impedance .......... —149 db
High impedance ......... —151 db

The microphone shall be provided
with a swivel, a built in on-off switch
and a reccptacle equivalent to the
Amghenol 91-MC4F capable of con-
necting to a three-conductor shielded
cable plug. The microphone shall
mount on a stand ‘having 36°-27
thread. The overall dimensions shall be

4%,y" (122.2mm) in height, 51"

(147.6mm) in depth and 13%4"
(31.A!mm) in width.
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o Frequency pronse-
“. Polar _Patte_r_n_‘, S

» Impedance:

butput Level:

- uniform about the axis. (See:

" Dual. Connect to cable shield and red conductor for
. high impedance amplifier inpuis. Connect to black and

R SPECIFICATIONS

. Dynamic

50 to 15,000 Hz: (See Flgurc C)
Cardioid (Unidirectional) - pattern—Effective rejection

.-of sound at the rear of the microphone Is uniform at

all frequencies, while front l[:m:kupEcharactm-isucs are
igure

white conductors for balanced line low or medium im-
pedance amplifier input. The shield is connccted to the

" metal parts of the microphone. (See Flgure D)

1,000 Hz response.

" Model 545 Series Low Impedance

- Open Circuit Voltage

- Power Level

—-78 db‘ ( l2S mv)
—357 db**

EIA Microphone. Rating .

. -—‘149 db**+*

Gm (sensitivity)

Model 545 Series High Impedance

Open Circuit Voltage

—SS_ db* (1.76 mv)

. EJA Microphone Rating

Gm (sensitivity)

%0 db == 1 volt per microbar.

w151 db¥ee

*+0 db == 1 milliwatt with 10 microbars
*++0 db = EIA Standard SE-105, August 1949,

" Cable:

Case:
Dimensions:
Switch:

Net Weight: |
?ackagéd Weight:

~ the receptacle assembly and is a shde-to-tnlk
-type switch, ‘

15-foot (4.6 mm) three-conductor shielded with Am~

phenol MC4M type microphone plug on the micro- .

phone end.

Chrome-plated die-cast case and “Armo-Dur,"

See Figure B

Model 545 None

Model 545S Built in “ON-OFF” switch to’ centrol
microphone circuit. The switch is an integral part of

Model 545 - 9 ounces (255 grams) ,

‘Model 545S - 15 ounces (425 grams)

Model 545 - 2 pounds, 3 ounces (992 grams)
Model 545S - 2 pounds, § ounces (1049 grams)

e lns,woulll ¢
e e

FYPICAL DIREOTIONAL PATTEAN

K e 3300 Y0 1000 mATE
] lnm-uu
eis4Y 10090 MATY .

TYPIGAL DIRTOTIONAL PATTEAN

Copyright 1947, Shure Brothers, Inc.

TTA44D (11-63)

FICURE E '
US Patents 3,132,213 and DINO, lu

Peinted ln US.A. -

ocking
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INTEGRATED CIRCUITS

NEW-PRODUCT BULLETIN

This announcement provides preliminary engineering information on new Texas
Instruments products. Definitive specifications are now being prepared for publication.

Common-Mode input Range — 10 V

description

The SN52 709 cireuit is o high-performance operatianal
m\pliflcr with high-impadance d:fferenﬂnl mpuh and a
low=imped: output. Component g, ir

with slllcon monolithic circuit fabrication iechmquel,
produceson amplifier withlow drift and offset character-
istics. Provisions are incorporated within the circuit
whareby extemnal components may be used to compensate
the amplifier for stable operation under various fesdback
or load canditions. These amplifiers are particularly
attractive for applications requiring transfer or generation
of Yinear or non-linear functions. The SN52 709, SN52
709L ond SN52 709N are characterized for operation

TYPES SN52 709, SN52 709L, SN52 709N,

SN72 709, SN72 709L, SN72 709N
HIGH-PERFORMANCE OPERATIONAL AMPLIFIERS

SERIES 52/72 OPERATIONAL AMPLIFIERS
featuring

INVERTING

Peak-to-Peak Output Voitage Swing — 28 V

.0 QA

INPUS FREQUENCY
O Ve
1040 20008 3

O oulrut

COMPLNSATION
mia | 9
na
] \*
30 bia J X0

outeut

o—i] o
over the temperature range of =55°C to 125°C. The N 'N:::NQ i S ,_{: Commtbianon
SN72 709, SN72 709Land SN72 709N are characterized  “opor st
for operation from 0°C to 70°C. -

" Texas Instruments Series 52/72 catalog lines of linsar 240 »e o
integrated circuits offer higher relicbility, lower cost, . cc-
smaller size, and less weight than equivalent discrete Component values shawn ore nominal,
camponent circuits, " SCHEMATIC DIAGRAM

TERMINAL ASS JGNMENTS
SN52 709 and SN72 709 SNS2 709L and SN72 709L SN52 709N and SN72 709N
ey ” g TN VLY inpyr 10PN o:!;(rg'l
e TR 0!(!5‘[ .Co:) ~ rnﬁﬁcv W R e Veco OUIPUT Comp K
.@@ " wilnjirlingu]js]le
1 1 Yo, :
outruT \(6) Q)|
TRy (3)
1 FREQUENCY BONINVENTING
foXo¥oXoXe '- : 1B E O
WY WVERTING  HON. Ve Yoo | HC NG INPUTINVERTING WON- V(g MG
e T PIN (@) 1S IN ELECTRICAL CONTACT WITH THE CASE conrn e
NC ~ No internal connaction ) C10319
JuLY 1967

4Patented by Texas Insiruments,.

REPLACES SCM20A DECEMBER 1968



absolute maximum ratings

Supply Voltoges (See Note 1):° Vect

Vee- .
Differential Input Voltage . . . . . .
input Voltage (Either Input, See Note 1)

Duration of Short=Circuit Output Current (T A = 25°C)

Continuous Total Powsr Dissipation: SN72709L (See Note 4) . . . . .
SN72709 (See Note 5) . . . . .
SN72709N. . . . + . . . .
Operating Free—Air Temperature Range (See Notes 4 and5) . . . . .
Storage Temperature Range: SN72709 and SN72705L. . . . . . .

SN72 709N .

»
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TYPES SN72 709, SN72 7091, SN72 709N
HIGH-PERFORMANCE OPERATIONAL AMPLIFIERS

D I I T T N T S S R

L I I T R T

L I R T Y

D R T I S P Y

v s .

.

PR

L T R

.

NOTES: 1. These voltage values are with respect to the zero referonce level of the supply voltage.
4. At free—air temperature (T) above 55°C derate power dissipation linearly at 5.6 mW/deg.

5. At case temporature (Tc) above 100°C derate power dissipation linearly at 5 mW/deg.

electrical characteristics Vs = 15V and V- = -15V, (unless otherwise noted, Tp = 25°C)

.

..

+H8V
-18V
5V
oV
5

250 mW

.« 250 mW

. 0°C to 70°C
~65°C to 150°C
.=585°C to 150°C

: .. 300 mW

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT
Vpi Differantial-input Re £ 10k, TA =0°C to 70°C (See Note 6) 10 mV
offset voltoge RS = 10 k2 (See Note 6) 2 7.5 mV
U] Differential ~input Tp = 0°C to 70°C ) 750 nA
offset current 100 300 nA
tin Input current Tp =0°C 2 pA
0.3 1.5 pA
VOM  Maximum peak-ta-peak R 210 k(2 24 28 N
output voltage RLZ 2K 20 26 v
Vemp  Common-mode 18 10 A,
input voltage range
Ay Large-signo! Ry %2 2kQ, Voup = 210 V, Tp = 0°C 1070°C | 12,000
voltage gain RLEZ2KI, Vour =210 V 15,000 45,000
CMRR  Common-~mode Rg <10 kQ ’ 65 90 ds
rejection ratio . ) .
SVRR  Supply voltage Rg = 10 kQ 25 200 BV
rejection rotio
fin Input resistance 50 250 k2
fout Output resistance 150 Q
Py Total power dissipation 80 200 mW

NOTE & Vccy= 15 Vand Vee. = =15 Vto Vgy =9 V and Vg = =9 V.

TRANS IENT RESPONSE TEST CIRCUIT FOR SN52 709, SN52 709L AND SN52 709N

10 k0

AN

VW\»

NOTE: Pin numbars shown are for SN52 709L.

FIGURE 1
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UTC VARIDUCTORS
VARIABLE INDUCTORS

R TE

. &

-~

WOUCTAMCE - +vE.
-y

»
M\ & N
Qe / \\ // ' \V
/ \ [
T B 0000 308 100 3000 10000 961000 1430
FREQUENCY FREQUENCY FREQUENCY
Mean  DC Mean DC

Type Hys. MA* Type Hys. MA* UTC type VIC variable Inductors offer a luti

viC-1 0085 75 ViC-12 13 10 proach to the problem of tuned audio circuits. By ullnuu

vic-2 013 60 ViC-13 X 8 8 set screw In the side of the case, an Inductance value

of +85%, —45% from mean valus is obtainable. Setting
Is positive. Effective Q for a wide frequency range and
variation of Inductance with applied AC voltage are shown
on the lllustrated curves, for a typical VIC unit.

The VIC inductor is housed In & rugged die cast case 1'/4,"
long, 1%" wide and 1%," high with mounting centers on
terminal board side '¥,," by ¥3,", tapped for 4-40 screw.
Welght Is 54 oz.

e

vice .4
vic-10 54 15 vic21 83
vic-11 .85 12 vic-22  130.

]
5
-
—
=
a3
o
=
S
—
=
3
—
i O G0 G B O
wn

*DC MA shown is moximum recommendad . . . will affect some reduction in inductance and Q.

UTC HERMETIC VARIDUCTORS

Variable inductors hermetically sealed to MIL-T-27 spec.

UTC variable inductors have served as the ideal solu-

tion to many filter, oscillator, equalizer, and tuned am-

plifier problems—for over a decade. Extended develop-

I‘Il Min.  Mean Max.  OC* ment has now made possible the new HVC series of
0. Hys. Hys. Hys. Ma

inductors with improved characteristics. They are her-

(1]
] m— HVC-1 002 006 02 100 metically sealed to MIL-T-27 specs . . . extremely com-
HC2 005 015 05 60 pact . , . wider inductance range . . . higher Q's . . .
# hves  ou 040 11 40 jower and higher frequencies ... superior voltage and
: Heq4 03 1 4 3 temperature stability.
| - m: ’g? ':5 2'? :: Adjustment of set screw in top of case permits chang-
! arruich voutast a1 wosonles i wer '5 1'5 5 10 ing inductance -+ 200%, —70% of nominal value
Wves 1'1 “ 0 m 7 shown. Setting is positive. Effective @ for a wide fre-
»fF = vee 3’0 10. » 5 quency range and variation of inductance with applied
: 5 N TS ?.U % % 35 AC voltage are shown on the illustrated curves, for a
< Y : o 200 2' typical HVC unit. Case dimensions are 1%~ long, *%:"
1 1 7 L L wide, 1%:" high. The two terminals and two 4/40
. Y ~ ez so 150 %0 L2 mounting studs are on opposite diagonals — '¥i"
Y [ean spacing.

*DC MA shown |5 moximum recommended . . . will effect some reduction In inductance and Q.
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EECO 765

REPRINTED JANUARY, 1967

ANALOG MULTIPLEXER

; \_EECO 765-1 With frame patch ® EECO 765-2 Without frame patch

Up to 100 channels

50,000 samples/second
EECO 765 MULTIPLEXER
MODE COMNIROL FRAME PATCH SCAN ADDRELY
L SEECT
ND
m‘ ) . u
CHAN
O MANUAL T
@ P ®
CHANNIL ‘L"E_I SCAN SEQUENCE
FOWIR
]
ELECTRONIC ENGIMEERING COMPANY o Casonma
EECO 765-1
... 100 megohms minimum input impedance
1! L
W ... FET switches — 100% duty cycle

... Super-commutation

... Display gate for selected channel

o) m .

10 FET channel switches with .
adapter for channel attenuators

LRSS B et e

EECO 765-2

ELECTRONIC ENGINEERING COMPANY o Cdifonia



GENERAL . ..

The EECO 765 Analog Multiplexer uses Field Effect
Transistor channel switches and a Field Effect input
transistor in the buffer amplifier.

10 FET channel switches are mounted on each input
circuit card. Multiplexers can therefore be supplied
in any multiple of 10 channeis.

The FET switches have a very high off impedance
... over 20,000 megohms and the input FET in the
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buffer amplifier has an input of over 100 megs so
the lowest input impedance, with-a full 100 chan-
nels, is over 100 megohms.

Other features are: super-commutation, sequential
or addressable channe! selection, very low offset and
cross-talk, and selectable SCAN SYNC output for
synchronizing external data displays.

Analog ground may be disconnected
from chassis and power supply ground

DATA INPUT
10 to 100 analog inputs

for grounding at an external point.

DATA GUTPUT
Single line low impedance

— one or 2 wire

0 153 manntiu

output for time multiplexed
analog data

CONTROL! INPUTS

(N
Y
STEP GATE

SCAN ADDRESS STEP (gated) ———

CONTROL OUTPUTS
—-+ START DiGITIZE command for ADC
j————— SCAN ADDRESS (2BCD digits)
j-—————FRAME FIRST WORD ievei shift

SCAN ADDRESS STEP (non-gated)—————v]
MASTER RESET-———t—e]

R te Contro! of ch tection (option}-——ed

[-——~—=SCAN ADDRESS END RING fevel shift
=~ SCAN SYNC for gated dispiay on ADC

\

Selector switch for ~ Channel Sequence Thumbwheel switch to select

sequential or manual
channet selection

patch boards

channel in manual mode or to
select channel for scan sync
in sequential mode

SPECIFICATIONS
ANALOG MULTIPLEXER

EECO 765-1— with frame patch
EECO 765-2— without frame patch

OPERATING MODES

Sequential.................... Steps sequentially through scan on external
command. Triggers external Analog to Digital
Converter after a delay from SCAN ADDRESS
STEP input command. ’

Manual..................... Steps to channel selected by thumbwheel
switches when MANUAL SET button is operated.

Will continue to trigaer external ADC after de-

lay from SCAN ADDRESS STEP input command.

..Circuits can be provided for random selection
of channels by remote addressing. Channei ad-
dress should preferably be in 2 BCD digit form.

Addressable

CHANNEL
SELECTION............... The patch boards on the EECO 765-1 provide a
(EECO 765-1) quick method of changing channel sequencing
or of super-commutating any one or several
selected channels.

TRAMI PATCH

Chadg SOECE SCAN_sEQuenct

For super-commutation, it is only necessary to
. connect one position on the CHANNEL SELECT
patch to two or mora positions on the SCAN
SEQUENCE patch. The selected channel will then
be sampled more than once for each scan. Any
number of channels can be super-commutated.
Changing the sequence of channels to be sam-
pied or the number to be sampled in each scan
is done by patch connection between the SCAN
SEQUENCE and CHANNEL SELECT patches. Chan-
nels can be patched in any arbitrary sequence.

Patching the last SCAN SEQUENCE point to the
FRAME END/SCAM jack and the last CHANNEL
SELECT point to the FRAME END/CHAN jack
causes the first channel switch to be closed
when the next SCAN ABDRESS STEP command
is received.

INPUT CHANNELS....From 10 to 100 single wire channels in muiti-
pies of 10.
Up to 50 two wire differential inputs with sep-
arate shield grounds or up to 100 two wire dif-
ferential inputs with a common: shield ground.
Analog data ground may be disconnected from
the chassis and power supply ground for ground-
ing to an external point. (Yoltage differential be-
tween analog data ground and chassis must ot
exceed *.25v)



SWITCHING RATE..

DATA INPUTS........

Input Impedancs...

Source Impedance.

Offsot Currents......

DATA OUTPUTS
‘Level.

Impedance.............
Leading..................

ACCURACY............

Typical Example........

Voltage sutput
{for 5 velts lnput}

...Up to 50,000 switch closures per second.

Switch settling time is approximately 10 usec.
for an accuracy of .01% of £S when the source
impedance is 1,000 ohms or less.

100% duty cycle — no switch closure time lim-
itation as the switch drive is not AC coupled.

... Input lines to the EECO 765 should be on coax

cable. RG 174/U or other sub-miniature cable
is recommended. Pins are provided for ground-
ing the coax shields.
The inputs run directly to connectors for the
channel switch cards or to an input attenuator
terminal boards, The attenuator terminai boards
accept two RN 60 size resistors per channel for
fixed attenuation of the input signals.

... Input for unity g

Input fevels down to +50 mv can be accepted.
When the input is less than =5 volts, the buffer
amplifier gain is adjusted so that the output is
+5 volts. Accuracy at less than =5 volt input
level depends on source impedance and number
of channels.

..... 20,000 megohms and 3 pf per channel in “off"

state. Greater than 100 megohins in parallel
with [1.5 (N-1) +10] pf where N = number of
channels (multiples of 10 up to 100).

....Up to 10,000 ohms.

....0ffset current — switch closed — 7.0 (N-1} na
maximum at 50°C
Leakage current-— switch open — 7.0 na maxi-
mum at 50°C.

Over-voltage rating (no cross-taik) — Up to +9v
and —15v.
Maximum input. without circuit damage — =35v.

Equal to “input. Gain is nominally 1.000 with
*,01% gain linearity.

... Less than .1 ohm,

... Load value should not be less than 250 ohms or
more than 5,000 pf. Maximum current is 60 ma
into a short circuit,

_..Voltage output is the sum of: (for 0 to 50°C)
— input voltage X gain (nominally 1.000)
plus — offset voltage —
= =1 mv +7 x 10-4N-1) { R source +1500) mv
plus — AC cross-talk —
= .,01% of full scale or

'S 10-1 (N-1) (1500 +R source)% of fult scale
whichever is greater

Where f = frequency of Interfenng signal

plus — DC cross-talk —

=.01% of full scale or

=25x10-* (N-1) (R source +1500)% of full
scale whichever is greater

plus — noise —

~.2 mv typical wide band peak-to-peak ampli-
tude

..... 100 channels with 1k ohm source impedance at

50°C worst case
= 5x.9999" = 4.9995 volts
affset voitage = +.0027 volts (.027% of FS}
AC cross talk = .01% of FS up to 400 Hz
f

or = .01% x 400 of FS above 400 Hz
DC cross-talk = .01% of FS
Char{nel to channel gain accuracy — approx.
*,01%
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CONTROL INPUTS....The external command pulse to advance the in-
ternal counter one step and close the switch to
the corresponding input channel may be sup-
plied either to a gated input or non-gated input.

X catelevel......... Gate closed — —6 to —12 vdc
Gate open — 0 to —0.5 vdc {or open circuit}
Impedance — 8.2 k ohms
Open/close delay — 1 usec maximum

}fi" Scan Address Step

) Through Gated

tnput.. .. Positive going pulse or level shift from a —6

to —12 vdc level to 0 vdc steps the counter and
closes the input channel switch.

Rise time — 2 usec maximum

wuiation — 2 usec minimum

tmpedance — 8.2 k ohms

Maximum repetition rate — 50,000/ sec.

J& Scan Address Step
Through Non-Gated
Input....oceene Negative going pulse or levet shift from a 0 vdc
leve! to a negative value of from —6 to —12
vdc steps the counter and closes the input

o ’ channel switch.
< . Rise time —2 psec maximum
-toV RIu 3¢c  Duration — 2 usec minimum

Impedance — 8.2 k ohms
Maximum repetition rate — 50,000/ sec.
A Master Reset............. A negative going pulse or level shift from a 0

vdc level to a negative value of from —6 to
~—12 vdc resets the counter to the 00 position.

o ) All channel switches are open in this position
{except if 100 channels are used in which case
channel 100 corresponds to 00 counter position),

~jov LI 2M4S5€C Channel: number one switch is closed and the
counter is advanced to position 01 on receipt
of the next SCAN ADDRESS STEP command pulse.

Rise time — 2 usec maximum

Duration — 2 usec minimum

Impedance — 8.2 k ohms

A delay of 5 usec is required from the end of

the reset pulse to the next SCAN ADDRESS STEP
command pulses.

OQUTPUT CONTROL SIGNALS
v Start Digitize
Signal.....oooveene An output signal is provided 10 usec after the
. . SCAN ADDRESS STEP. This delay is generally suf-
ficient for the switch to settle to less than
01% of FS. This output signal is normally sup-
plied to the A-D Coaverter to initiate conversion,

Two STARY DIGITIZE outputs are provided —
one a positive going puise from the —6 to —12
v level to 0 vdc end a Egativg_ _going, pulse
J from 0 level to —~6 to —I2 v level.
Rise time — 1 asec maximum
Duration — 2.5 usec
Loading — 1.2 k ohm and 100 pf maximum
25 ,M's €C The delay between receipt of the SCAN ADDRESS
STEP command pulse and the START DIGITIZE
output can be varied by altering the value of one
capacitor.
* Scan Address............. A 2 digit output in BCD form is available to in-
dicate the channel being scanned.
Sixteen output lines are used for this SCAN
ADDRESS signal as both true and complements
are brought out.
“One” level — 0 to =0.5 vdc
“Zero” level — —6 to —10 vdc

-{OV

Rise and fall time — .5 psec



Delay from ADVANCE COUNTER pulse — 2 usec
max.

Loading — 1.2 k ohms -+100 pf max.

Frame First Word......A dc level shift output is produced when the
first channel switch in each frame is closed.
This level is maintained during the time the
first channel switch is closed.

Level ... Quiescent — 6v to —12 vdc
First switch closed — Ov to =0.5 vdc

Dol The interval between receipt of the SCAN AD-
DRESS STEP command pulse to this SCAN AD-

DRESS STEP level shift is approximately 7 usec.
Loading.................. 1.2 k ohms +100 pf maximum

A de level snift output is produced when the
last channel switch in each frame is closed.
This level is maintained during the time the
last channel switch is closed.

Level............. Quiescent — —6v to —12 vde
Last switch closed — Ov to =0.5 vdc
Delay................. The interval between receipt of the SCAN AD-

DRESS STEP command pulse to this FRAME FIRST
WORD level shift is approximately 7.5 usec.

Loading ................. 1.2 k ohms +100 pf maximum

Scan Sync Ou )
for Gated Display...... A dc level shift output is produced when the
channel switch is c&ose'%mrresmndmg to the

oV channel number sEtécted by the front panel
thumbwheel switches.
This level shift is available to gate on the out-
] put display on the ADC so as to display the
=10 digitized output of the selected channel.
' Both a positive and a negative dc level shift
signal is available,
Positive Level )
Shift........................... Quiescent — 6y to —12 vdc

Selected switch closed — Ov to =0.5 vde

Hiﬂﬂn Level
Shift.......... ... Quiescent — Ov to =0.5 vdc

Selected switch ‘closed — —6v to —12 vdc
Delay..................The interval between receipt of the SCAN AD-

DRESS STEP command pulse to this SCAN SYNC
level shift is approximately 4.5 psec.

~ Loading................. 1.2 k ohms +100 pf maximum
INPUT POWER.......... 117 vac £10% — 50 to 400 Hz — 25 watls

PHYSICAL................19" wide—7" high—19%" deep including
mating connectors.
Weight — 35 pounds
Chassis sides drilled for both Chassis Trak CTD
120 tilt slides and Chassis Trak CTN 116 non-
tilt slides.

Finish— FED-STD 595-26231, Grey
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ENVIRONMENT.......... Operating temperature range — 0°C to +50°C
CONNECTORS.....

... Analog Input —

J1 through J10 — wired to attenuator termi-
nal board or to furnished card connectors.

Analog Output —
J11 —BNC UG 1094A/U

Control input and output —

J12 Winchester 50 pin XAC 508F2006

Grounds
Separate bind ts, isolated from the chas-
sis, are prmn mloc and digital (power
swpplﬂ grounds.

Matmg l:oﬂnactnrs suppliad

ORDERING INFORMATION
When ordering specify —
— Model 765-1 with frame patch
— Model 765-2 without frame patch
— Number of input channels and type (i.e., single wire, etc.)
— If attenuating resistors are to be supplied
— Full scale level of input
— If channel selection by remote address is required

EECO 760A

Up to 14 bits binary or 4 decimal digits and sign. Con-
version rates up to 60,000/sec.

EECO Analog to
Digital Converters

|
W e, Y o |

EECO 762 |

Multi channel ADC. Combined analog multiplexer and
analog to digital converter...Up to 14 bits binary or

~ 4 BCD and sign.
HOME OFFICE: WASHINGTON D.C. OFFICE:
- 1601 E. Chestnut Avenue, P.O. Box 58  Parkway Wild“ll Sulte 314, ml Mnmlln Road
Electronic Engineering Company Santa Ana, California 92702 adens “?”Ila%ig

of California

Phone: (714) 547-5501

Printed in US A
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SECTION 1
CHARACTERISTICS

General Description

The Type RM564 Storage Oscilloscope is a special-purpose
oscilloscope designed to store cathode-ray tybe displays for 20
viewing or photographing up to an hour after application of
the input signal. In addition, the instrument can be operated
as a conventional oscilloscope. The physical dimensions of
the Type RM564 permit it ta be mounted in a standard 19-
inch rack, using only 7 inches of vertical space. Since it is
compatible with all Tektronix 2-Series and 3-Series plug-in
units, the Type RM564 can be operated in a variety of modes
including differential, multi-trace, wide-band, sampling and
delayed sweep.

Y
o

—
(A) T5640-200

15\

™
(-]

Writing Speed  (Cm/millisec)

10 20
Brj '

righ,

\""t’i\ Writing SPeeq
——

~a

— 10

Contrast {Trace/Boackground)

The two separale storage screens of the cathode-ray tube Contrast Ratio

provide convenience and versatility for comparison and 0
analysis of waveforms. Display storage is also convenient 0 500 100 1500 2000 2500
for photography and detailed viewing of single-sweep dis-
plays and extremely low-frequency waveforms (< 60 cps).
You may use either the upper or lower storage screen in
storage mode while the other screen is operated in non-
store, or you may operate both screens together in either 0 500 1000 1500 2000 2500

storage or non-store mode, “°T'8) 15690-201 200

Brightness (Foot Lamberts) and

Hours of Operalion in Stored Mods

15 150

.Caihode-Ray Stbrage Tube {Patenis Pending} el Writing 50,

— 100

3 Contrust Ratio =150
i — e
5"9';"1-::
-0

Type—Tektronix-manufactured T5640-200 for the siand.
ard instrument; T5640-201 for the Type RM564 (Mod 08)
Oscilloscope. The crt is warranted under the Tektronix
instrument worranty given in the front of this manual.

Brightnass {Foot Lamberts) and
Contrast {Troce/Backgreund)

Writing Spead (Cm/millisec)

Envelope—Rectangular, 4-inch x 5-inch ceramic and glass;
flat glass faceplate.

©

Screen—8-cm X 10-cm viewing grea divided into 4-cm X
:10-cm upper and lower storage screens. Each screen
has its own operating-level and erase circuitry for stor-
age operation, '

Fig. 1-1, Yypicol changes In writing speed, brigh and con-
trols for the T5640-200 und T5640-201 «crts.

Accelerating Voltage—3.5 kv. ‘
Erase Modes—Manual: front-panel DISPLAY switches.

Deflection—Electrostatic. Remote: rear-panel remote-erase jack. A 9-pin plug

o ’ _ that mates with the remote-erase jack may be ordered

Deflection-Plate Sensitivity—Horizontal: approximately through your Tektronix Field Office. - Tektronix part’
18.5 volts/cm. Vertical: approximately 19.5 volts/cm. number for the plug is 134-049.. :

Unblank’ing——‘Deﬂecﬁon»Iype,- dc-coupled; =88  volts Erase ‘imo—Approximately 250 msec.

approximate cutoff. Writing Speed, Brightness and Conirast—See Table 1-1

for minimum performance specifications and Fig. 1-1 for

Intensity M°d"|°|i°h~|“'ef"°|§ grid. External: cathode, expected crt life characteristics. The hours of operation
Typically @ 3-volt external signal will produce visible shown are the hours the crt is used in the storage mode
"intensity modulation. with repetitive writing, storing and erasing.

Focus—Electrostatic. Writing Speed Increase [using trace enhancement)—

- Approximately 10:1 for T5640-200 crf; approximately
- Storage Duration—At least one hour. 5:1 for T5640-201 crt,



Characteristics—Type RM564

TABLE 1-1

Storage Screen Specificqtions
{Center 6 x 8 cm area)

Characteristic Type Type
T5640-200 | T5640-201

Minimum Initial Writing Speed | 25 Cm/mSec | 100 Cm/mSec
{60 pamp beam current} :

Minimum Initial Brightness é-Foot- 2-Foot-
Lamberts Lamberts
Minimum Display-to-Back- 2:1 2:1

ground Contrast Ratio

Graticule
Type—External.

M~rkings—8 vertical and 10 horizontal 1-cm divisions;
2.mm marks along the vertical and horizontal center-
lines.

lumindtion—Variable edge lighting‘udjusted with front-
panel SCALE HlUM contral.

Calibrator
Waveform—Square-wave signal at power-line frequency.

Output Voltage—1 millivolt ta 100 volts peak-to-peak in
6 calibrated decade steps; within 3% of indicated volt-
age into high-impedance load. Output amplitude at
1V positian is 0.1 volt into a 50-ahm load.

Risetime—5 usec or less,

Instrument Power

Une Voitage—105 to 125 volts {117 volts nominal), or
. 210 to 250 vaits {234 volts nominal), single-phase ac.

Line Frequency—50 to 60cps.

Power Consymption [with plug-in units)—Maximum of
250 watts. . .

Fﬁse—S-amp slaw-blowing ryp§ for 117-volt operation;
1.6-amp slow-blawing type for 234-valt operation.
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Ventilation

Type—Forced-air cooling.

Overheat Protection—Thermal cutout interrupts instru-
ment power if temperature exceeds safe operating level
{ambient air 122*° F maximum}; restores power auto-
matically when temperature drops below reset level of
cutout {approximately 115° f).

Mechanical Characteristics

Construction—Aluminum-alloy chassis and panels. Top
and bottom panels separately removable. Phato-etched
anodized front panel.

Dimensions—Height: 7 inches, Width: 19 inches. Depth:
20Y, inches, excluding right-angle pawer card. Addi-
tional dimensional infarmation may be found on the
Dimension Drawing foldout sheet at the rear of this
manual,

Weight—31 pounds withaut plug-in units,

Standard Accessories
1—Palarized viewer, 016-039.
1—3.wire power cbrd, 161-013.
2——Instr'uc‘tion manuals, 070-415.
1—3- to 2-wire adapter, 103-013.
2—BNC to binding-post adqprers, 103-033.
1—Red fest lead, 012-031.

Optional Accessories Available

. Slideout track mounting assembly {Mod 171), 351-050.
Cradle mounting assembly, 040-344, ’
8lank plug-in unit, 040-245,

See current Tektronix catalog for 2-Series and 3-Series
plug-in units. '
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BURR-BROWN | BURR-BROWN MODEL

sawpLe A o/ |663/16

SWITCHED INTEGRATOR

FUNCTION MODULE

SPECIFICATIONS - Parformance at 25°C and with roted supply.

Min, Typs '§ Max, Units

SAMPLE & HOLD
inputs  * Single endad; 1 or 2 signals may be summed
Input Impedonce 2 ko
Input Slw' Level - Operating . + 10 v

- Absolute Maximum + 15 v
Overlood Recovery Time ms

Voltoge Gain
Gain Accuracy at de : %
Small Signal Fraquency Response, +3 dB 2 .

Qutput
Qutput impedance 0. ~

Rated Output = Voltage , v 1.083"
= Current mA max
Maximum Frequency for Rated Output kHz -

Output Voltage Drift in HOLD (for 10 ms) ladj to %1 mv Module Weight 20 oz, maximum
vs, Temperature , E

TR . Temparatore *2 e | ® toys cauisirion Time
vs. Supply ® 50 as APERTURE TIME
Aperture Time ) j 50 ns - © DUAL SUMMING INPUT
Acquisition Time {to 0. 059% for full-scale input ® 0.1% 1.5 FURCTION ACCURACY
voltage step) 10 | s
SWITCHED INTEGRATOR . THE MODEL 1663/M............is¢ sample
integrator Inputs ) Single ended; 1 or 2 sigmhmybowmmeﬂ andhold or switched Integrator module desi

input Impedance - Ist input i0 ko for+10V service. Ahigh-poln current amplifier
= 2nd input 100 kn ~ Is used In conjunction with o high-gain wide
Integrator Input Feedthrough in RESET (for x10V) z 2 mVv bandwidth operational amplifier to achieve
- - - very ropid lnnaru'or rest rates, . Digital
Initial Condition Inputs Single snded; 1.or 2 signals may be logle is Included to provide nofse
Voltage Gain = Ist input : s immunity and unife itching rates. The
e - 2nd ?r’:uy 1;, switching time is essentially independent of
Gain Accuracy . % the control signal rise time,

Output ' Epoxy sncopsuloted submodules smployingsili-
Ovtput impedance con semiconduciors for operation over a wide
Rated Output - Voltage . . temparature range are instailed in this Burr~
=~ Current Srown 1600 Seties unit, The unit may be

Output Veltage Drift in COMPUTE (for 10 ms} . ad} to £} mV accurotely balanced by means of three self-
Vh Temperature 3.5 contoined zero controls. Circuit protection

5. Supply 4.3 is Incorporoted to prevent damcge to the input
Swhchmg Times ~ Compute 50 stoge due to input overvoltage and to the output
~Raset (fo within 0.l%ofinmulcondmonlnpun) stage due to short clrcult, Operating power

is obtained from external, reguioted power
SWITCH CONTROL SIGNAL REQUIREMENTS awppliet. :

TRACK (RESET) - - 0 .
i Tigw T U ’ . EXTERNAL CONMECTIONS

Nalse Immunity -6V ISFSEC ) A Burndy EC4205P5 mating connector, along

- with hardware for securing the connector to

TEMPERATURE RANGE . the accessory rack adapter, is furnished with

Specification the unit, External connactions are made to the
Operating : connector pins as followas

> Pin A Case Ground
POWER SUPPLY REQUIREMENTS . . PinB  Common

Rated Supply Voltage . : Pin C  Switch Control Signal

Voltoge Ronge + 18 Vdc Pin D Ou'pu_t

Supply Drain = Quiescent + 35 mA PinE  Positive Powsr, +15 Vdc

~ Rated Output + 60 mA Pin F Negative Power, ~15 Vde
Supply Regulotion 0.1 % ) PinH  Input }=Unity Oain, Track.or Raset
Noise and Ripple H mV, ms PinJ  Input 2=Unity Gain, Track or Reset
- Pin Ki  Input 3= integrator Goin of 104

Pinl  lInput 4= Integrator Gain of 103

Specifications subject to change without notice, PDS-168  7/67




APPENDIX D
PHONEME DATA SET

The data set of phonetic sounds which was compiled as a part of
this thesis, is included in this appendix. Eleven phonemes were voiced
by 3 males and 2 females, each over an octave of vocal pitch. Table
XII includes a tabular listing of this data set. At the top of each
sample the phoneme and speaker are identified accorging to Tables V and
VI. The parameter identified as "TM" is a number equal to 20 times the
maximum voltage applied to the ‘Analog-to-Digital Coﬂverter during the
sampling of the 97 filter bank channels. This parameter is used to
normalize all of these inputs to whole numbers between 99 and 0. The
channel from which TM was derived has a value of 99 in Table XII.

The Speech Tracker output was also recorded at the top of each
sample as the parameter "ST'". The number which is recorded is 20 times
the voltage read by the Analog-to-Digital Converter.

All of the data samples of Table XII are plotted in Figures D.l
through D.28 with the aid of the IBM 1620 Computer and associated
Calcomp 565 Plotter, The effect of pitch changes can be observed by

vertically scanning each figure.

1an



TABLE XII

THE PHONEME DATA SET
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o

'SPEAKER=1
28 5 1 4
1 0 0 2
16 47 52 .26
7 921 35
0 0 3 2
SPEAKER=1
3 11 29 11
0o 1 1 1
14 17 57 99
30 67 41 60
0 1 4 O
SPEAKER=1
3 1.0 5
8 19 3 1
10 23 75 32
23 27 7% 67
9 8 11 14
SPEAKER=1
9 0 0 1.
4 14 31 10
8 10 34 59
9 19 20 50
8 12 9 3
SPEAKER=1
2 0 0 1
2 1 1 5
41 93 37 19
7 10 22 2%
2 1 3 3
SPEAKER=1
0 1 0 2
9 1 0 1
8 11 31 46
3 1 2 6
3 0 1 ©
PEAKER=1
3 1 0 2
21 o0 2
17 11 16 16
4 5 6 22
1 ¢ 5 5

PHONEME=
0 0 0O
C 4 1

50 99 35

56 35 19
2 1 3

PHONEME=
2 2 0
0 3 0

57 30 29

14 12 7
3 2 2

PHONEME =
20 37 12
0 0 O°
23 33 90
99 46 19
13 6 4

PHONEME =
5 16 33
2 2 0

26 16 22

46 99 31
8 7 4

PHONEME=
1 0 2
9 30 8

27 46 99

56 31 39
3 2 2

PHONEME=

1
0
0

15

15

PITCH=100

TM= 62450 ST= 92,70
0O 0 2 1 0 3 2 318 7 0 O
0O 0 2 2 8 &5 2 2 61l 71 9
10 8 6 5 4 4 4 3 4 3 2 5
7 6 7 41017 2412 6 3 1 1
0 1 0 0 0 1 0 1 &
PITCH=110 TM= 59,00 ST= 89,00
0 1 01 2 1 02 0 1110 1
1 1 0 2 2 2 &4 6 4 5 14 44
9 9 9 5 5 4 5 9 5 8 12 33
7 5 6 920372111 4 2 &4 2
3 1.0 0 0 O 1 1 2
PITCH=123 TM= 72460 ST= 96400
3 1.3 00 0 0 0 0 1 1 2
0 2 7 3 0 2 1 0 3 6 3 6
14 12 8 6 5 7 5 .5 6 611 11
8 910 914 24'11°10 8 6 9 11
2 3 3 2 2 2 11 3 .
PITCH=130 TM= 83,00 ST= 95,460
7-1.0 0 0 0 0 0 0 1 2 2
2 2 414 6 1 12" 1 516 7
24 13 711 4 2 4 2 1 4 4 8
13 9111013 1312 6 .8 5 5 &
1 0 2 2.2-1.3 0 1
PITCH=146 TM= 78400 = ST= 95,60
254513 6 2 1 1 0 0,1 1 1
3 2 3 2 2 312 4 5 6 9 18
1311 9 6 4 5 4 2 2 5 1 1
9 7 9 7 4 % 5 4 2 &4 .3 5.
0 1 2 1.1 2 1 01 :
PITCH=164 TM= 55,50 ST= 87,10
3 31026792113 6 1 4 1 0
49 14 6 4, 0 3 6 9 22 62 29 13
23 5112 6°3°7 4 1 2 5.1 1
7 6 6 3.2 2 8 5 3 3 3 2
1 1 3 0 0.0.1.0 1
PITCH=174 TM= 57,40 ST= 92440
1 2 6 8326322 7 2 3 01
24 48 16 8 4 6 4 7 14 26 99 52
7195221 7 7 8 3 1 1 0 2
8 5 6 3 7 6 82611 7 1 3
0 11 0 1 1 2 1 5



SPEAKER=1
264 2 0 1
0 .0 1 O
8 14 10 &4
2 2 3 1
0 1 &4 O

SPEAKER=1
4 18 41 17
0 0 0 O
22 9 8 2
3 8 5 8
6 6 6 1

SPEAKER=1
1 1 2 1
722 6 1
9 13 44 16
2 3 5 &4
310 20 9

SPEAKER=1
1 1 1 3
310 27 9
16 11 19 34
1 2 0 3
3 2 11
SPEAKER=1
0 0 0 2
0 1 0 5
27 74 32 12
6 3 7 4
5 3 & 2

- SPEAKER=1
o0 1 1 1
.0 2 2 2
18 14 19 16
7 4 9 10
.7 14 30 15

SPEAKER=]
2 1 0 4
2 2 1 4
31 1 4
2 0 0 3
1 0 2 2

P

PHONEME
1
10

-0 C 0O
' o
O~NNNO N

PHONEME=
8 15 36

—
W E oW

~JU1m(Dh)I

PHONEME
VI |
1 6

30 14
3 4

15 7

H>POOCOH

PHONEME

= OoOWoo
O O -\ =
SO PO

PWOON

TABLE XIT (Continued)

2

—
[eNeNoNoNe

N

N

N OO

N

Wi~ oON ™ == OO £SO whNh O

W =W O

ONO WK

PITCH=100

1 2 1 0
3 4 6 11
1 3 2 2
1711 7 5
1 1 0 1
PITCH=110
1 0 0 O
3 1 1 3
3 2 1 0
45 64 99 45
7 6 6 1
PITCH=123
1 1 1 0
3 519 11
1 3 2 -2
48 90 64 39
3 4 +1 3
PITCH=130
5 0 1 1
3 2 716
3 2 2 2
57 38 14 9.
1 1 1 O
PITCH=146
23 52 16 ' 7
6 5 8 9
2 411 6
59 36 52 20
4 7.8 4
PITCH=164
3 4 819
51 18 10 - 9
3 4 1 3
12 26 14 10
4 2 4 4
PITCH=174
2 511 20
47 61 22 10
0 2 2 0
0 2 3 1

0 1 1 O

TM= 70490

0 0 0 5
25 8 8 14
3 2 0 1
9 10 16 11
1 0 0 1
TM= 64480
1 0 1 2
6 12 46 16
4 3 4 9
22 25 37 33
2 0 0 1
TM= 64490
2 0 0 0
6 4 8 14
5 6 2 3
29 30 49 41
2 2 1 3
TM= 95420
1 1 2 o
11 7 911
0 2 4 2

610 13 11
00 10
M= 75450
2 2 3 1.
15 28 99 58
T2 413 3
15 22 28 14
171 1.0
TM= 95,60 .
65 19 10 6
10 12 18 26
511 7 4
9 10 6 10
2-'o 2 2
4 TM= 52430
'65 99 38 16
3 4 1 1
1 3 0 0
3 3 1.1
1 2 1 0
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ST= 92,460

11 3 1 2
41 99 28 16
0O 0 1 2
5 3 2 3
0
ST= 94,490
2 7 24 3
10 9 28 71
3 4 5 4
14 15 15 12
0
ST= 95,20
0 0 1 2
42 99 29 16
2 0 2 2
14 6 &4 6
2
" ST=. 97480
.0 0 1 0
22 42 99 39
3 8 2 7
3 4 4 4
;
ST= 964,60
1 3 1 ©
25 14 10 13
4 12 3 6.
6 '5 4 &4
1
ST= 96,70
1 1 2 1
57 99 83 39
4 9 3 4
12 6 6 6
4
$T= 73.90
4 5 1 2
3 822 6
0O 0 0 O
1 0 0 1
3 .



SPEAKER=1
7 1 1 1
0 0 0 O
99 38 33 36
6 11 14 25
2 4 4 1
SPEAKER=1
9 24 47 18
0 0 0 1
18 17 56 99
9 15 24 43
5 2 6 3
SPEAKER=1
0 2 0 5
8 40 12 6
14 25 99 88
6 7 8 20
3 515 13
SPEAKER=1
2 0 2 9
6 13 36 33
28 19 46 65
9 11 22 32
3 410 6
SPEAKER=1
0 0 1 1
0 2 2 &
50 99 75 29
7 511 7
5 12 32 26
SPEAKER=1
1 0 1 1
2 1 3 2
12 18 53 72
6 6 16 11
0 3 9 8
SPEAKER=1
0 1 o 2
0 1 o0 1
12 7 8 8
4 4 4 19
1 0 0 O

1 3 0
1

PHONEME=
8 3 0
1 1 0

45 23 14

85 61 33
5 1 3

PHONEME=

14 46 19

2 3 1
32 18 22
54 50 62
8 1 3

PHONEME=
17 31 69
7 7 5
90 39 20

47 6265

9 9. 6

PHONEME=

3.5 4
10 47 17

23 21 43

15 17 45
le 6 3

PHONEME =
0 1 1
1 6 11

99 47 23

12 18 21
8 4 2

PHONEME=
1 1 o
1 2 2

28 26 7

18 32 54
1 0 2

TABLE XII (Continued)

PITCH=100
2 0 0 O
4 1 4 5
6 5 2 2
17 11 10 11
5 6 3 5
PITCH=110
0O 0 0 O
2 0 0 1
5 5 5 3
14 10 11 8
3 4 5 1
PITCH=123
2 0 1 1
3 212 18
6 512 6
18 10 11 7
2 1 2 1
PITCH=130
22 1 4 2
4 5 6 9
20 13 5 5
17 14 12 10
2 4 3 2
PITCH=146
28 64 17 10
8 4 4 4
11 9 16 15
18 8 6 6
7 9 4 5
PITCH=164 .
6 7 14 30
50 18 10 7
10 11 4 5
9 6 3 3
1 2 0 1
PITCH=174 "
1 0 3 7
29 41 13 6
2 4 9 2
23 912 5
0

1 0 2

TM= 54,90

0 0 6 14
2 0 6 14
2 0 3 3
13 21 40 42
0 0 0 1
TM= 65420
0 1 2 1
0 2 6 5
2 3 5 .5
12 23 43 34
0- 0 1 0
TM= 48480
o1 2 1
1 3 6 8
0 3 4 1
5 810 7
0 1 3 1
TM= 71,60
3 2 3 2
23 10 8 11
4 412 11
13- 21 23 19
2 1 01
TM= 95490
6 2.3 3
5 6 26 22
7 623 10
5 5.6 .9
2 2 4 5
T™M= 95.60 v
63 1610 5
7 6 '8 14
"6 9 4 4
4 4 7 15
1 0 1 3
. TM= 56460
29 48 17 6
"1 3 85 6
0 1 5 1
4 3 4 5
0 0 1 O
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ST= 93,40
2 1.3 0
27 12 21 41
2 3 6 5
12 13 8 6
5 _
ST= 96470
1 712 1
6 10 24 54
3 6 4 6
12 7 6 6
2
ST= 94,30
0 3 2 2
20 56 35 17
2 5 2 2
7 8 4 3
4
ST= 95,40
3 2 2 3
20 27 88 99
5 6 5 11
12 1210 9
3.
ST= 96470
1 1 2 1
12 10 18 27
4 8 5 6
9°11.11 7
4 \ :
ST= 96420
2 1 2 2
36 90 29 17
2 2 310
10 6 8 5
2
ST= 95,30
1 4 1 0
15 30 99 37
1 4 2 1
2 4 2 1
> ,



SPEAKER=1
99 21
4

W wpwm
WO We
[ N S

3
2
2
SPEAKER=1 °

16 37 23
2

fo Y SRSV
~SNoN N
WP W

1
2
6

SPEAKER=1
0 1 1

20 58 14
1 1 1
1 3 0

21 24 19

MOO wWww

SPEAKER=1
1 0 o0 2
5 6 17 17
4 1 1 1
3 2 3 4
21 16 11 5

SPEAKER=1
0 1 0

4 8 71
4 9 6

2 4 0

7 10 13

BwOMNOO

SPEAKER=1

m
>
PO =R QOOoOON
m
o)
W ON N
- NwW P,

(UNeoNeolleNoly |
— O = W

PHONEME=
5 2 0
22 94 28
7 1 0
7 3 5
5 2 3

PHONEME=

0

O =
MW ONOM
4
= m
PORLWVWPEH

O

0

=2
m
x
m
]

-
COOOW |

N
N 0WXI W LWWI

0
- O =W,

PHONEME=

O
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TABLE XII (Continued)

4

-
Wl g

£ O N

OWNMNO®

>

(= 3
—NO~r-

= WA=

PITCH=100
2 0 4 5
13 7 25 51
1 0 3 2
10 13 39 53
o 0 1 2
PITCH=110
1 0 2 1
37 8 5 4
0o 0 1 1
10 11 22 37
3 4 5 6
PITCH=123
4 0 0 O
19 31 99 54
3 3 1 1
7 8 12 19
3 6 8 15
. PITCH=130
7 1 2 O
10 11 25 38
3 2 3 3
12 20 48 57
2 6 5 5
PITCH=146
31 70 54 25
24 13 10 12
2 3 1 4
5 4 14 16
0 0 1 2
PITCH=164
3 6 14 26
66 56 20 7
0o 1 1 0
1 2 3 3
0 3 0 O
PITCH=174
1 0 3 6
48 99 41 18
0 0 0o O
1 1 2 1

0 0 1 O

TM= 314,60
2 315 24
75 25 14 5
2 2 6 1
47 45 40 49
0 2 3 2
TM= 55,50
1 1 4 1
2 211 2
0 2 3 1
70 72 89 99
1 2 2 2
TM= 45,20
0 0 2 2
15 5 &4 4
1 1 1 1
40 65 37 36
11 7 5 4
TM= 71410
000 1 O
92 32 14 6
2 1 4 1
99 41 41 39
3 5 2 1
TM= 51,00
11 3 6 4
11 15 44 99
1 0.1 0
28 8 10 16
1 0 3 0
TM= 48,60
99 83 34 15
4 3 2 2
1 2 2 1
10 18 7 5
0 0 o0 1
TM= 84020
20 49 23 9
7 5 &4 3
0 0 1 0
2 4 9 4
0 0 0 O
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OOV W

- 8T= 94,90
31 15 6 O
3 .6 2 0
0 1 0 O
23 16 5 3
3
ST= 96400
1 8 34 &6
0 1 0 O
0 3 0 O
78 38 17 12
3
ST= 95.20
1. 2 7 7
3.7 4 O
0 1 3 1
56 83 48 32
7 .
ST= 96410
.12 2 1
6. 4 6 4
1 3 0 2
29 17 11 20
1
ST= 95440
0 4 5
29 13 7
o 1. 1
24 10 7
o
ST= 84,70
6 5 1 1
5 819 4
4 0 0 O
10 5 2 4
3
ST= 90490
2 3.1 O
3 5 11 4
0 2 0 O
612 4 3
1



SPEAKER=1
34 7 3 2
0 0 0 ©°
8 25 30 19
7 5 2 3
0O 0 0 ©
SPEAKER=1
1 4 15 10
0O 0 0 O
10 11 38 62
7 5 4 3
1 1 3 1
SPEAKER=1
1 1 0 4
922 5 2
4 10 36 16
19 12 15 10
4 5 & 2
SPEAKER=1
1 1 2 4
4 10 29 18
14 18 56 87
20 14 11 8
0 2 3 1
SPEAKER=1
0o 1 1 2
0 1 1 5

34 99 47 20
23 12 7 5

0 310 9
SPEAKER=1

1 0 1 3

0 0 1 2

6 5 22 30
38 15 8 7

2 512 3
SPEAKER=1

60 1 0 2

¢ 0 0 1
15 811 8
22. 27 6 4

2 1 2 0

PHONEME=
2 0 0
1 2 0

52 99 38
3 2 2
1 0 1

PHONEME =
1 1 0
0.0 ©

46 29 54
2 2 2
1 1 2

PHONEME=

11 25 10
0 1 o0

14 21 56
5 4 4
2 1 2

PHONEME =
8 18 40
3 3 1

76 39 48
4 5 3
2 2 2

PHONEME=.
0 2 0
8 39 10

27 48 86
4 3 3
7 3 2

PHONEME=
1 1 1
1 6 11

56 24 17
2 3 3
1 1 2

PHONEME=
1 2 0
1 3 4

25 33 11
1 0 2
0 0 1

TABLE Xif (Continued)

PITCH=100
0 0 1 O
0o 0o 1 2
42 19 21 35
2 1 3 2
0 0 0 O
PITCH=110
0O 1 0 O
1 1 1 1
29 23 40 19
3 3 6 5
1 1 o0 1
PITCH=123
1 0 1 O
0o 1 5 2
13 16 25 13
3 3 4 2
0O 1 0 0O
PITCH=130
16 5 2 2
3 3 511
99 45 22 37
.3 4 6 5
0 1 0 1
PITCH=146
18 46 9 &4
4 2 1 3
17 21 44 24
3 1 2 2
1 1 0 1
PITCH=164
2 4 11 25
68 23 10 5
46 99 38 20
2 3 2 1
1 2 0 O
PITCH=174
2 1 4 9
36 67 23 10
10 21.65 25
2 2 4 1

0 1 2 O

TM= 90450
0 0 3 &4
2 1 2 2
13 16 22 44
2 4 5 5
0 0 0 O
TM= 77480
0 0 0 O
1 1 7 3
13 10 22 50
913 9 5§
1 0 0 O
TM= 95450
0 1 0 O
1 1 1 1
26 39 20 27
3 2 2 5
0 0 0 O
TM= 57490
2 0 1 o
16 5 &4 5
23 15 24 25
5 4 6 8
1 0 1 2
TM= 54490
2 1 1 1
3 6 25 .22
‘12 16 .26 16
4 4 15 12
0 0 1 1
TM= 49,70
74 19 10 &
4 4 5 9.
26 48 25 19
2 1.0 2
0 0 0 1
TM= 51430
34 75 30 12
3 4 5 7
10 8 26 11
1 0 0 0
0 0 0 O
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ST= 97,30
16 6 1 O
2 5 4 4
36 42 34 17
2 4 3 2
1
ST= 95440
1 415 3
4 4 8 25
26 64 35 17
2 2 4 4
1
ST= 96460
0O 0 1 3
510 3 3
33 43 99 45
5 3 3 4
1
"ST= 96,410
0 -0 2 2
8 11 51 29
40 91 41 55
3 2 3 4
2
ST= 94480
0. 0 0 O
8 6 9 16
23 52 22 42
2 "2 2 2
2 -
ST= 96450
2.1 0 O
23 59 31 13
37 68 24 33
3 3 4 6
3
ST= 86430
3 5 2 0
15 27 99 49
9 24 49 16
0 2 2 2
2 .



SPEAKER=1
45 9 3 4
0 0 0 1
17 22 24 11
2 2 2 5
1 0 1 0
SPEAKER=1
4 17 29 9
2 2 0 O
26 13 14 14
1 2 1 1
4 6 6 2
SPEAKER=1
1 1 1 4
9 27 6 3
13 21 65 27
2 2 4 4
0 3 6 O
SPEAKER=1
0 1 1 2
2 11 20 6
13 10 15 19
0°2 0 1
0 1 1 0
SPEAKER=1
0 1 1 1
0 1 1 4
37 99 43 16
1 1 0 0
0 2 4 1
SPEAKER=1
1 1 0 2
2 1 0 2
15 9 13 14
3 1701
2 0 1.1
SPEAKER=1
1 2 1 2
2 3 1 2
26 14 13 8
1 2 0 1
0 0 0 O

PHONEME=
2 1 0
1 7 &4
23 43 16
2 1 2
1 1 1

PHONEME=
2 1

WN =
=== O

1
61
0
1

PHONEME =
12 27 10
0 2 1
12 10 16
5 4 2
1 1 0°

PHONEME =
16 34

O+ -~dr- WU,
O =W
OO WM

PHONEME =

1 4 1
10 47 13
15.21 41

2 2 3

2 1 O

PHONEME=
2 2 1
2 4 8

38 11 7
6 o0 1
0 0 1

PHONEME =
3 1 0
4 5 6

10 15 7
1 1 1
1 1 1

TABLE XII (Continued)

6
1
4

11
4

0

PITCH=100
0 0 0 O
5 4 710
22 10 5 6
1 2 3 1
0 0 1 1
PITCH=110
1 1 2 2
6 2 4 6
7 15 21 11
2 0 3 2
0 0 1 1
PITCH=123
2 1 1 0
5 9 30 17
6 10 18 10
6 8 3 2
0 0 0 O
PITCH=130
4 1 0 1
6 7 17 40
6 4 11 21
2 1 1 1
1 0.0 1
PITCH=146
23 55 11 -6
7 3 3 5
14 22 83 50
6 3 5 &5
1 1 0 2
PITCH=164
6 5 13 26

64 25 13 7
19 49 17 10
2 1 4 1

01 2 1
PITCH=174
3 0 611
38 88 53 22
8 16 69 47
1 0 1 1
o 0 0 1

Il

TM= 90,90

L0001 2 2
30 15 16 21
3 4 4 3
0 0 1 0
0 0 0 O
TM= 46430
0O 0 1 0
9.22 55 16
30 15 7 2
3 512 5
0 1 2 0
TM= 95,90
1 0 0 O
9 8 13 20
23 36 12 17
3 3 2 3
06 0 -0 1
TM= 94,0
1 0 1 1.
21 8 9 11
5 3 7 2
1 0 o0 1
0 0 0 O
TM= 56440
3 1 2 2
8 13 61 33
2020 43 16
4 32 2
00 O O°
TM= 59410
99 44 22 9-
5 6 10 13
16 37 23 6.
1 1.1 0
01 0 O
TM= 56410
Bl 74 56 21
9 7 9 9
12 8 20 17
o 1 2 2
0o 0 1 1
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ST= 95,80
8 4 1 0
49 99 70 33
2 3 2 &
1 2 6 &
2
ST= 91,90
0 10 23 3
11 16 46 99
01 0 ©
1 2 2 2
1 ,
ST= 96430
00 2 4
52 99 39 23
3 2 3 2
1 1 1 1°
0 .
ST= 95,60
0 0 2 Y
22 43 99 34
o 1 1 1
00 1 1
0 .
ST= 93,20
‘11 2 0
14 9 12 17
5 6 4 2
0.1 2 1
o0
ST= 93,80
4 6 3 1
36 84 73 29
¢ 3 1 3
1
§T= 97430
5 6 4 0
15 24 79 99
3 4 3. 0
0 3 1 0
) _



SPEAKER=1
25 14 5 3
1 1 0 O
25 59 99 40
2 4 1 2
0 1 1 0
SPEAKER=1
5 12 24 10
3 1 0 2
15 18 59 99
3 3 1 3
1 1 1 1
SPEAKER=1
1 1 1 5
10 32 8 4
16 32 99 51
2 1 0 1
D0 0 O
SPEAKER=1
1 0 0 &
5 17 40 15
16 19 61 99
3 5 3 3
0 1 3 1
SPEAKER=1 -
¢ 6 0 1
Q 0 1 3
34 99 84 32
2 1 2 1.
0 0 2 O
SPEAKER=1
1 1 3 3
S0 1 2 1
10 11 27 28
8§ ¢ % 8
SPEAKER=1
0 0 0 1
0 0 0 O
17 13 26 25
2 1 0 1

1 0 1 1

PHONEME =
1 1 0
0 3 3

26 24 14
1 0 1
1 0 0

PHONEME =
'3 0 0
0 0 1

50 29 48
2 1 2
1 0 1

PHONEME =

17 43 21
2 2 1

28 24 56
2 01 1
1 0 1

PHONEME=
7 20 44
3 4 2

57 29 24
1 3 2
1 1 0

PHONEME =
0 2 2
4 35 19

27 34 86
0 1 1
0 1 0

PHONEME=
0.2 0
0 4 &4

80 35 17
I 3 %

PHONEME =
1 1 0
o 1 1

79 99 41
0 0 1

1 0 0

TABLE XII (Continued)

1
3
21
2

0

PITCH=100
1 0 0 1
2 1 2 4
49 29 18 37
4 3 5 4
0 0 0 1
PITCH=110
0 0 1 0
2 2 2 2
22 33 54 28
1 3 4 4
0 1 1 0
PITCH=123
4 0 1 1
3 316 10
13 16 41 20
2 2 3 3
0O 0 0 O
PITCH=130
10 4 1 0
4 4 715
26 15 23 46
4 3 3 3
0 1 0 O
PITCH=146
16 41 24 10
5 4 3 3
23 17 25 36
2 2 2 2
0 1 0 1
PITCH=164 -
3 4 9 24
58 20 6 6

38 99 37 23

2808 1

PITCH=174 .
1 0o 1 3
10 18 7 4
11 10 20 9
1 1 3 1
0O 0 1 0

3

TM= 94,60
0O 0 4 7
5 4 4 6
12 6 6 3
2 1 2 1
0 0 1 O
TM= 95440
0 2 1 1
2 4 6 3
49 39 22 26
8 6 11 8
01 0 0
TM= 95,10
0 0 2 0
3 3 6 7
23 46 18 11
3 2 2 1
0O 0 0 O
TM= B1.,90
1 0 0 1
13 5 5 7
18 15 35 17
4 2 2 3
1 0 0 1
TM= T1.10
4 2 1 1
4 5 18 32
‘15 13 46 22
4 21 3
1 0 0 1
TM= 39,80
98 28 13 6.
5 4 815
27 50 37 18.

58112

_ TM= 95,70

13 31 12 4
2 4 6 7
6 725 10
1 1 0.0
0 0 0 O

197

ST=s 96450
28 24 7 2
10 24 29 19

1 2 1 1.

0O 0 1 0

0

ST= 96,80 -

313 27 7

5 7 16 40

8 8- 3 &6

2 1 0 1

1

ST= 96460

0 1 3 3
20 49 16 13
1o 5 2 1

0 1 0 O

1
- 8T= 95,60
1 1 3 &4
14 24 82 37
18 24 7 5

0 0+1 1

0]

ST= 88,00

1 0 1 1
13. 8 13 20

6 4 2 3

1 .01 1

0.

ST= 95440
1.0 1 1
33 87 65 28
1023 5 3

% 1 3 2

ST= 96450

1 2 1 0
15 25 91 45

4 4 4 2

0O 1 0 1

1



SPEAKER=1
43 17 6 5
1 0 1 1
3 5 8 3
1 1 2 0
0 1 3 0
SPEAKER=1
6 14 32 14
6 2 0 2
3 2 3 6
1 1 0 2
1 0 1 1
SPEAKER=1
2 2 2 8
21 69 26 14
4 2 8 5
1 0 0 1
0 0 2 O
SPEAKER=1
01 1 4
9 30 58 19
6 4 T 6
0 1 0 O
0 1 2 0
SPEAKER=1
1 1 0 &
4 5 6 17
615 9 6
1 0 0 2
0 0 2 1
SPEAKER=1
1291
4 2 &4
4 4 5 5
1 1 0 0
0 1 1 0
SPEAKER=1
0 0 1 1
1 0 1 2
3 1 2 1
0 0 0 O
0 0 1 O

P

TABLE XII (Continued)

PHONEME= 8
0 2 1

0 14 18

2 4 3

0 0 1

0 1 1
PHONEME= 8
4 0 0

0 310 3
2 1 2
0 0 1

0 0 1
PHONEME= 8
19 58 24

4 6 6

3 2 6

0 0 2

0 1 2
PHONEME= 8
9 24 53

6 8 6

3 3 3

0 1 0

0 0 0
PHONEME= 8
1 2 2
20 89 54 2
31 2

0 0 2

0 0 2
HONEME= 8
1.3 ,1
412 23 5
7 2 0

1 0 0

1 0 0
PHONEME= 8
0 0 0

0 6 91
2 8 2

0 0 1

0 0 1

oOOoONO

O WO =

O = = ON O = W OoONWM DO

O=OWmOo

o oob

PITCH=100
1 2 1 0
8 10 17 27

13 10 20 44
2 2 2 1
0 1 0 1
PITCH=110
1 0 2 O

22 9 10 10
0 5 8 6
01 2 1
o1 1 0
PITCH=123
4 2 2 1

17 27 74 99
3 927 9
01 2 0
0 1 0 2
PITCH=130
8 2 1 1

17 22 48 99
3 3 813

201 1 1
1 1 0 1
PITCH=146 -

14 45 28 11

16 10 11 9
0 2 6 6
01 2 0

0 0 1 O
PITCH=164

9§ 32 1§ 12
3 6 2 3
1 0 2 1
0 0 0 1
PITCH=174
1 2 1 1°

45 99 45 19
0 3 1 0
1 2 1 0

0o 2 0 O

T™M= 51,70
1 .1 3 8
99 56.17 10
11 3 1 1
4 1 0 1
1 0 0 2
TM= 62410
0 0 2 1
16 35 99 31
21 16 4 2
2 2 0 O
0 1 0 O
TM= 82420
1.2 2 1
29 16 10 9
3 3 2 1
1 0 0 O
2 0 0 O
TM= 794,70
1 0o 2 2
57 24 15 11
9 16 33 13
'l 0 0. 2
0 0 o0 O
TM= 71440
5 4 3 1
14 23 64 99
2 4 14 3
1 2 0 O
0 1 0 O
TM= 70410
93 26 18 9
6 4 6 8
11 26 9 2
1 0 1 o0
0O 0 1 0
. TM= 82480
721 8 3
9 5 2 3
l 1 8 6
l 0 0 O
0O 0 0.0

198

ST= 6790
41 25 7 3
11 21 12 5

0O 0 0 1

0O 0 1 2

0

ST= 92,20

6 19 47 12
16 9 4 6

0 1 0 1

0O 0 0 1

2

ST= 96,10

2 4 6 10
18 42 20 9

2 0 0 O

1 0 1 2

2
- 8T= 95,90
.1 2 6 6
13 23 54 18

3 2 2 1

o 1 1 1

0

ST= 95440

1 2.1 3
‘33 14 6 6

2 1 0 0O

1 '0 0 1

2 =

ST= 96440
26 54 18 &
‘1 2 0 O

0O 0.1 0O

0

ST= 92470

l1 0 1 2

4 4 20 14

l 0 0 2

O 0 1 2

1



SPEAKER=1
63 19 10 7

1'1 1 1
19 37 41 14
1312 6 5

001 1 0
SPEAKER=1

8 20 44 19

3 2 1 1
34 17 22 29

7 7 4 2

2 0 1 0
SPEAKER=1

1 0 1 7
11 37 18 8
18 24 89 60
11 8 6 5

0 0 2 0
SPEAKER=1

0 0 0 2

2 720 21
29 18 24 28
11 8 11 6

0 0 2 0O
SPEAKER=1

0 0 0 2

2 3 410
26 84 44 16
33 13 10 7

0 1 2 0.
SPEAKER=1

0 0 0 1

1 1 2 2

21 15 21 17
20 8 5 6
0 1 2 O

"SPEAKER=]
1 1 0
2 1 .0

15 7 8

31 24 71

1

2 G

O oW

PHONEME=
5 3 1
2 14 7

14 21 8
5 5 4
0 0 0

PHONEME =
8 4 0
0 2 2

16 9 7
2 3 4

0 0 o

PHONEME =

17 52 34
1 3 3

22 14 16
5 4 6
00 0 0

PHONEME =
3 10 21
3 4 3

32714 9
4 5 4
0 0 0

PHONEME =
2 5 5

12 63 26

10 9 12

13 10 13
1 2 1

PHONEME =
0 1 1
1 5 7

44 18 8
1 2 1
0 1 O

PHONEME=
0O 0 ©
0 2 5

15 12 4
3 1 3
1 0 1

TABLE XII (Continued)

9

R — — 0
oNnNs P+ O oo N O O WV [V RN N el oOwvwVvwo

W whN o

-—

- .

T -
"

PITCH=100
2 1 1 1
5 4 5 9
5 4 2 3
3 2 2 3
1 0 0 1
PITCH=110
1 0 0 O
5 2 2 4
4 4 5 4
4 1 1 1
1 0 0 O
PITCH=123
6 3 1 0
6 7 16 26
6 6 8 5
5 4 4 5
0 1 0 O
PITCH=130
10 3 1 0
4 5 711
15 8 4 7
3 4 4 3
0o 1 0 O
PITCH=146
27 73 28 13
12 11 13 14
3 4 4 3
9 4 4 5
0 0 0 O
PITCH=164
3 4 6 14
47 20 11 9
5 11 4 3
1 1 1 2
0 0 0 O
PITCH=174
01 3 4
41 55 22 9
1 3 5 1
2 1 3 0
0

0 0 2

TM= 85,80

3 312 19
27 12 14 19
3 3 6 11
2 1 1 1
0O 0 0 ©
TM= 90480
1 1 2 3
6 11 32 13
7 6 15 35
31 1 2
0 0 0 O
TM= 89,70
1 1 1 1
10 9 12 18
7 9 11 17
9 5 2 2
0 0 o0 1
TM= 90400
1 1 o 1
28 11 8 11
8 7 26 21
7 3 1 1
1 0 0 1
TM= 94,10
8 4 3 3
24 34 98 99
5 4 12 7
6 3 1 3
0O 0 0 1
TM= 94,90
56 19 9 5§
11 11 16 23
4 3 4 3
2 2. 1 2
0.0 0 1
TM= 74470
*17 33 10 2
5 5 5 7
1 1 5 1
0O 0 0 O
0O 0 1 ©

199

ST= 96420

50 22 9 13
43 99 65 32
8 19 19 27
o 1 1 1
o .
ST= 96440
5 13 37 10
12 15 38 99
20 50 29 22
1 1 3 2
0
S5T= 95,80
1 2 4 6
43 99 71 33
37 22 67 43
1 1 3 3
0
ST= 95470
-1 1 1 2
21 31 99 97
17 50 21 18
0 01 1
0 ’
§T= 96410
2 2 3 3
40 17 14 17
9 29 14 25
1.0 2 2
0
ST= 96420
2 1 2 2
51 99 97 45
"6 18 6 10
0 0 0 1
1
5T= 77410
1 2 0 1
17 29 99 37
310 13. 8
o 1 1 1
1 :



200
TABLE XII (Continued)

SPEAKER=1- PHONEME=10 PITCH=100 TM= 41,10 ST= 78450
13 2 2 3 0 3 0 0 1 1 0 1 2 1 415 3 -0 O O
0o 0 2 1-210 1 0 2 1 0 8 5 3 6 13 44 31 19 29

70 99 50 30 78 37 18 25 11 12 20 16 51 28 48 45 21 17 11 5
1 2 1 0 2 3 3 5B 6 4 910 8 2 4 8 3 2 4 2
6o 0o 2 01 2 1 1 2 1 0 1 0 O 1 1 1

SPEAKER=1 PHONEME=10

PITCH=110 TM= 68440 ST= 83420
7223311 4 1 0 0 1 0 1 1 O O 2 1 3 14 28 4
2 2 0 0 1 2 315 6 1 3 4 6 13 26 10 12 17 50 99
28 17 29 49 19 9 10 9 4 6 10 10 36 22 30 4510 7 2 2
1101 2 01 2 1 0 2 1 1.1 2 1 0 1 1 O
o 6 0 01 012120 0 0 O o0 0 1 0 1

ITCH=123 TM= 54420 ST= 73,80
o 1 1 o1 3 1 0 2 2 1

SPEAKER=1 PHONEME=10 P
3
9 14 53 49 13 9 13 16 42 99 42 17
3
2
0

1 2 0 6 19 54 19
9 35 8 4 3 3
10 12 39 19 10 5
2 2 1 1 3 0O
0 1 2 0 2 0

—

4 19 10 13 31 18 14-23 7 4 .0
1 6 6 5 3 6 3 0 0 1 0
0 1 2 1 0 30 O

coo
oNnvwV WYL

ITCH=130 TM= 64470 - ST= 76430

SPEAKER=1 PHONEME=10 P
3 0 0 5 6153611 4 2.3 0.0 2 0 O 0 1 0 1
4 925 8 1 1 1 3 4 7 20 39 29 13 8 7 17 28 99 41
lé 917 3013 4 510 6 61329 9 93110 4 5 1 3
31 0 1 0 O 1 3 2 2 7 3 3 4 5 0 0 2.1 1
2 0 0.0 O 0 1 1 o0 O o :

2 00 01 0 1

SPEAKER=1  PHONEME=10 PITCH=146 TM= 95,80 ST= 95490

0 0 0 2 1 3 4 &4 21562512 7 3 3 .2 1 2 2 2
2 3 4 8 10 56 29 13 13 11 14 15 26 36 98 99 48 21 15 12

10 25 15 6 5 4 6 2 2 3 4 4 5 62110 8 28 11 5
212 1 1 1 2 2 4 2 2 1 2 0 0 1 1.0 0 1
6 01 0 01 0 0 0 0 0 O0 0 O O 1 O

SPEAKER=1 PHONEME=10 - PITCH=164 TM= 95,30 ST= 93450

1 0 0 2.1 1 1 2 5 715 31 742213 7 3 4 3 3
4 4 4 8 6 17 32 71 99 45 27 1510 8 7 8 21 45 15 7.
4 3 5 7 7 2 2 1 1 5 1 0 1 2 1 03 3 1 6
3 0 010 011 o0 01 01 1 001 0 000
o 60 1.0 0 01 0 0 0O O O 0 O 0 0 1

SPEAKER=1  PHONEME=10 PITCH=174 _ TM= 67.40 ST= 96430
1 3 0 1 1 1 0 0 3 1 3 .8"184929 11 1 3 3 1
1 4 1 1 1 5 4 13 36 84 49 22 9 6 7 9 15 25 84 99

27 17 14 6 6 6 2 3 5 8 3220 7 63026 6 13 48 14
3 5 1 1 1 1 0 3 5 2 4 4 4 1 6 3 0 1 2 1
0o 1 1 0 0 1 -0 O

2 101 0 0 01 0



SPEAKER=1
91 16 6 9
6 5 4 15
4 7 4 5
11 17 34 29
0 0 3 2
SPEAKER=1
14 30 71 38
14 5 2 5
3 0 2 6
8 4 5 12
0 0 3 1
SPEAKER=1
1 2 3 9
30 99 33 16
0 1 7 2
3 1 1 0
1 2 2 0
SPEAKER=1
2 2 1 8
18 40 99 65
2 1 2 5
5 2 0 1
1 0 1 1
SPEAKER=1
1 2 0 3
1 3 211
1 8 1 2
2 0 0 O
2 0 1 O
SPEAKER=1
1 0 0 2
1 1 0 2
1 0 1 2
0 0 0 1
o 0 1 O
SPEAKER=1
0o 1 1 2
0 1 1 0
2 1.1 0
0 4 0 O
0 3 1 0

TABLE XI1 (Continued)

PHONEME=11
3 2 1 1
19 99 32 13
8 3 2 1
10 6 5 &4
0O 1 5 1
PHONEME=11
11 3 1 1
1 4 8 31
2 1 3 3
4 2 6 4
0 1 4 1
PHONEME=11
25 67 31 5
5 7 2 2
1 2 5 1
1 1 2 3
1 1 0 ©
PHONEME=11
17 31 76 38
20 14 9 8
3 -0 1 1
0O 0 1 2
0 0 1 0O
PHONEME=11
5 6 7 9
16 84 39 18
1 0 1 2
0O 0 2 3
0O 0 1 1
PHONEME=11
1 1 1 1
0 2 4 13
2 0 0 O
0O 0 2 1
0 0 1 O
PHONEME=11
1 5 1 0
l1 5 5 10
2 6 1 1
0 1 0 3
0 1 0 1

1 1 1 3

PITCH=100 TM= 33,30
1 2 5 2 4 9 26 49
8 5 71013 6 2 2
0 3 2 0 2 4 2 2
2 2 4 1 8 5 715
0 2 0 0 1 1 o0 2
PITCH=110 TM= 33,20
0 2 4 1 1 5 5 &
26 7 4 2 2 516 3
0 3 2 0 2 3 2 3
2 3 6 4 8 710 22
0O 3 0 0 0 1 o0 2
PITCH=123 TM= 67430
6 2 1 2 2 1 3 3
5 62318 4 1 1 3
1 1 0 0 1 0 1 2
4 3 7 7 71 4 919
1 1 01 0 0 0 O
PITCH=130 TM= 65430
26 7 4 4 2 3 5
7 4 71316 5 3
1 1 2 0 0 0 2
1 1 4 1 1 1 0O
001 1 1 0 1 0
PITCH=146 TM= 50,10
39 99 53 26 13 6 8 3
11 4 3 3 0 3 14 15
0 1 1 0 0 1-1 o0
2 1 4 1 2 1 1 0
0 1 2 0 0 1 0 O
PITCH=164 TM= 82430
6 7 14 28 99 34 18 9
43 15 6 3 1 1 0 1
O 1 0 0 0 1 0 O
0 0 1 0 1 1 o0 O
0 1 o0 0 0 O 0 O
PITCH=174 . TM= 45,50
6 4 7 16 44 99 94 38
34 82 48 18 6 1 ‘3 &4
3 2 0 1 0 0 1 1
3 2 2 3 2 0 1 2
0 0 1 O

OO+

201

ST= 84440
64 32 11 6
1022 1 1

3 1 0 3
13 7 2 3

4

ST= 56480
12 34 99 39

2 2 010

510 7 28
36 15 5 5

3

ST= 78,90

2 510 14

311 2 0

2 523 5

3019 6 4

OO0

ST= 87.20
-3 8 10 11
2 4 16 5
519 5 14
3 2 0 2
1 e
ST= 86480
1 3 2
3 4 1
1 3 O
12 1
1 .
ST= 84,00
3 4 1 1
2 8 3 1
1 1 0 0
1 0 0 1
1
ST= 75480
11 10 9 2
3 4 18 21
0 1 6 1
0 8 5 &4
0]



SPEAKER=2

66 12 7 4
0 0o 1 O
9 33 33 20
6 10 11 16
6 14 18 6

SPEAKER=2
13 34 64 22
4 1 1 O
8 14 55 99
4 "7 10 16
2 819 7

SPEAKER=2

1 2 1 8
10 39 23 8
10 19 82 76
4 5 6 15
4 4 9 10

SPEAKER=2

o 1 2 7
6 25 38 11
7 14 59 99
4 9
1 2 5 2
SPEAKER=2

1 2 1 3
2 3 4 11
33 81 34 15
2 4 7 17
1 1 4 3

SPEAKER=2

N
- O ~ OO0
-
PO NOO
[ ]

N O P W

SPEAKER=2

0 0 1
0 1
13 15
2 11
2 2

= OWOWN

1
5
4
0

7 16

PHONEME=
2 1 0
0 4 1
58 94 33
24 37 64
7 4 5

PHONEME=
9 4 2
0 1 2

44 24 39

25 32 42
6 4 4

PHONEME=
23 69 55
2 2 1
29 19 38
23 32 58
17 6 3

PHONEME =
17 43 87
2 4 1
36 23 36
17 34 46
3 2 2

PHONEME=

6 8 9.

17 53 16
20 32 67
14 15 32
4 2 3

PHONEME=
1 1 2
1 2 4

#2 15 7
7 16 21
1 1 2

PHONEME=
1 0 1
0 0 1

50 84 27
7 8 24
1 0 1

TABLE XII (Continued)

1
0
0

19

99
4

1
1
10
47
59
2

1
11
2
59
61
2

1

15
1

78

63
1 .

1

12
8

25

0

PITCH=100
1 1 1 1
1 1 1 5
29 13 6 7
47 24 17 13
4 4 5 4
PITCH=110
1 2 1 0
5 2 1 1
13 14 17 7
24 15 12 11
2 2 2 3
PITCH=123
9 2 1 1
3 312 26
15 10 15 8
99 37 23 14
1 2 3 3
PITCH=130
12 4 1 1
3 2 7 24
29 16 11 14
61 26 16 10
2 1 1 1
PITCH=146
52.99 27 18
7 3 4 4
10 7 9 5
64 25 14 9
2 1 1 1°
PITCH=164
5 6 14 29
28 7 3 O
311 2 0
23 13 7 3
0 2 0 O
PITCH=174
5 4 10 15
11 28 11 4
4 6 7 3
26 11 9 5
0 1 1 ©

TM= 57,80
2 1 4 10
14 4 2 3
6 9 6 6
15 22 46 38
2 1 2 2
TM= 67010
0 1 1 3
2 4 9 3
9 5 &4 5
12 19 35 41
3 2 3 3
TM= 58480,
0 1 2 1
3 2 3 2
4 5 5 2
9 7 11 19
1 2 1 1
TM= 60430
2 1 1 2
6 2 2 3
6 5 10 4
7 5 9 16
0O 0 0 O
TM= 87400
lo 5 6 3
4 7 32 13
4 4 6 2
5 3 5 7
00 6 1 O
TM= 67420
99 30 17
0O 1 2
1 4 1
3 3 2
0 0 O
TM= 62.80
44 99 42 17
01 1 0
2 3 6 1
4 4 2 5
0 2 1 .0

oW - W®

202

ST= B9470

31 12 3 1
2 3 3 5
3 3 3 5

13 9 7 7
2
S§T= 85490
7 21 42 10
3 2 611
2 1 2 4

14 7 4 5
2 .

ST= 85430
l 2 3 3
5 13 10 7

4 3.3 3

34 41 13 9
2
ST= 92450
o1 2 3

4 7 15 7
3 3 3 3
9 4 4 3
1 '

ST= 97,00
1 2 3

7 6 9

2 4 2

11 10 4
1 -

ST= 89,20

4 3 1 0
9 25 10 4
2 1 o0 2

9 13 4 5
2 \

+ $T= 86450
6 7T 4 1
3 7 29 15
0 1 o0 1
6 10 0 2
2



SPEAKER=2
99 25 13 11
0o 1 2 O
21 78 52 16
0 1 4 4
2 5 5 0
SPEAKER=2
28 57 99 48
15 7 4 3
18 10 24 42
2 2 2 3
2 2 6 4
SPEAKER=2
3 4 4 14
17 55 15 7
7 13 41 17
2 2 2 2
3 715 11
SPEAKER=2
2 2 3 8
8 24 48 16
14 10 25 40
1 2 2 3
2 3 8 4
SPEAKER=2
0 1 1 3
1l 4 5 14
3 6 4 2
0 1 1 2
2 5 14 4
SPEAKER=2
1 0 o 2
2 2 2 4
7 4 6 4
1 0 3 2
1 1 4 3
SPEAKER=2
o 1 1 2
1 1 2 2
11 6 8 5
2 1 2 3
6 9 21 11

PHONEME =
5 8 1
2 28 11

14 14 6

15 29 17
1 2 1

PHONEME =

26 11 7
1 3 6

23 10 6
5 8 16
3 0 1

PHONEME =

39 99 36
2 3 2
8 4 5
3 3 5
8 3 2

PHONEME =

17 39 86
4 4 3

15 7 4
2 3 6
3 1 1

PHONEME=
4 71 7T

23 66 20
2 3 3
1 2 3
3 2 1

PHONEME =
2 3 4
3 10 21
3 2 2
2 2 &4
2 1 1

PHONEME =
1 3 1
0 &4 4

16 14 3
1 2 &4
7 2 3

TABLE XII (Continued)

= NONNO

N

oOwm ¢+ =W O WOOVw OV LN O

- N

[eNoNeNoNe]

PITCH=100
2 1 0 1
5 2 1 8
7 4 1 1
10 5 4 4
4 2 0 2
PITCH=110
5 3 3 3
11 4 3 3
2 3 2 1
25 15 11 6
o 1 2 2
PITCH=123
10 3 2 2
6 9 33 26
1 1 1 1
20 33 26 14
1 0 1 2
PITCH=130
14 5 3 3
5 6 12 27
1 2 1 1
27 19 18 9
0 1 0 1
PITCH=146
46 83 21 13
9 6 7-9
0 2 0 0.
6 10 20 34
0 1.0 O
PITCH=164
9 11 25 55
60 22 12 7
3 5 1 0
6 11 24 26
0 1 0 O
PITCH=174 .
4 5 9 20
39 58 18 9
1 3 1 0
14 25 62 30
1 2 1 1

3

TM= 32,00
4 4 21 40
23 5 4 8
2 0 2 3
& 2 12 16
0 0 2 3
TM= 95420
5 4 9 10
4 723 7
3 2 2 6
5 5 10 15
2 1 10
TM= 74450
1 1 3 2
6 5 7 11
0 1 2 1
7 7 9 15
1 1 3 1
TM= 95430
3 2 2 1
17 8 7 10
2 1 2 1
6 3 3 1
1 1 o0 1
TM= 70490
8 4 4 3
16 28 99 42
1 1 1 1
22 14 10 12
1 0 0 1
TM= 91,20
68 23 16 9
7 710 17
1 1 0 O
13 6 4 9
0O 0 0 O
NTM= 51.80
71 99 41 19
5 4 5 7
2 1 0 O
31 18 21 41

1 1 10

203

ST= 74450
T4 34 13 3
16 45 20 13

3.1 5 2

5 4 8 5

3

ST= 95440
17 39 93 28

6 6 18 52

2 6 3 4

15 8 4 4
2

5T= 92.10
1 3 5 7
29 69 21 10
1 1 3 1
15 7. 5 4
1 -
.ST= 95.40
101 4 4
20 35 99 38
2 1 1 3
10 13 .7 6
1 .
ST= 95,20
1 1 2 2
18 7 4 3
0 0 0 1
16 17 7 7
2
ST= 96440
4 -4 3 2
47 99 30 16
1 1 0 2.
7 7 4 &
1
-"ST= 86480
6 5 4 2
14 24 93 32
1 0 0.2
32 35 12 11
3 .



SPEAKER=2 -
92 16 7 5
1 1 1 0
23 80 50 15
3 5 3 &4
6 10 19 4
SPEAKER=2
7 18 40 16
2 0 0 1
31 15 18 21
1 1 2 4
1 1 4 1
SPEAKER=2
4 2 1 11
19 60 12 5
10 14 55 25
3 2 1 4
7 11 26 36
SPEAKER=2
1 2 3 7
7 21 59 23
12 7 13 16
1 1 1 1
4 6 16 18
SPEAKER=2.
1 2 1 1
1 3 2 7
21 68 30 11
1 2 1 2
3 5 11 10
SPEAKER=2
1 1 2 2
0 1 2 1
6 5 12 15
0 0 1 1
3 4 10 12
SPEAKER=2
o 0 1 1
0 1 1 1
15 9 11 6
o 1 1 2
0 1 4 &

PHONEME =
3 5 1
3 40 11

14 13 4
7 13 28
5 3 3

PHONEME =
5 2 1
0 2 &4

10 5 5
5 7 16
1 0 2

PHONEME =

36 88 31
1 2 2
9 3 4
7 7 16

32 16 8

PHONEME =

17 36 86
6 1 &4
7 4 3
3 511

13 5 3

PHONEME =
3 5 4

13 62 19
8 6 12
4 4 8
8 3 2

PHONEME =
0 2 ©
0 4 6

26 8 3
2 4 6

23 15 6

PHONEME =
0 1 o
0 3 3

10 13 &4
1 2 4
2 1 1

TABLE XII (Continued)
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 PITCH=100

5 2 1 1
8 4 6 20
6 6 2 2
92 43 27 19
3 3 1 3
PITCH=110
0 0 0 O
8 3 3 3
1 2 2 0
29 17 9 4
0 0 0 O
PITCH=123
7 2 4 1
7 9 41 31
2 3 3 1
45 71 41 22
2 2 1 2
PITCH=130
18 6 2 3
7 7 16 33
2 2 0 0
44 32 17 9
2 1 0 1
PITCH=146
43 99 25 15
7 2 4 6
2 2 2 2.
25 25 60 31°
11 1 1
PITCH=164
5 6 14 33
4212 &4 4
1 3 0 0
21 43 19 11
2.1 0 1
PITCH=174
2 2 3 1
26 36 12 6
1 2 1 1
12 12 34 15
o 0o 0 O

TM= 25460

3 2 22 44
42 10 8 14
3 0 2 3
15 11 20 39
1 0 1 3
TM= 794,20
0 0 1 1
5 11 33 12
2 2 1 2
4 3 5 8
0O 0 0 O
TM= 38,90
01 2 0
7 5 9 13
0o 1 2 1
14 15 16 24
0 2 4 &4
TM= 79440
3 1 3 3
3211 8 9
1 0 2 1
6 3 7 13
0 0 0 1
TM= 51420
7 3 4 2
8 14 56 45
1 1 .31
15 11 10 13
0 0 2 O©
TM= 51450
93 26 14 1
5 5 8 15
1 1 1 2.
7 4 6 9
0 O 1
TM= 87490
28 44 14 6
4 .4 5 9
1 1 1 1
10 4 3 6
0 0 1 2

204

'ST= 63450
83 36.15 3
35 99 34 20
1 3 4 4
46 28 15 12
4
S$T= 95,60
4 13 27 6
12 15 36 99
1 2 0 2
9 4 2 2
3
ST= 85460
1 3 4 6

43 99 33 14
1 3 2 1
38 40 19 13

4
ST= 87440
2 2 4 4
17 30 99 37
2 1 2 3
23 21 12 8

2
-5T= 81490
0o 1 2 O©
15 6 6 7
0 3 1 0
16 22.12 8
; °°
ST= 66490
1 1-1 1
37 99 42 18
1 0 1 1
15 30 13 9
éT: 94440
1 1 1 1
17 29 99 47
0 0 o0 1
7 9 4 3
2



SPEAKER=2
70 13 7

2 3 4

1 1 2

0 1 0

6 6 &4
SPEAKER=2
12 30 61 21
12 7 5 6
0o 1 2 3
0 1 1 0
23 39 24 6
SPEAKER=2

2 1 311
33 99 34 17

1 0 2 2

1 0 0 1
6 11 22 4
SPEAKER=2

1 0 1 6
17 47 63 22

2 1 3 3

1 2 2 3
14 28 33 8
SPEAKER=2

0 1 0 2
4 6 717

1 2 1 1

1 0 0 O
9 15 18 4
SPEAKER=2

0 1 0 1

1 2 2 3

1 1 1 1
0o 1 0 O
8 15 28 8
SPEAKER=2

1 0 0 2
3 2 1 &4
2 1 1 2

1 1 0 1
5 819 9

OO+ VWO

PHONEME=
"3 4 1
12 72 29
1 2 1
1 2 3
1 1 0
PHONEME=
7 3 1
317 35
1 2 1
1 2 3
7 3 1
PHONEME=
28 76 37
6 7 6
0 0 1
0 0 2
4 1 1
PHONEME=
12 40 57
6 7 6
0 0 1
1.2 3
8 4 '3
PHONEME=
3 4 4
23 99 55
1 0 0©
0 0 1
4 0 1
PHONEME=
1 1 0
310 16
1 1 0O
0 1 1
7 2 1
PHONEME=
1 1 1
2 610
1 1 0
0 0 2
6 0 1

TABLE XII (Continued)
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PITCH=100
1 1 0 1
14 13 24 45
2 2 0 0
11 19 38 18
1 2 1 2
PITCH=110
2 2 2 1
55 21 10 7
1 2 0 O
7 9 22 38
2 2 1 2
PITCH=123
7 2 2 1
13 22 67 52
0 2 1 0
4 8 19 20
0 1 1 0
PITCH=130
8 4 2 1
14 20 47 99
0 2 2 1
10 16" 30 37
1 2 0 1
PITCH=146
24 61 34 17
18 9 7 5
0 1 1 0
3 2 6 9
11 1 1
PITCH=164
4 3 919
99 63 27 15
1 1 0 1
4 6 12 22
1 1 0 1
PITCH=174 -
4 510 16
59 99 39 18
0 1 1 0
4 5 13 18
0 1 1 1

2

TM= 47,10

4 6 20 36
99 34 14 10
1 0 1 2
9 5 9 15
1 0 0 1
TM=" 47460
3 3 7 9
4 3 4 4
1 0 1 2
17 8 11 17
1 0 1 1
TM= 69410
2 3 4 3
15 7 3 3
0 1 0 ©
16 9 8 14
1 0 0 O
TM= 68420
1 1 1 2
38 17 8 5
2 1 0 O
18 11 11 21
1 2 2 3
TM= 83,90
8 4 5 3
2 2 5 5
.0 0 0 O
16 18 ° 9 7
0 0 0 O
TM= 79,80
64 36 19 9
7 4 4 3
0O 0 0 ©
16 14 7 9
0 0 o0 1
TM= 75470
50 95 41 18
8 6 3 2
0 1 0o O
34 22 16 31

0O 0 1 0
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ST= 82.80
56 25 10 4
710 3 1
1 0 2 1
6 4 5 6
3
ST: 90450
18 48 92 25
1 1 1 1
1 1 2 1
23 35 29 22
1
S5T= 7790
4 6 10 15
3 3 1 1
1 0 0 1
22 11 7 7
1
ST= 87.,10
2 4 6 10
5 3 4 2
1 0 0 2
37 41 19 14
3
ST= 95440
2 4 4 3
2 2 1 ©
0 1 0 O
9 14 15 12
1 .
ST= 92,70
2 3 3 1
1 2 1 O
0 0 1 O
13 17 12 10
2
S5T= 92,10
6 1T & 2
2 3 9 3
o 1 o O
20 13 7 7
2



SPEAKER=2 .
61 13 6 8
3 2 1 4
24 69 47 32
2 1 1 2
1 0 3 2
SPEAKER=2
8 18 36 16
4 0 0 1
15 17 58 99
1 1 1 2
1 0 2 0
SPEAKER=2
1 2 3 9
13 40 10 5
12 30 99 45
1 2 3 2
0 2 6 0
SPEAKER=2
1 1 0 4
6 16 27 7
12 18 65 99
3 2 1 &4
1 1 1 1
SPEAKER=2
2 1 0 3
3 2 1 7
32 93 53 21
6 4 6 4
3 5 13 6
SPEAKER=2
0 2 0 O
0 2 1 0
5 7 22 32
4 4 4 2
8 21 44 17
SPEAKER=2
1 0 0 2
2 0 1 2
12 8 21 20
5 3 2 4

4 11 16 4

TABLE XII (Continued)
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PITCH=IDD TM= 53,20 . 'ST= M8 .60

PHONEME= 5
4 2 0 1 0 1 3 3
320 6 3 1 2 3 5

90 99 40 39 49 20 35 32
0 2 4 4 2 4 3 1
1 1 2 0 0o 2 1 o0

PHONEME= 5 PITCH=110
6 2 1 0 0 0 1 0©
1 1 310 5 2 2 1

52 27 32 39 11 14 29 18
1 1 2 2 2 3 &4 3
0 0 1. 0 0 1 o0 O

PHONEME= .5 PITCH=123

255320 3 5 2 0 1
0 3 1 0 1 3 8 6

23 22 47 28 9 8 13 10
2 3 3 4 5 5 4 3
2 1 2 0 1 0 0 O

PHONEME= 5 PITCH=130

11 285611 9 2 2 1
2 1 1 2 2 2 613

38 20 20 38 12 8 10 14
2 3 3 5 4 3 4 3
1 0 1 0 0o O O O

" PHONEME= 5 PITCH=146 -
5 6 9 11 43 99 31 18

10 45 16 8 6 3 4 3

23 34 94 50 17 14 33 27
4 2 4 5 5 3 7T 3
4 0 2 2 2 2 3 2

PHONEME= 5 PITCH=164
1 3 0 210 10 19 49
0 6 8 28 49 13 5 4

51 19 10 11 35 53 11 9
2 4 2 5 5 &4 3 3

13 4 2 1 3 2 0 2

PHONEME= 5 PITCH=174
1 1 2 1 4 4 10 15
1 2 &4 7 22 47 18 6

66 98 33 17 14 23 50 20
1 2 5 4 5 4 6 2
2 1 2 1 1 3 10

3 7 20 35
10 5 &4 4
38 66 37 63

1 1 0 &4

1 0 0 O

TM= 82,80

0 1 2 2

2 513 5
42 ‘55 20 19

5 2 1 2

1 0 0 O

TM= 90460

1 1 1 1

3 2 2 5
21 38 24 43

4 3 10 14

0 0 0 1

TM= 95,70

0 0 1 0.

4 2 3 3
10 16 28 17

3 3 3 5

0O 1 0 O

TM= 91,30

9 5 5 2

1 2 8 7
12 12 27 14

2 34 6
0o 0 1 0

TM= 50430
99 28 18 10

2 1 4 9
14 27 20 23

3 0 3 8

0 0 0 1
. TM= 65460
53 99 46 20

3 4 4 6
13 16 52 26

3 2 1 6

0 0 0 O

49 .24 8 3
9 19 8 11
20 10 &4 &
4 4 2 4
2
ST= 94,70
6 15 37 9
6 6 13 39
7 5 2 4
1 0 1 2
0
ST= 95,60
0 13 5
10 23 9 10
51 17 9 5
T 3 3 2
1
ST= 96400
01 2 2
8 19 32 13
35 33 8 5
2 2 .0 1
1 .
ST= 964,80
1 3 2 1
6 7 10 16
21 59 22 11
1313 5 ¢4
2
S5T= 94440
2 4 5 1
24 65 24 10
52 76 22 13
1013 9 8
1 .
ST= 96460
.8 6 4 1
12 20 70 36

17 35 46 16
14 15 5 7
2 .



SPEAKER=2
44 7 1 3
o 1 0 1
17 49 21 9
1 2 1 0
0 2 1 0
SPEAKER=2
12 21 46 38
7 2 2 3
14 6 8 12
2 3 0 2
1 0 1 0
SPEAKER=2
3 2 0 11
21 76 31 13
10 8 20 15
1 1 0 1
2 1 1 0
SPEAKER=2
2 3 2 8
13 40 67 22
7 7 17 24
1 3 0 ©
4 2 2 0
SPEAKER=2
1 1 2 4
3 5 717
14 22 10 5
0 1 1 1
0 0 2 0
SPEAKER=2
0 0 1 0
1 3 2 1
6 6 1 1
1 2 1 0
3 7 3 1
SPEAKER=2
0 0 0 2
3 2 3 2
7 5 8 5
0 0 0 O
0 0 1 0

PHONEME=
2 1 0
2 15 5

15 10 4
1 0 O
0 0 O

PHONEME=

15 6 4
1 4 9
7 3 4
1 0o 1
1 0 1

PHONEME=

31 97 57
4 5 3
8 6 16
2 0 2
2 1 1

PHONEME=

18 43 99
6 T &4
7 6 17
6 1 o
c 1 o

PHONEME =
5 7 10

29 56 20
4 T 8
0 1 1
1 1 1

PHONEME=
1 3 2
2 10 15

11 4 2
2 0 o
2 1 1

PHONEME=
0 2 2
1 5 8

16 19 5
0 1 1
6 1 O©

TABLE XII (Continued)
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PITCH=100
1 60 1 0
4 3 8 18
13 7 25 24
2 1 2 3
1 1 0 1
PITCH=110
2 1 1 0
23 9 9 9
3 10 26 11
2 1 3 1
O 0 0 O
PITCH=123
10 2 3 2
12 16 57 78
5 7 28 14
3 1 3 2
1 0 0 1
- PITCH=130
18 6 3 4
12 16 38 84
8 10 31 37
2 2 1 2
1 1 0 1
PITCH=146
57 64 18 12
10 8 10 12
4 12 26 11
1 1 0o 1.
0 0 0 O
PITCH=164
8 7 15 37
75 22 10 9
14 30 5 5
2 0 2 2
0 0 o 1
PITCH=1T74
6 7 11 19
52 79 28 13
3 813 6
2 1 1 0
1 1 0 1

TM= 61.10
0 2 11 19
37 15 13 17
13 18 7 2
2 0 4 3
0 0 0 1
TM= 83,10
1 2 4 4
17 33 99 40
11 14 4 1
1 1 4 2
0 0 1 1
TM= .40620
0 1 4 1
17 11 13 16
8 24 14 3
1 513 7
O 0 2 1
TM=.63,20
2 1 2 2
42 18 10 9
9 4 5 2
2 0 4 7
0 0 0 1
TM= 91,00
8 4 4 3
21 37 99 41
6 7 5 3
2 0211
0 0 0 1
TM= 534,60
99 25 16 8
5 4 6 13
12 24 8 2
1.1 3 2
O 0 2 1
_TM= 69490
62 99 38 19
8 4 3 5
6 8 22 8
1 0 1 6
0 0 0 0

ST= 79420
43 21 7 1
44 99 31 16

0 0 1 o

0 1 2 2

0

ST= 96480

8 19 51 15
19 11 13 36

0 2 0 2

0 1 2 1

0

5T= 73660

1 6 7 7
41 99 55 22

2 4 1 ©

3 710 9

1
. ST= 96400
0 3 7 8
13 30 58 20

o1 2 2

01 3 &4

0

ST= 95480

1 2 3 3
20 9 7 8

1 1 o0 2

3 1.2 2

1

ST= 82410

2 3 4 1

"33 88 31 14

0 0 1 0

0 3 2 2

1

S5T= 94,410

7 6 5 3

9 17 65 26

1 0 0 O

2 1 3 2

0
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" SPEAKER=2 .-

78 16 6 7
4 3 1 5
34 99 80 38
2 0 1 4
2 1 3 1
SPEAKER=2
23 51 99 39
13 7 3 2
18 19 58 98
3 4 2 5
1 1 1 0
SPEAKER=2
3 3 513
12 42 16 5
13 26 99 75
3 4 4 5
7 6 3 1
SPEAKER=2
3 1 0 6
5 16 45 18
12 13 59 99
3 2 1 &4
8 11 13 5
SPEAKER=2
2 1 0 3
2 2 2 1
28 87 50 21
3 1 4 5
6 9 8 3
SPEAKER=2
1 1 1 2
2 2 0 2
& 7 21 30
3 01 1 1
6 12 10 3
SPEAKER=2
0 0 0 1
1 1 2 1
13 10 19 16
4 7 2 1
4 8§ 5 1

TABLE XII (Continued)

PHONEME="7
31 0 1
218 9 4

74 99 35 26
1 2 5 5

.01 3 1

PHONEME= 7

20 9 4 2
2 3 4 17

45 24 24 22
6 5 5 8
1 0 1 1

PHONEME= 7

34 94 62 12
1 3 0 2

28 17 22 23
7 5 7 6
31 2 2

PHONEME= 7

12 29 75 19
4 2 1 2

50 22 21 32
1 3 5 6
2 1 3 0

PHONEME= 7
5 6 811
8 50 21 10

17 20 55 31
7 5 9 8
2 2 3 2

PHONEME= 7
3 3 2 2
2 5 17121

61 24 14 13
2 1 2 5
2 0 1 1

PHONEME= 7
0 1 1 O
0 3 2 ¢4

54 99 31 14
1 1 2 3

3 0 0 O

PITCH=100

0 1 4 2 2 717 28
1 2 6102913 5 5
47 21 16 17 34 72 38 45
3 5 4 1 2 2 0 5
1 4 1 0 1 0 0 O
PITCH=110 TM= 78420
5 2 2 3 3 3 8 9
9 2 3 4 511 23 8
9 12 20 13 31 27 43 83
5 3 4 5 4 3 2 3
1 1 2 1 0 0 1 O
PITCH=123  TM= 68.60
14 4 2 2 2 0 2 2
4 4 1218 3 2 3 6
9 10 30 19 21 43 32 23
7 4 6 6 4 2 713
1 0 01l 0o 0 1 1
PITCH=130 TM= 46480
11. 4 3 2 0 3 1 0
0 2 511 9 5 4 5
16 12 20 41 24 33 94 41
4 5 5 2 2 2 214
1 4 1 0 1 0 0 O
PITCH=146  TM= 724,60
40 99 50 25 13 7 6 2
5 3 4 4 3 8 24 27
8 8 20 21.12 16 54 26
8 5 9 4- 5 3°3 8
1 2 0 0.0 0 O O
PITCH=164  TM= 86490
10 10 22 49 99 32 22 11
40 12 6 4 1 2 4 6
29 58 16 10 15 30 16 8
2 4 4 4 3 3 2 3
01 11 0,1 0 O
PITCH=174  TM= 77,10
4 5 8 14 %45 90 38 17
17 3711 6 4 3 5 8
10 11 29 15 12 15 57 33
5 2 3 3 2 1 3 7

0o 0o o 1

TM= 36440

0 0 1 0

5T= 94430

11 20 6 4
1 :
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94 47 14 5
12 2613 17
21 12 4. 5
7 5 2 6
4
ST= 96.20
14 38 84 24
7 10 29 56
24 21 8 7
3 2 1 1
1
ST= 97450
1 2 5 5
11 33 23 13
43 17 6 3
7 4 4 5
1
ST= 85480
01 o0 1
10 18 68 25
32 41 9 8
27 12 .6 10
2
ST= 96410
1 3 2 1
10 7 7 14
1015 6 3
16 10 3 6
2
ST= 96410
4 5 4 1
16 41 18 8
17 23 .6 3.
9 24 6 6
1
ST= 97400
6 4 4 2
12 21 76 46
10 15 26 8



SPEAKER=2
57 13 8 7
4 4 4 7
1 2 2 0
2 6 11 10
O 1 1 O
SPEAKER=2
19 40 83 37
17 9 6 8
2 1 3 5
512 8 10
1 1 4 1
SPEAKER=2
2 2 4 10
36 95 28 16
0 1 3 1
1 211 6
4 2 2 0
SPEAKER=2
3 3 2 8
14 29 71 45
3 2 3 &4
3 6 7 6
3 4 2 1
SPEAKER=2
0 1 0 2
5 6 6 17
2 3 1 2
3 5 21 10
10 8 5 1
SPEAKER=2
0 1 0 2
3 4 2 5
2 1 1 2
4 8 24 10
11 2 1
SPEAKER=2
0 1 0 1
2 2 2 2
1 1 0 1
O 1 0 6
1 1.1 0

PHONEME=
4 4 1
10 51 35
1 2 0
1 1 O
1 0 O
PHONEME=
19 7 6
5 16 34
1 1 2
2 1 3
0 1 1
PHONEME=
29 62 23
6 9 7
1 2 1
7 4 3
0O 0 O
PHONEME=
18 32 69
14 10 8
3 0 1
2 1 1
1 0 1
PHONEME=
3 4 5
23 99 49
1 0 1
7 3 4
0 0 1
PHONEME=
3 4 2
5 13 27
1 0 0O
31 1
1 0 2
PHONEME=
2 2 1
3 5 7
3 4 O
4 1 1
0o 0 O

TABLE -XII (Continued)
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PITCH=100

2 1 0 2
15 12 21 34
3 2 1 2
2 1 2 3
0 0 o0 1
PITCH=110
31 2 1
62 26 17 11
1 3 2 O
4 4 6 8
0 1 o0 O
PITCH=123
6 3 1 2
21 37 99 60
1 1 0o 0
3 2 3 4
1 1 0 1
PITCH=130
26 9 6 5
15 18 37 60
1 1 2 1
1 2 3 2
0O 0 o0 O
PITCH=146
28 67 33 16
16 8 8 5
0 1 1 O

2 1 3 2
0 2 0 O
PITCH=164
11 12 25 58
99 33 20 10
0 2 1 O
0 1 2 1
0 0 0 O
PITCH=174
7 5 11 19
42 80 32 15
0O 0 o O
1 0 2 O
0 0 1 ©O

TM= 85450
5 5 16 26
99 39 16 10
1 0 0 1
5 1 1.0
0 0 1 0
TM= 75460
3 4 10 11
14 25 70 24
1 1 0 1
16 6 3 &4
1 0 0o 1
TM= 84,10
3 2 4 4
21 11 7 6
1 0 0 1
6. 5 2 2
0O 0 0 O
TM= 93460
3 3 5 3
99 37 19 10
0 1 0 O
3 7 2.1
0 0 0 O
TM= 76450
8 4 5 2
4 8 28 25
.0 2.1 0
5 13 "5 3
0 0 0 O
TM= 76410
90 29 20 11’
5 3 3 2
0 1 0 O
2.2 2 1
01 0o O
~TM= 94480
53 99 45 21
6 4 & 2
0 0 1 ©
0O 0 2 3
0.0 0 O

ST= 89410

67 33 14

7 7 &4

0 0 1

o 0 1

1

ST= 95,10
20 43 99 2
12 6 3

1 0 1

3 1 5

1

§T= 96430
3 6121
5 4 2

1 0 2

1 1 3

0

ST= 96440
3 6 7
9 6 7

0 1 0

1 1 0

2

ST= 95,00
2 3 4

8 4 O
1 1 O
32 2

1

ST= 93,70
4 75

6 14 3

0 1 o

1 0 0

2

ST= 95450
7 8 6

1 3 8

0 1= 0

o 11

0
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9
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1
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$PEAKER=2
58 12 6 7
3 1 2 5
8 6 7 5
13 9 4 4
0 0 0 O
SPEAKER=2
7 17 39 19
5 3 12
3 2 2 4
14 8 4 9
1 0 1 0
SPEAKER=2
2 2 410
17 59 24 10
8 6 9 &
12 8 4 4
0 2 2 0
SPEAKER=2
3 2 0 8
15 39 84 31
6 3 9 16
20 26 11 14
2 1 4 1
SPEAKER=2
1 0 0 3
3 3 4 13
6 6 5 2
9 19 37 15
0 2 4 1
SPEAKER=2
1 0 0 1
2 2 1 3
6 4 1 7
8 4 11 12
6 0 1 ©
SPEAKER=2
0 0 0 2
3 2 2 3
11 6 8 4
21 31 18 37
0 1 4 2

PHONEME =
4 21
7 33 15
8 7 4
3 7 4
o 0 1
PHONEME =
8 3 0
2 5 8
4 2 2
11 10 5
0 0 0
PHONEME =
25 74 41
3 6 4
4 & 8
6 8 13
2 0 0
PHONEME=
20 47 99
5 7 4
5.2 &4
7-12 19
0 0 2
" PHONEME=.
4 6 T
20 58 21
2 3 &4
8 8 12
1 1 1
PHONEME=
2 1 2
1 510
10 3 1
4 5 4
0 0 1
PHONEME=
2 2

1 711
6 9 3
24 14 11
1 1 1

TABLE XII (Continued)

9
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PITCH=100 °
0 1 2 2
8 8 17 28
3.3 5 3
1 2 2 0©
0 2 0 O
PITCH=110
1 0 1 1
27 9 8 10
1 2 5 2
2 1 3 1
o 1 1 1
PITCH=123
8 3 1 2
11 16 46 57
3 3 4 3
5 2 3 2
0 0 0 1
PITCH=130
20 5 6 2
8 13 35 71
0 2 3 2
9 5 4 1
1 3 1 0
. PITCH=146
38 75 2012
10 9 11 12
2 410 4.
15 6 3 2-
0 0 0 O
PITCH=164
8 8 17 33
63 23 12 7
2 8 2 1
2 2 2 0
0 0 0 ©
PITCH=174
5 6 9 16
57 99 37 17
2 517 7

18 7 4 4
.00 0 O

TM= 72480
5 7 21 36
58 23 15 18
2 5 2 3
1 1 0 O
0 0 0 O
TM= 76460
1 1 4 3
15 29 99 36
1 3 4 4
1 0 0o O
0 1 0 O
TM= 77490
2 2 2 3
16 9 11 16
3 5 5 8
2 1 2 1
0 0 1 1
TM= 43,10
1 1 3 0
42 19 8 6
3 4 9 5
2.1 o0 1
2 0 0 O
TM= 95,10
6 4 3 3
21 36 99 45
4 6 7 3
3 2°2 3
0 0 0 1
TM= 95400
99 31 20 10
4 5 6 9
1 4 2 0
1 1 10
0 0 0 0
. TM= 90480
9 94 41 19
9 6 5 6
4 312 7
6 3 2 3
0 0 01

210 -
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ST= 92490
44 22 9 &4
49 99 30 15

3 5 7 22

1 1 1 -2

1

ST= 92430

5 16 46 11
17 10 6 10

5 13 17 22

o 1. 1 1

0

ST= 964,10

2 3 6 8
41 99 41 19
13 15 54 26

o 0 1 0

0
ST=" 81420
1 4 5 6
210 21 46 15
11 16 23 67

2 2.2 5

2 .

$T= 96410

2 3 2
22 .9 7

2 3 3

1 0 0

1

ST= 96430

4 5 3 2

22 58 29 13

2 3 1 5

1 0 0 O

1

ST= 96,10
8 8 5 4

11 20 69 35
2 2 5 7
1 0 0 1

1 ,



SPEAKER=2
99 20 12 9
3 3 2 1
8 25 17 6
2 4 1 0
1 2 3 0
SPEAKER=2
23 57 99 39
8 5 1 2
12 6 8 13
0o 2 0 1
o1 0 0
SPEAKER=2
3 1 415
18 58 17 9
8 4 18 11
1 0 0 2
3 0 2 1
SPEAKER=2
2 2 2 8
7 19 45 18
14 9 14 19
1 1 1 4
2 1 5 2
SPEAKER=2
2 2 0 5
3 3 4 12
10 31 15 7
1 0 0 1
1 1 3 O
SPEAKER=2
0 1 0 0
1 3 1 1
4 5 6 8
1 3 0 0
1 2 3 1
SPEAKER=2
1 1 1 2
2 3 2 2
7 5 5 2
1 2 1 0
1 3 7 5

TABLE XII (Continued)

PHONEME=10
7 6 3 1
4 29 7 &4
9 8 1 6
1 0 0 2
2 0 0 o

PHONEME=10

21 8 2 0O
3 7 13 45
6 3 71 7
1 1 1 &4
1 1 1 3

PHONEME=10

41 99 37 7
3 3 4 3
5 515 11
0o 1 3 3
01 3 1

PHONEME=10

14 29 67 21
4 4 2 3
8 4 5 8
2 2 3 4
3 1 3 1

PHONEME=10
4 5 69

16 74 28 13
4 4 11 5
0 0 2 2
0 0 1 O

PHONEME=10
1 3 1 2
1 8 13 42

10 3 0 1
0 0 0 2
3 1 0 O

PHONEME=10
3 2 0 O
3 5 6 14
6 7 1 O
2 0 0 1
7 1 0 O

PITCH=100
6 2 1 3
7 4 719
10 7 4 7
3 1 3 3
1 0 1 2
PITCH=110
3 0 1
20 5 5
2 3 3
2 0 1
1 0 0
PITCH=123
7 1 3 0
713 47 46
3 9 27 10
2 4 3 0
0 4 1 0
PITCH=130
13 5 3 3
4 6 15 30
4 5 11 24
2 2 4 1
0 0 0 O
PITCH=146
36 99 35 19
10 6 9 9
1 3 8
2 3 2
0 1 1
PITCH=164
11 11 23 56
69 21 10 8
3 6 1 3
2 1 2 3
1 0 1 2
PITCH=174"
5 2 8 16
43 91 38 17
1 112 5
1 0 2 2
0o 0 0 1

HNWdN

5
0
0

TM= 42.80
7 8 35 64
36 12 7 10
10 17 12 23
3 0 3 3
1 0 3 1
TM= 54480
2 2 8 7
10 26 48 16
11 7 13 22
0 2 6 14
0 0 1 0
TM= 44480
1 2 3 1
12 9 10 15
13 31 12 4
1 1 0 5
0 0 0O
TM= 82470
2 3 2 0
28 12° 8 8
9 11 30 10
3 3 .8 22
01 1 0
TM= 69460
10 7 5 .2
17 29 92 78
4 723 8
2 11 6
2 0 0 0
TM= 52470
99 27 18 10
3 3 4 10
2 6 2 1
2 0 1 0
1 0 2 0

TM= 64490

%4 99 52 22
8 4 6 &
2 110 4
2 1 3 4
0

0o 2 0

ST= 83490
74 38 20 6
23 50 18 10
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9 27 11 8
01 3 0
3
ST= 84470
13 37 69 15
9 10 26 .53
516 3 1
12 11 3 1
1
ST= 73,00
3 2 3 5
41 90 41 19
4 2 0 2
9 8 8 11
2
ST= 95,40
0 21 3
17 28 99 40
3 2 0 1
16 15 9 6
2 : ‘
ST= 88440
1.2 1 1
3214 8 7
3 5 1 2
12 20 13 8
1
ST= 83440
2 4 4 2
27 79 22 10
4 9 1 1
0o 1 2 1
o
ST= 86450
6 7T 5 0
6 10 45 28
0 1 6 0
7 14 5 1
0



SPEAKER=2

57 14 8 6
9 8 8 14
0 3 0 1
2 1 0 5
2 0 0 ©

SPEAKER=2

15 30 57 32

17 9 5 5
0O 0 2 2
3 3 2 1
0 2 1 O

SPEAKER=2
0 1 2 6

31 99 30 13
o 2 1 0
4 3 2 1
0 1 1 0

SPEAKER=2
3 1 310

18 37 99 61
0 0 0 2
0O 0 0 1
0 0 2 ©

SPEAKER=2
0 1.2 &
0 4 7 18
0 1 2 O
o 1 7 0
0 0 2 O©

SPEAKER=2
0 0 1 1
0 0 0 O
0 2 0 O
1 2 0 4
0 1 2 0

SPEAKER=2
1 1 0 2
3 0 0 O
3 1 0 2
2 1 0 6
1 1 1 2

TABLE XII (Continued)

PHONEME=11
5 3 1 1
20 79 33 16
3 2 0 2
4 2. 2 3
0 0 0 1
PHONEME=11
14 6 2 0O
2 10 20 41
1 1 1 0
1 2 1 4
0 1 0 o0
PHONEME=11
20 55 24 4
5 6 2 3
0 0 o0 O
2 0 0 1
2 0 0 1
PHONEME=11

19 35 86 37

19 14 10 7
0 1 1 1
6 0 2 2
0 0 1 o

PHONEME=11
3 1 5 1

28 99 32 15
1 3 1 O
1 2 3 2
1 1 1 ©

PHONEME=11
2 3 2 1
0 3 2 8
0 1 0 O
1 1 0 2
2 0 0 O

PHONEME=11
1 1 1 2
0 0 2 8
0 0 0 1
1 0 1 2
6 0 1 0

PITCH=100 T™= B3,40 ST= 94,80
4 2 4 6 11 12 36 53 99 48 25 10
12 5 6 912 4 3 2 3 9 1 0
0O 0 0 00 01 0 0 2 1 0
2 2 4 1 1 0 0 0 0 1 1 1
0O 0 2 0 0 0 0 O O
PITCH=110 TM= 72.60 ST= 85,460
3 2 1 3 6 614 17 29 70 99 30
18 6 2 3 51113 5 2 1 2 1
2 10 0 1 0 O 1 1 O 2 3
4 2 2 3 2 0 0 1 0 2 2 2
1 1. 0 2 0 0 1 0 O
PITCH=123 TM= 73450 ST= 75400
&6 1 0 0 1 0 2 3 3 512 15
5 41211 1 0 0 1 0 &4 1 1
1 1. 0 2 0 0 1 0 0 O 1 O
2 0 2 2 2 0 2 1 1 1 1 0O
0O 0 0 1 0 0 1 1 0
PITCH=130 TM= 75.00 ST= 91,90
24 8 5 3 4 4 5 4 5 6 9 10
6 4 4 611 3 1 1 2 1 1 1
0O 3 0 0 0 0 0 0 1 1 0 2
2 3 2 1 2 1 0 1 1 0 1 2
01 1 0 1 0 o0 o0 1
PITCH=146 TM= 50410 ST= 61470
38 92 24 15 8 4 3 4 1 1 1 2
11 4 0 2 2 0 6 5 1 0 1 o0
2 1.0 0.1 0 12 1 0 2 O
5 2 2 1-2 0'1 2 2 3 -6 2
310 0 0 0 0 1 o -
PITCH=164 TM= 68430 ST= 74,00
9 7 13 27 99 59 2915 5 5 5 1
3126 7 4 1. 0 0 1 0 1 3.1
1 2 0 2 0 0 0 0 0 0 1 O
2 1 3 2 2 0 2 0 0 0 1 O
0O 0 0 1 0 0 2 0 O
PITCH=174. TM= 55440 ST= 63460
5 4 10 16 51 99 39 15 5 6 4 O
2844 16 6 0 O 1 O O 2 3 O
0 2 2 0 0 2 0 0 0 1 o0 1
0 1 6 3 2 3 1 0 0 1 0 3
0 1 1 0 0 2 1 0 2
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SPEAKER=3
11 2 0 O
31 o 3
99 42 37 45
17 21 11 13
1 0 7 6
SPEAKER=3
13 38 57 29
15 8 5 4
30 17 45 51
7 6 2 0
518 19 3
SPEAKER=3
o 2 1 5
35 61 18 6
15 42 99 35
3 3 2 1
1 3 6 1
SPEAKER=3
1 1 1 0O
2 8 22 8
15 11 25 44
1 1 0 1
4 12 16 4
SPEAKER=3
0 1 o0 O
1 3 2 6
42 99 41 16
5 818 5
10 20 18 &4
SPEAKER=3
1 2 0 O
1 2 1 1
9 9 24 33
14 7 10 5
6 18 38 11
SPEAKER=3
1 0 1 2
0 0 1 2
26 12 18 14
14 39 15 9

9 24 49 25

TABLE XII (Continued)

PHONEME= 1
1 0 0
15 3 1
50 19 12 1
3 2 3

4 1 4
PHONEME= 1
12 7 1

2 9 14 3
20 11 13

2 2 1

4 1 0
PHONEME= 1
28 50 10

1 4 0
17 9 5

4 1 2

3 1 0
PHONEME= 1
4 9 22

3 2 0
23 8 5

2 0 0

5 1 0
PHONEME= 1
1 3 1

9 47 16
12 8 8

3 01 1

6 1 0
PHONEME= 1
1 1 0

2 5 92
46 17 7

5 3 1
10 2 2
PHONEME= 1
1 1 3

0 2 &4
35 80 38 1
3 3 7
14 7 6

2
3
3
4
o)

O~ — [l I SR SV o) —= WwWooWwo

oNP &y

6
2

PITCH=100
2 0 4 1
3 4 19 28
2 6 4 3
1 4 9 11
o 1 1 o
PITCH=110
2 1 0 2
18 6 4 6
5 4 1 1
4 2 3 6
2 2 1. 3
PITCH=123
6 1 1 2
7 13 37 19
3 3 3 4
5 4 5 4
o 0 1 2
PITCH=130
5 0 1 1
3 1 6 15
4 1 2 4
2 0 &4 5
0O 0 0 1
PITCH=146
21 54 18 10
6 3 3 5
3 3 4
3 2 6
1 0 1
PITCH=164
6 5 15 34
55 16 10 7
11 18 4 3
3 4 3 3
1 0 1 3
PITCH=174
0O 1 2 0
17 51 25 8
6 9 18 10
9 9 16 14
1 5 3 4

3
6 -
2

TM= 40,90
4 9 49 82
4 4 4 9
2 4 2 0
7 5 1 O
1 2 2 0
TM= 56430
4 4 10 14
10 23 23 14
2 0 2 2
8 2 1 2
0 0 o0 1
TM= 44,30
0o o 1 2
5 2 5 9
2 1 3 2
4 1 4 1
0 1 3 1
TM= 73430
1 0 2
11 5 7
1 1 4
4 2 3
0 0 2
TM= 80.50
4 1 2 1
4 7 32 20
1 1 3 1
5 52 1
1 0 2 1
TM= 77,10
63 18 12 5
6 5 11 15
3 4 5 4
2.1 2 1
1 1 2 1
~TM= 46,90
14 43 21 7
4 5 5 8
4 3 4 5
2012 5 5
7 5 1 4

N+ 0o0O
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ST"67070

12 9 4 1
25 11 14 37
1 4 7 14
1 1 o0 2
5
ST= 96400
22 54 99 28
15 21 70 88
2 4 5 4
0 2 5 5
1
ST= 63,60
0 4 10 16
27 54 17 11
0 2 7 0
0 0 2 O©
1
ST= B4,450
0 0 1 o0
17 32 99 37
1 3 1 0
o 1 2 2
3
ST= 95,40
o1 2 1
8 7 12 21.
1 7 3 6
0 2. 4 6
1
ST= 96450
1.2 2 0
38 99 36 16
11 13 7 18
1 3 3 &4
2
ST= 96430
4 2 0 1
17 23 78 99
4 7 35 14
4 4 5 11
. :



SPEAKER=3
36 3 3 4
4 0 2 8
3 3 3 3
2 1 3 3
5 13 15 4
SPEAKER=3
7 19 36 22
13 7 2 4
6 3 3 5
3 2 4 13
5 5§ 5 2
SPEAKER=3
4 2 5 17
58 80 30 15
10 9 15 6
.2 9 17 22
8 7 6 O
SPEAKER=3
2. 0 2 8
21 71 64 24
15 9 19 16
0 2 4 9
9 30 42 17
SPEAKER=3
1 3 1 1
2 4 4 10
512 4 3
1 1 0 6
22 16 9 2
SPEAKER=3
1 0 0 2
1 0 1 3
7 3 8 9
2 2 6 11
14 28 20 6
SPEAKER=3
0 0 0 1
2 0 1 3
5 1 3 3
2 3 6 14
22 37 27 11

PHONEME =
3 2 3
13 30 12
0 2 2
4 11 33
3 3 2
PHONEME =
10 3 0
3 7 12
3 1 1
26 14 6
1 0 1
PHONEME=
52 79 24
3 8 8
4 3 4
11 10 5
2 2 3
PHONEME=
19 51 81
5 8 7
6 4 6
17 27 34
18 9 6
PHONEME=
3 5 &4
19 57 16
3 2 3
20 9 10
4 0 2
PHONEME =
1 2 2
2 715
10 4 3
30 51 17
4 2 2
PHONEME =
1 2 2
1 6 10
4 11 4
22 34 92
9 3 4

TABLE XII {Continued)

2

N
OoOwWwr 4o

O ~NN WO

= OO v

= o N oo

PITCH=100
01 3 0
10 15 37 82
1 6 1 0
17 14 17 22
1 2 0 2
PITCH=110
1 0 1 2
21 9 11 14
1 1 2 0
5 6 14 16
0 1 1 1
PITCH=123
7 3 2 0
19 36 84 44
1 4 1 1
7 8 16 26
3 1 0 1
PITCH=130
10 3 3 0
13 20 50 99
2 5 5 3
16 13 17 28
6 3 1 1
PITCH=146
42 74 20 13
8 3 7 .9
0 1 1 1
6 3 7 8
01 2 1
PITCH=164
5 6 15 34
58 18 10 5
2 7 1 0
11 16 17 27
1 3 1 0
PITCH=174
3 3 610
42 99 59 22
0 3 4 0
34 26 42 36
1 3 1 0

TM= 38,20
9 16 59 99
43 18 6 12
2 1 0 1
23 7 2 2
2 1 .1 3
TM= 69,80
2 310 10
26 52 99 39
0O 0 1 0
7 2 1 0
0 2 0 O
TM= 50690
2 3 3 13
18 12 15 28
31 1 2
15 5 4 6
0 0 1 1
TM= 46,50
2 3 3 2
35 17 11 17 .
4 1 1 1
lée 7 5 8
1 0 3 4
TM= 67470
6 2 4 2
16 28 99 43
‘01 2 1
4202 1
0 1 o 0
TM= 70450
72 21 14
5 6 91
1 2 O
16 12 6
1 1 ©
“TM=V62000

34 83 48 20
10 6 4 &4

1 1 1 2
24 11 8 7
0 1 0 2

N~ S
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" ST= 69.70
50 29 12 5
41 24 5 5

2 0 1 3

1 0 3 6

2

ST= 92,70
20 45 81 24
20.12 12 19

0 1 1 o0

1 2 1 3

0

ST= 95,70

5 8 15 26
91 99 33 19

0 0 1 3

3 3 6 8

1

ST= 95,90
"4 5 8 13
38 80 96 37

1 0 1 2

5 4 7T 9

5

ST= 91,70

0 1. 2 O
19 9 5 2

0 2 0 O

2 3 .6 11

1 -

ST= 94,00
-3 2 1 0
41 99 31 16

2 2 1 13

4 5 -6 11

4

ST= 96460

8 6 4 2

6 T 27 25

2 2 4 .3

6 7 9 15

4 s



SPEAKER=3
25 14 3
4 2 4
8 26 15
7 11 22
39 8

LN W

SPEAKER=3
10 20 42 36
20 11 4 5

24 11 13 17
6 7 2 3
5 8 8 &

SPEAKER=3
1 3 5 14

34 99 30 13
8 823 8
9 6 3 1

10 13 9 2

SPEAKER=3
1 1 1 &
5 14 34 15

18 11 15 19
2 4 1 2
6 13 20 6

SPEAKER=3
3 1 0 4
4 3 515

25 78 40 16
3 6 28 14

23 38 48 22

SPEAKER=3
0 1 2 2
0 0 1 0
8 8 7 5
6 12 40 46

12 33 18 7

SPEAKER=3
1 3 1 1
2 3 1 2

15 8 6 5

13 29 8 7

10 13 25 11

PHONEME =
0 2 2
1 21 16
6 8 2
2 3 2
4 1 0

PHONEME =

15 5 1
3 5 7
8 3 3
1 0 1
2 0 2

PHONEME =

38 79 31
5 7 5
5 4 4
0 0 0
4 0 0

PHONEME =
9 19 43
4 4 2

11 4 4
0 0 1
5 1 2

PHONEME =
3 4 4

19 88 37
8 8 19
6 5 4

15 4 3

PHONEME =
i 5 0
1 6 7

10 3 0

11 7 3
7 2 2

PHONEME =
1 2 o0
3 5 5

10 17 5
6 0 3
6 1 3

TABLE XII (Continued)

3

R N Y=}

O N WK

-

oN PSP WTm

16

oM WU,

PITCH=100
1 4 2 0
6 5 8 21
3 3 0 1
6 3 710
2 0 1 3
PITCH=110
3 0 2 3
13 4 5 7
1.2 2 0
1 2 5 7
0o 0 1 0
PITCH=123
7 3 0 2
12 16 53 36
2 2 1 2
3 2 5 8
0 0 1 2
PITCH=130
9 2 1 1
4 4 12 23
2 2 2 1
1 24 4
0 0 0 O
PITCH=146
38 99 30 17
10 7 8 .6
1 5 3 0
3 5 4 4
1 3 1 2
PITCH=164
6 6 12 36
63 18 7 7
3 6 2 3
3 0 4 4
0 0 1 2
PITCH=174
5 2 715
38 91 40 17
1 2 5 1
5 4 8 5

6 1 2 O

TM= 39,50
4 3 14 27
49 24 11 17
2 0 2 2
5 0 1 2
1 0 4 1
TM= 74440
4 5 15 15
11 28 52 19
0O 0 1 o©
7 3 1 O
0 1 1 o
TM= 60460
3 1 3 5
12 7 10 17
0 0 o0 1
12 4 3 1
1 0 3 1
TM=* 95430
0 1 2 1
27 11 8 8
1 1 1 0
5 4 11
0 1 0 1
TM= 47460
8. 7 4 1
13 22 70 77
"1 1 0 1
9 11° 3 4
5 2 2 5
TM= 42,410
99 24 13 7
4 3 7 15
2.1 3 0.
6 10 5 3
01 2 ©
_TM= 47490
40 99 51 20
5 5 6 7
0 1 3 0©
13 7 4 2
2 3 3 3
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ST= 70450
64 44 14 &4
43 99 39 17

2 1 4 3
0 2 &4 4
1

ST= 94,90
26 64 99 30
13 15 35 69

0 2 1 3

0 1 0 3

3

ST= 82490

3 6 12 16
44 92 39 18

o1 3 3

0O 1 3 ¢4

1 .

ST= 93,40
-0 2 2 1.
18 30 99 48

0 2 0 3

2.1 1 &4

ST= 90460

1 2 0 1
30 12 8 12

2 2 1 4

4 3 -7 13

5 .

ST= 78420
2 2 4 0
35 92 53 23

0 2 2 1

1 4 3 6

3

ST= 88460

5 5 4 0
10 19 67 62

1 3 7 .3

1l 3 2 7

p .



SPEAKER=3
31 4 2 4
6 3 3 7
2 2 2 2
1 0 0 2
17 8 7 5
SPEAKER=3
8 25 43 14
16 8 4 2
2 3 3 4
1 4 2 5
15 13 9 2
SPEAKER=3
0 2 4 11
48 99 31 15
0 1 2 0
0 0 0 O
0o 1 2 0
SPEAKER=3
1 2 3 5
19 54 99 43
0 1 3 2
0 0 0 O
0 0 1 O
SPEAKER=3
0 2 3 2
0 4 613
0 5 4 0O
0 1 0 O
12 22 12 6
SPEAKER=3
1 0 0 1
2 4 2 3
21 1 1
0 0 1 O
1 3 6 6
SPEAKER=3
0 0 1 3
0 1 2 2
2 2 2 1
0 0 0 2
5 12 13 18

PHONEME =
1 3 2
10 30 14
0 1 2
2 10 26
4 3 7
PHONEME =
6 4 1
2 8 14
1 1 0
20 23 20
7 4 4
PHONEME=
31 70 29
6 8 5
1 1 1
1 2 4
1 1 1
PHONEME =
11 27 60
14 14 7
1 2 0
1 3 8
1 1 0
PHONEME=
1 5 2
18 99 52
1 2 1
0 2 3
14 4 1
PHONEME =
0 2 2
3 11 16
4 0 0
0 0 1
13 3 1
PHONEME=
0 0 0
0 5 8
3 7 0
0 0 &
13 2 3

TABLE XII (Continued)

4

ocoocouwvwm

PITCH=100
2 4 2 3
15 22 48 99
1 4 1 0
16 11 10 8
2 41 0
PITCH=110
4.1 0 1
26 9 811
2 3 1 3
15 12 23 37
2 0 1 2
PITCH=123
7 2 0 2
11 20 51 27
2 1 0 0
5 3 4 5
2 1 0 1
- PITCH=130
12 4 1 2
10 12 27 59
1 1 0 O
12 5 710
2 1 0 1
PITCH=146
26 72 40 18
13 5 1 3
3 2 0.0
34 28 18 12
3 3 1 &
PITCH=164
'3 4 8 17
99 58 26 13
o 0 0 1
o1 3 2°
1 0 0 O
PITCH=1T74
3 2 5 11
43 99 44 17
2 1 0 0
20 9 5 4

0,1 0 O

TM= 46420
10 15 48 91
68 29 11 9

0 1 0 1
1o 5 0 3

0 0 0 1

TM= 51e¢40

3 110 13
20 43 83 27

1 o0 0 O
17 6 5 3

0 .0 3 0

TM= 65420

3 1 4 5

9 3 3 4

1 0 1.1

6 0 1 2

0 0 0 1

TM= 63440
3 2 34
44 17 7 T
1 0 1 1

9 4 3 3

0 0 0.1

TM= 42430

9 4 3 4

3 3 16 29

1.0 1 -2
15 20 14 13

0 0 2 2

TM= 804,00
62 38 18 8

8 4 1 3.

0 0 0 1

2 3.1 2
1 0 0 O

TM= 59490
3378 39 16

8 6 2 1

1 0 0 0
'3 1 2 2

0 2 1 O
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ST= 93,80
58 35 17 8
11 6 2 4

2 1 0 3

3 4 7.18

3

ST= 884,70
25 64 99 25
12 6 1T 7

o 1 1 1

1 2 4 5

1

ST= 73400

4 7 15 22

6 8 3 0

1 02 0

o 1 3 1

0
- §T= 75,20

2 5 912

4 615 3

0.0 1 0
-1 13 1
0 -

. 5T= 77490
0.0 1 1
7 2 3 0
1.0 3 1
56 8 9
20 0
ST= 82,70
3.4 3 0
58 9 2
0 0 0 0
1'°2 1 0
2
ST= 87430
3 5 5 1
3 415 8
1. 1 0 1
0 3 6 5
3



SPEAKER=3
20 4 1 2
1 0 1.3
69 99 45 19
0 1 0 1
2.1 5 3

SPEAKER=3
7 19 39 16
11 '4 1 2
30 18 50 76
0O 1 0 O
7 5 5 2

SPEAKER=3
3 2 111

35 73 22 12

15 35 67 26
2 0 0 1
0 1 5 2

SPEAKER=3
2 1 2 8

12 33 77 34

20 14 37 60
0o 1 2 0
1 2 3 0

SPEAKER=3
2 0 0 1
0 0 0 1

38 99 40 14
2 0 0 0

11 & 5 1

SPEAKER=3
1 2 0 1
2 2 0 1

11 11 29 32
1 4 0 O
4 2 3 1

SPEAKER=3
0 0 2 1
1 2 1 0

21 13 20 18
0 2 2 1

511 9 7

PHONEME=
0 1 o©
2 9 3

14 9 14
2 0 0
2 0 1

PHONEME=
6 4 0
2 4 5

31 16 30
c 1 1
2 1 0O

PHONEME=

37 41 12
4 5 3

14 12 15
1 0 O
1 0 O

PHONEME=

14 34 78

10 10 4

43 18 16
O 1 3
1 2 2

PHONEME=
1 1 0O
2 10 2

12 14 23
1 1 0
0 0 3

PHONEME=
0 3 1
1 4 8

79 32 16
0 2 1
2 1 0

PHONEME=
0 1 1
o 3 2

51 79 27
0O 1 3
7 2 1

TABLE XII (Continued)

5
0

3.

28
2
1

(@]

20

O O

oo Ww

oo O

v O

2
1

o+ NrO

PITCH=100
2 0 0 1
3 1 5 15
13 12 16 5
3 171 1
0 1 1 0
PITCH=110
1 1 1 o0
12 4 4 5
10 21 20 10
1 2 2 0
0 0 o 1
PITCH=123
5 2 1 0
8 12 37 22
5 10 5 5
2 1 1 0©
0 0 1 0
PITCH=130
15 6 5 2
6 8 14 27
30 13 13 33
0 1 3 2
1 1 0 1
PITCH=146
10 13 2 1
0 1 3 1
3 618 8
1 0 2 2
0 1 1 ©
PITCH=164
6 6 11 32
60 17 10 9
13 43 15 10
1 2 3 0
1 0 0 3
PITCH=174"*
2 2 610

19 32 11 6
11 18 54 25
3 2 4 2
2,1 0 1

TM= 57,460
2 2 13 28
11 5 7 9
6 4 2 O
2 1 0 1
0 0 2 O
TM= 69,90
1 2 6 7
7 14 37 14
17 8 5 3
1 0 o0 O
0 0 1 2
TM= 71440
11 2 3
8 8 14 20
25 19 6 2
2 0 0 1
0O 0 2 O
TM* 58410
1 1 4 2
43 16 7 10
11 3 5 '3
11 1°0
3 0 0 1
TM= 76,480
‘0 0 1. 2
1 4 21 11
3,4 17 2
‘10 .1 2
0 0.1 0O
99 29 12 "7
5 4 9 16
17 40 24 8 -
31 0 2
0 01 3
TM= 944,20
32 62 24 9
6 4 6 .9
14 15 57 29
3 3 3 1
1 0 0 O
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ST= 71460
21 11 3 1
32 31 20 29

0 2 1 0O

0 0. 2 4

0

ST= 79.60
15 37 61 16
13 15 46 99

0 0 1 0

1 0 0 3
1

ST= 95,20

2 4 10 15
59 99.33 19

0O 1 1 1

0O 0 1 3

0
ST= 96430

1 4 6 &4
20 29 99 62

10 0 1

0.3 1 0
2
§T= 83400

0 0 0 1

5 510 1
2 0 0 1
1 1 2 6

l‘. L

ST= 94,460

43 1 1

8 83 60 27

3.5 1 0

4 1 0 4

1 .

ST= 96.70

4 5.2 O
19 30 99 62

8 5 4 2

1 3 2 2

2



SPEAKER=3
33 6 4 3
1 2 3 &4
13 13 10 8
o1 2 2
0 1 5 5
SPEAKER=3
7 20 37 16
14 4 2 3
12 3 11 21
1 0 o0 2
1 0 3 2
SPEAKER=3
3 5 2 5
17 58 56 17
13 13 23 17
2 6 1 0
0O 4 3 0
SPEAKER=3
1 0 2 2
2 19 32 8
11 '6 9 8
1 0 1 1
1 0 2 O
SPEAKER=3"
2 4 1 4
0 4 3 9
27 73 23 8
2 4 2 1
1 3 4 O
SPEAKER=3
1 0 2 1
1 '1 2 2
9 6 12 10
o 1 1 0
0 0 2 0
SPEAKER=3
0o 0 1 1
0o 1 2 2
13 8 11 8
0o 1 1 0
0 4 15 3

PHONEME=
3 5 1
10 23 6
15 9 4
0 3 1
2 3 1
PHONEME =
6 3 2
1, 3 6
10 4 5
1 0 3
3 1 3
PHONEME =
15 46 32
4 6 0
9 12 33
0 1 0
0 2 0
PHONEME = -
0 8 22
0 2 1
3 .4 9
0 0 2
0 0 2
PHONEME=
5 3 0
22 78 20
10 7 11
4 1 1
3 1 0
PHONEME =
0 1 1
0 6 11
15 5 3
0 0 1
o 1 0
PHONEME =
1 3 0
1 7 7
23 49 17
0 2 1
3 2 1

TABLE XII (Continued)

6

OHJdWwWo

oONN®N

PITCH=100
3 1 0 3
6 6 12 33
5 6 8 5
1 3 4 5
1 2 0 1
PITCH=110
0 0 1 O
8 2 3 2
2 618 &
1 2 3 0
01 2 o0
PITCH=123
10 1 3 &4
11 12 41 88
16 14 34 21
6 5 &4 6
3 3 1 &4
PITCH=130
2 2 2

3 4 71
10 7 5.

2 3 3

1 3 1
PITCH=146
24 47 9

7 0 &4

3 2 20

4 0 4

2 0 2
PITCH=164
4 5 10 22
57 18 10 7
513 2 1°
1 3 4 8°
0 1 0 1
PITCH=174"
3 2 2 7
43 99 42 18
9 13 46 23
2 1 4 4
0.0 0 O

OO ~NVO

rPPrDOWM

TM= 48490
8 10 42 71
27 13 16 33
3 2 1 3
4 1 0 3
2 0 0 2
TM= 51440
2 4 9 9
7 17 54-18
2 3 2 0
2 2 1 1
1 2 3 1
TM= 26410
2 0 3 1
32 12 11 15
5 1 1 2
4 0 0 2
0O 0 1 2
TM= 484,70
1 0 0-0
13 .5 3 7
21 00
2 0 0 O
1 0 0 O
TM= 28410
2 1 5 1
11 20 99 45
31 5 1
5°1 4 1
1 0 4 1
TM= 79410
56 15 7 3
7 6 915
3 3 00
4 2 0 1
1 0. 0 1
TM= 61.70
26 63 30 13
9 5 6
7 3.3
6 1 1
1 0 1

NWWoD
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ST= 94,10
44 23 11 3
99 67 24 14

000 0 1
01 6 5

1

ST= 75.00
20 46 99 28
10 6 13 38

2 0 0 O

3 2 1 2

5

ST= 61490
0 1 5 3
32 94 99 36

01 3 3
0 3 5 5

1
ST= 53,30

1 0 1 2
17 31 99 35

1 0 0 2

1 0 2 4

2
. ST= 47410

0.0 1 ©
14 5 7 4
0 0 1 O
0’1 3 o0
.o .

STz 79,460
1.0 2 1
40 99 39 20

00 0 0 1

o000 2 2

)

§T= 88430

3 3 3 1
13 19 77 50

1 0 1 0

0 0 4 3
1 . ;



SPEAKER=3
20 4 0 2
1 1 0 1
24 81 99 39
1 2 0 O
2 4 &4 O
SPEAKER=3
2 8 20 11
6 3 0 1
44 23 38 59
1 1 0 O
3 5 5 0
SPEAKER=3
0 0 0 2
7 29 14 6
16 18 66 52
1 1 0 2
2 1 1 0O
SPEAKER=3
1 0 1 3
6 14 46 29
19 13 32 51
2 1 0 3
2 1 3 3
SPEAKER=3
1 1 0 2
1 1 0 5
38 99 38 16
1 1 0 2
1 0 1 2
SPEAKER=3
3 1 0 2
2 0 0 1
8 6 18 27
2 1 0 2
4 2 4 4
SPEAKER=3
o 0 0 1
0 0 0 O
7 4 6 5
0 1 0 1
o 1 1 1

PHONEME=

1 1 o
2 9 6
23 23 17
c 0 o
1 0 O
PHONEME=
4 20
2 2 2
45 19 23
1 0 o
1 0 O
PHONEME=
3 14 14
2 2 2
19 12 22
0 0 o
0O 0 1
PHONEME=
4 10 27
6 4 3
45 17 18
0O 0 1
1 0 o0
PHONEME=
0 0 O
6 33 8
10 & 8
c 0 0
¢ 0 O
PHONEME=
0 0 O
O 3 8
47 15 12
0 0 1
3 0 1
PHONEME=
0 1 0
0 1 o
16 20 10
1 1 1
1 1 1

TABLE XIT (Continued)

7

Qr~U1bb~

—
NN N =

1

PITCH=100
0 0 0 1
3 1 3 5
34 24 11 20
2 2 3 3
1 1 0 1
PITCH=110
0 0 0 ©
8 1 3 5
12 7 10 5
2 0 2 2
1 0 0 2
PITCH=123
0 0 1 0
3 4 14 20
11 18 61 32
0 1 2 1
0 1 2 O
PITCH=130
4 1 2 0
2 2 5 9
40 18 9
0o 1 3 1
0 1 2 1
PITCH=146
9 26 6 2
2 2 2 2
4 11 44 23
0 1 2 1
0 1 1 1
PITCH=164
2 4 11 24
54 15 8 5
44 99 25 13
0 2 4 1
0 2 2 1
PITCH=174%
o 0o 1 2
712 3 2
21 37 99 47
1 0 1 O
0,0 0 O

17

TM= 96430
1 2 812
13- 9 7 8
8 4 4 1
1 0 0 O
0 0 0 1
TM= 62480
0 1 &4 4
5 10 38 14
3 2 3 0
2 0 1 0
0 0 0 O
TM= 70430
0 1 1 0O
8 9 12 17
10 8 5 1
1 1 0 O
0O 0 0 O
TM= 53,60
1 2 1 0
14 7 6 7
7 5 8 2
2 2 0.0
0 2 1 0
TM= 72460
0 1 0 O
2 520 10
6 4 3 0
1 2 0 O
0 1 0 O
TM= 50430
75 19 9
2 4 5
9 17 6
1 2 0
0o 1 1
TM= 95490
925 8 3
o 1 2 3
19 11 12 6
0o o0 1 1
0 0 1 1

OOHH~JdMN
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ST= 96460
39 22 8 1
16 33 51 24

0 1 1 0

0 0 1 2

0

ST= 86400

7 23 56 13
12 14 37 99

0O 0 0 O

0O 0 2 1

0

ST= 95440

2 1 1 2
42 99 62 29

1 1 0.1

0O 1 o0 1

1
‘5T= 86480

1 1 1 2
16 25 99 57

11 0 O

0o 1 0 2

1

ST= 80,10

0O 0 0 O

6 5 8 16
0o 1 0 O

01 0 2

0

ST= 75490

1 2 1 1
25 73 25 12

1. 2 0 1

29 4 5

3 .

ST= 97440

0O 2.0 O

7 12 48 23

3 4 1 1

o 2 1 1

1 -



O W4

SPEAKER=3
21 2 1

3 3 2

3 4 2

2 '1 0

2 0 1
SPEAKER=3

4 17 27 9
13 7 2 1
1 2 2 2
0 2 0 O
0o 1 1 0
SPEAKER=3

1 2 0 7
37 90 25 13
1 2 1 2
3 2 0 1
6 2 2 O
SPEAKER=3

2 1 o 3
18 38 99 48
3 1 1 2
2 1 0 O
3 1 1 2
SPEAKER=3

1 3 1 1
2 6 4 12
211 4 1
0 1 1 O
2 2 2 0
SPEAKER=3

1 1 0 2
0 2 0 2
1 2 1 3
0 2 0 1
1 2 3 1
SPEAKER=3 -
0 0 0 2
1 0 0 2
1 0 1 1
1 0 0 O
o b 2 0

TABLE XII (Continued)

PHONEME= 8
1 0 0 ©
7 44 20 11
1 0 o 1
0 0 1 2
0 0 1 1

PHONEME= 8
4 2 0 0
1 3 320
0 1 0 1
0 1 0 2
o 1 1 o

PHONEME= 8

24 51 25 5
5 8 5 9
2 2 2 2
2 1 1 3
2 1 1 1

PHONEME= 8
6 15 39 15

1511 8 8
1 0 1 2
0 0 1 2
4 0 3 2

PHONEME= 8
1 3 0 4

18 99 40 18
0 1 0 1
3 3 3 7
1 2 2 o

PHONEME= 8
2 2 0 1
3 9 15 41
4 1 0 0
2 1 1 5
3 1 0 0

PHONEME= 8
0 1 1 1
0 5 7 14
0 2 1 0
0 0 1 1
0O 0 1 0

PITCH=100
0o 0 2 1
9 13 28 49
0 2 2 1
1 2 4 1
0 1 3 1
PITCH=110
1 0 1 2
13 4 3 6
1 2 0 2
3 3 3 2
2 1 0 ©
PITCH=123
4 0 1 1
18 31 99 60
o 1 1 1
4 2 2 2
0 0 0 2
PITCH=130
9 2 3 1
12 13 29 54
1 1 2 2
2 1 6 2
1 0 1 0O
PITCH=146
29 77 26 14
13 6 3 5
2 2 0 1
22 11 5 3
3 1 0 O
PITCH=164
2 1 8 23
99 29 14 8
0 0 o0 1
5 12 5 &
0 0 0 1
PITCH=174"%
2 3 3 6
40 99 42 16
0 3 1 O
3 3 7 2
0.2 1 O

220

TM= 52410 ST= 57480
1 4 .9 15 41 18 4 2
99 39 14 7 5 6 0 1
1 4 1 0 0 1 0 1
1 1 0 0 0 2 1 2
O 0 0 0 1
TM= 53,20 ST= 66400
2 2 .8 8 16 43 99 27
8 186018 5 3 3 3
1 0 0 1 0 6 3 2
2 0 0 1 0 1 2 2
O 0 0 1 1
TM= 48,00 ST= 61460
0 1 3 3 2 710 14
16 9 6 51022 3 0
0 1 2 1 0 1_0 0
2 1 2 10 1°1 o
0 0 3 1 o
TM= 68410 ST= 94,450
1 1 3 1 2 6 9 9
55 21 10 5 5 5 11 3
0 0 3 0 312 2 0
0 0 1 0 o 2 1 1
0 0 1 0 1
TM= 45,80 ST= 66490
5 12 1 0 1 3 2
2 32027 4 3 3 1
0,0 0 1 0 1 2 1
2 0 0 2 0 1 4 2
o 01 2 2
TM= 51410 ~ ST= 84450
65 17 10 "4 0 2 1 O
2 2 4 37127 6 0
0 1 2 0.0 0.0 0
2 1 21 01 1 0
0 0 3 0 O
TM= 67400 ST= 81420
23 56 32 13 4 4. 2 2
6 4 1 2 3 515 7
0 0 0 001 0 0 2
2 0 0 0 1 0 1. 2
1 0 o 0 1 °



SPEAKER=3

33 4 2 &4
2 0 1 &4
11 23 13 7
5 2 8 11
0O 0 1 1
SPEAKER=3
6 20 44 24
14 7 3 2
13 6 11 12
711 6 7
0 3 2 O0
SPEAKER=3
0 0 1 1
8 33 9 2
8 5 8 3
9 7 17 16
0 1 1 o
SPEAKER=3
0O 0 0 O
4 13 41 16
13 7 8 &4
6 9 7 9
0 0 1 0
SPEAKER=3
2 0 1 4
2 1 4 13
7 22 11 6
2 0 7 7
0 0 1 1
SPEAKER=3
1 0 0 3
1 1 1 3
12 8 11 10
3 3 711
4 3 4 2
SPEAKER=3
2 0 0 1
2 0 0 O
27 13 12 6
2 3 0 1
2 0 o0 O

PHONEME

2 1 2
527 9
6 1 &
5 3 3
0 1 2
PHONEME=
9 6 1
2 6 9
5 4 6
4 2 0
0O 0 O
PHONEME =
4 18 6
1 3 2
3 3 3
4 3 2
0 1 0
PHONEME =
3.11 25
4 4 2
4 3 3
5 5 2
0 1 1
PHONEME=
3 4 5
18 89 39
4 3 7
16 10 13
0 1 3
PHONEME=
1 1 1
1 5 10
16 5 2
2 1 1
2 0 1
PHONEME=
0O 0 O
0 0 1
7 10 5
3 0 2
0 0 1

TABLE XII (Continued)

9

ormNNO ONWM 4O =N =0

oONUV NN

9

1

=MW O

O N g W

PITCH=100
O 0 1 0
4 4 9 17
1 2 1 ©
1 2 2 o0
0 2 0 O
PITCH=110
1 1 o 1
19 7 7 9
3 4 2 2
3 2 2 3
1 1 1 2
PITCH=123
2 0 0 O
5 5 19 18
2 3 5 2
3 1 1 1
1 1 0o 1
PITCH=130
5 1 0 O
5 3 7 16
4. 3 2 9
2 1 1 o0
1 o o o0
PITCH=146
28 81 32 13
11 7 9 8
0o 2 1
3 3 3
0 2 o0
PITCH=164
2 4 10 22
67 22 12 7
1 8 2 1°
o 1 3 2
0o 1 2 2
PITCH=174*
1 1 4 4
11 28 24 8
1 2 6 3
1 1 3 0
0.0 2 O

0
0 .
0

TM= 56420
4 7 23 38
40 16 11 16
1 2 2 6
1 1 o0 1
0o 0 o0 1
TM= 51080
3 310 12
20 44 67 28
4 1 7 12
2 0 0 1
0O 0 1 o.
TM= 74400
0 0 1. 1
7 5 10 16
2 2 3 5
1 0 o0 1
.0 0 0 O
TM= 85480
0O 0 1 1
18 6 6 8
'3 1 8 7
1 0 0 1
0O 0 1 1
TM= 44,00
6 4 4 1
17 30 99 95
1.2 1 1
2 2 01
0o 1.0 1
TM= 69400
60 18 9 "4
6 8 11 16
1 4 1 0
1 2 1 1
1 2 21
TM= 82490
13 37.27 8
3 3 4 5
0 0 3.1
0O 0 o0 O
0O 00 0

221

ST= 73,00
57 26 11 3
45 99 31 16

5 7 6 14
1 1 1 4
2

. ST= 84420

21 52 99 29
16 12 35 53
11 38 14 17

0 1 2 2

0

ST= 79.20

c 1 3 3
42 99 41 18

8 8 35 17

o 1 2 1

0

ST= 95410

1 1 3 2

16 26 99 40
14 34 12 18

0 0 2 1
1 : :
ST= 66480
3 1 0 O
37 14 7 5
31.0 1
2 2 1 2
ST= 93490
1-2 0 1
41 99 53 26
1 2 1 4
3
ST= 90440
2 3.1 0
12 17 49 99
1 2 1 2
0 2 3 3
2



SPEAKER=3
56 21 8 5
&6 &6 2 2
14 25 41 13
1 4 0 O
2 5 7 1
SPEAKER=3
1 77 22 6
4 1 1 0
12 6 9 13
0 .2 0 O
1 4 4 0
SPEAKER=3
1 0 0 2
16 51 19 8
9 6 12 6
2 0 0 O
2 1 2 1
SPEAKER=3
1 3 1 2
7 22 57 30
11 8 13 20
1. 2 0 O
1 2 3 0
SPEAKER=3
1 0 0 3
1 0 210
7 40 7 5
1 0 0 2
0 0 2 1
SPEAKER=3
2 2 0 4
2 1 0 3
14 9 12 13
3 1 0 1
2 1 5 5
SPEAKER=3
3 1 0 2
3 1 0 1
22 31 11 7
2 0 0 ©
3 5 22 10

TABLE XII (Continued)

' PHONEME=10 = P1TCH=100
2 3 01 3 2 2 5
2 20 26 10 10 9 15 26

12 21 9 10 41 26 5 6
0 0 0 3 &4 2 3 &
4 2 0 1 2 2 1 &

PHONEME=10  PITCH=110
2 3 1-0 3 1 0 O
0 4 21213 4 4 7
9 5 3 6 5 821 8
0 1 0 3 4 2 2 3
2 3 0 1 2 2 1 3

PHONEME=10  PITCH=123
72611 2 1 0 1 0
2 2 2 4 4 419 17
5 2 7 6 920 39 15
o 0 1 2 1 1 3 1
2 02 1 0 1 2 O

PHONEME=10  PITCH=130
514 28 12 8 1 2 3
7 5 1 3 6 5 14 34
9 31 3 3 312 32
2 0 01 2 0 3 2
3 1.1 0 1 0 1 2

PHONEME=10  PITCH=146
0 2 2 11442 8 1

14 71 24 10 7 5 7 7
2 3 6 1 0 3 20
6 1.4 2 1 2 2 0
01 4 0 0 1 0 O

PHONEME=10  PI1TCH=164
0 1 0 1 .1 4 10 22
0O 4 825 71 23 12 8

28 7 4 4 829 71 3
0 0 1 3 1 2 4 2
3 0 1 1 1 1 3 0

PHONEME=10  PITCH=174*
0 0 0 1 3 2 710
1 2 6 13 39 82 34 14

1525 8 5 4 7 3213
0 0 1 3 2 1 4 1
9 1 4 810, 4 2 1

TM= 39,20
4 5 18 27
81 70 22 17

2 0 1 1

3 0 1 1

1 0 1 1

TM= 414,70

0O 0 2 ¢4
12 24 99 41

5 3 1 2

2 0 0 2

0 0 0 1

TM= 66460

0 0 1 0

5 5 9 13

& 6 3 0

1 0 o O

0 1 o0 O
‘TM= 47p90‘

1 0 2 0
36 11 .8 1
7 3 8 1

2 0 2 O

1 0 3 .2

TM= 45,00

1 2 0 1
15 28 99 66

4 11 28 7

22 01

o 1 1 1

TM= 50430
80 24 11 " 4

6 8 11 17

3 9 30

1 0 0 O

0O 0 1 0

TM= 56440
31 78 37 13

6 5 6 1

5 5 33 17

1 0 1 0O

0 0 1 o©
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ST= 72.60
88 99 34 11
27 54 716 26

0o 1 2 1.

o 1 3 3

0

ST= 48400

7 22 62 18
16 9 16 37

0o 1 2 1

0 2 4 ¢4

0

§T= 70640

1 3 4 5
39 99 35 16

1 1 1 O

0 1 1 1

1

ST= 73480

0 1 3 2
13 32 99 36

0 1 1 0

0 0.2 O

5

S5T= 57430

2.1 0 1
27 10 4 4

3 1 0 1

31 0 1

3

S$T= 76400
0 2.0 1
44 99 65 29

0 2 0 1

0 2 2. 2

4

ST= 90430

4 5. 3 1
17 27 99 69

4 3 2 0

1 2.1 2
3. :



SPEAKER=3
28 2 2 5
7 1 2 4
1 0 1 3
1.0 0 2
1 p 7 8
SPEAKER=3
3 13 31 12
15 7 4 2
0 0 1 1
0 1 1 1
0 1 4 2
SPEAKER=3
2 1 2 7
31 69 34 16
1 0 1 1
2 0 0 1
1 0 3 2
SPEAKER=3
2 3 2 &4
14 42 99 41
2 3 2 3
2 8 1 2
2 4 9 12
SPEAKER=3
o 1 2 3
0 4 6 15
315 6 3
4 3 3 2
0 5 17 24
SPEAKER=3
1 1 o0 2
0 0 0 O
1 1 o0 2
16 '5 3 &4
2 2 3 2
SPEAKER=3
1 0 0 2
1 p 0 1
1 0 0 1
3 6 0 2
1 1 7 12

TABLE XII (Continued)

PHONEME=11
2
14
1
1
6

0ok PW
P LW
=N WND O

PHONEME=11

WO =
WNNPSW
=~ NO
O HOG®O

PHONEME=11

19 61 27

WoCoCH
OO0
SN NP
OwWwr LW,

PHONEMELll
11 23 45 24
13 9 2 2

4 1 0 3
4 2 2 6
22 12 4 2
PHONEME=11
3 7 5 7
23 90 28 12
2 7T 9 1
2 3 4 2
22 10 4 O
PHONEME=11
2 2 1 3
1 3 5 20
4 1 1 3
3 4 3 7
4 2 2 2
PHONEME=11
0 2 1 1
0 1 2 ¢4
1 5 1 1
0 1 4 3
13 5 3 1

PITCH=100  TM= 44470 ST= 83,00
2 2 4 4 14 20 57 99 97 51 24 10
0 0 1 1 1 2 1 1 5 2 0 0O
1 3 5 0 5 9 2 2 4 71 0 1
1 2 2 0 2 2 1 2 7 5 1 3
0O 1 1 0 0 1 1 1 & o
PITCH=110 TM=_664¢90 ST= 69,90
1 0 0 1 3 3 912 19 46 99 26
3 1.0 1 1 0 2 2 0 0 2 8
o1 oo 0 3 2 1 3 1 5 1 2
2 2 0 1 2 1 1 4 3 1 1 2
0 1 0 0 1 0 1 2 1
PITCH=123 TM= 74420 ST= 80,80
&6 3 2 1 1 1 2 2 3 611 17
3 3 4 2 0 0 0 1 2 7 1 2
1 4 8 1 2 5 01 2 1 6 3
2 3 4 2 2 1 1 2 2 1 1 3
0 2 1 0 0 0 0 0 1
PITCH=130 TM= 37,00 ST= 53,80
14 0 2 3 2 1 4.1 0 1 6 4
3 01 6 4 0 4 1 0 1 1 o
2 0 516 2 2 6 2 3-9 1 0
2 0 4 3 2 2 4 5 2 5 4 2
1 01 2 0 1 &4 .2 2
PITCH=146 TM= 49440 ST= 66450
41 99 26 15 8 4 3 4 1 0 1 2
8 4 0 2 2 211 6 1 1 0 1
0 512 5 5 912 7 820 5 15
2 2 1 2 4 2 2.6 9 8 5 6
0 2 0 1 2 1 2 5 4 '
PITCH=164 TM= 57,80 ST= 774,10
7 718 42 99 2818 '8 3 5 2 0
42 10 4 2 0 O 1 1 211 2 o0
5 16 3 2 7 2210 "5 13 26. 7 15
3 5 4 3 1 2 3 4 716 6 4
1 01 0 0 0 3 5 6
PITCH=174" TM= 68470 ST= 70400
5 6 8 14 43 99 44 20 7 1 & 3
1232 9 3 0 1 0 1 2 315 8
O 3 8 1 0 1 1 1 1 27 3
2 2 1 0 1 1 0 1 2 3 4 4
0.2 0 0 0 0 0 1 2° °
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SPEAKER=4
3 5 2 &4
1 3 2 1
4 6 16 44
7 11 25 17
0 2 2 1
SPEAKER=4
1 2 1 2
0 1 o0 1
4 513 17
9 14 5 19
2 1 3 0
SPEAKER=4
1 1 0 2
6 3 1 2
12 40 19 9
5 5 3 9
1 0 3 1
SPEAKER=4
6 0 1 O
11 5 2.0
5 11 46 88
4 6 14 16
2 3 3 0
SPEAKER=4
0O 0 o0 O
24 75 20 9
3 410 9
4 6 17 12
2 2 3 1
SPEAKER=4
1 0 0 2
l6 37 99 56
7 4 10 7
9 6 8 19
1 1 4 1
SPEAKER=4
1 0 0 2
1 2 312

17 44 15 7
10 20 62 29
1 1 3 O

PHONEME=
4 3 0
4 4 4

34 13 15

41 27 10
3 2 3

PHONEME=
2 2 0
1 2 1

64 92 29

16 16 34
2 0 2

PHONEME=
0 0
0 1
9 18

11 29
0 1

= \0 0+~ O

PHONEME =
0 2 0
0 3 1

37 17 13

17 41 33
1 1 0

PHONEME =
0O 1 0
3 4 0

22 37 99

12 25 27
3 1 2

PHONEME=
0 1 1
14 12 '6
14 19 39
15 10 18
1 2 1

PHONEME=
o 1 1
17 76 24
5 5 17
16 28 90
1 1 2

TABLE XII (Continued)

1
0
31
21
14

PITCH=164
6 4 26 80
19 0 1 5
84 69 16 17
6 3 7 5
1 1 1 2
PITCH=174
31 7 14

23 47 14 7
18 33 94 38
10 4 8 4

1 1 2 1
PITCH=196
1 1 3 4
2 3 9 17

61 25 9 6
7 7 4 2
0 1 0 O
PITCH=220
2 0 0 0
4 2 3 5

28 57 75 33

28 12 11 12
1 1 o 2
PITCH=246
1 0 o0 1
2 1 1 3

2012 7 .7
6 3 4 3
0 0 0 O
PITCH=261
0 2 1 O
5 3 2 2

79 36 14 10

12 7 7 5
01 0 1
PITCH=294
0 1 1 o
7 4 2 1

15 28 99 57
15 10 9 4
0 1 1 o0

TM= 19,90
99 23 15 &4
1 1 5 3
32 35 13 7
4 4 8 12
0 1 4 2
TM= 42440
45 99 51 20
11 3 3
12 7 15 6
4 3 6 11
0 0 1 O
TM= 70410
7 11 30 44

40 14 5 3
12 20 6 3

3 4 3 10
0O 0 0 O

- TM= 51090
2 1 810

11 23 56 17
14 .7 9 11
7 11 15 41
0 0 0.0
TM= 70470
0o 0 1
1 0 2

15 30 12
2 2 3
0 0 1
TM= 51490
001 o0 1
3 1 1 3
9 721 9
715 5 11
1 0 o0 2
TM= 57.60
0 1 o0 O
1 1 0 2
20 10 8 7
5 5 2 4
1 0 0 O

o H VWL -
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ST= 42,430
0 1 1 o
g8 12 3 0
14 12 4 13
11 13 5 3
3
ST= 81410
4 6 3 0
3 6 24 8
3 710 3
12 20 6 &
l .
ST= 96410
99 46 19 8
3 2 2 5
3 6 1 2
13 15. 5 4
1
ST= 82,20
17 44 99 26
8 4 5 4
3 4 615
13 14 7 6
0
ST= 95,80
0 3 810
928 9 3
3 7 21 -6
'8 918 9
1
ST= 95420
2 4 810
7 12 49 19
3 2 6 24
8 6 8 5
2 . R
ST= 66460
1 0 0 1
2 2 3 7
921 6 8
4 3°10 5
o



SPEAKER=4
1 2 0 1
1 2 1 0
6 8 24 34
1 2 1. 3
2 3 6 3
SPEAKER=4
1 1 0 1
2 2 1 1
14 9 12 11
3 3 1 5
3 4 7 4
SPEAKER=4
0 0 0 1
5 3 2 1
29 83 75 28
0 1 0 0
1 1 3 0
SPEAKER=4
0 0 1 1
15 8 4 3
7 13 45 81
1 2 3 7
3 4 8. 4
SPEAKER=4
1 0 1 2
41 99 23 12
4 3 8 6
2 2 1 5
6 3 8 2
SPEAKER=4
o 1 1 1
23 67 98 32
14 10 14 8
1 2 2 4
3 5 9 2
SPEAKER=4
1 0 0 3
1 1 2 8
31 99 60 23
3 4 20 11
6 4 1 2

PHONEME =
1 1 0
1 3 5

59 20 7
4 6 7
5 2 2

PHONEME =
2 2 0
2 4 4

37 40 11
4 6 9
6 2 3

PHONEME =
0 1 0©
1 3 2

18 11 7
2 2 8
2 1 1

PHONEME =
0 1 0

1 3 2

45 20 10
4 8 14
4 2 2

PHONEME =
0 1 0
3 4 2

14 25 74
5 11 19
2 1 2

PHONEME=
1 2 0

10 10 5

15 21 49
4 6 18
5 2 2

PHONEME =
0 2 1
9 67 37

12 7 6
4 9 40

1 1 3

TABLE XII (Continued)

2

PITCH=164
5 4 11 26
43 11 6 5
510 2 2
20 36 23 15
0 0 0 1
PITCH=174
5 4 9 17
35 44 16 8
3 4 5 2
34 24 44 19
1 1 1 0
PITCH=196
2 1 1 3
6 6 12 20
9 4 1 1
10 19 9 5
1 0 0 O
PITCH=220
1 1 0 -1
5 5 8 11
3 4 4 2
49 50 19 20
0o 1 o0 o
PITCH=246
1 1 1 ©
3 2 2 2
9 8 3.2
45 T4 24 12
0 2 1 1
PITCH=261
2 1 0 O
7 4 3 4
27 14 5 4
31 60 58 26
2 1 0 1
PITCH=294
1 3 2 o0
'8 5 2 2
6 15 49 57

14 22 56 20

1 3 1 o

TM= 50430
99 32 16 7
3 2 6 9
2 4 3 1
8 10 13 16
0 0 1 1
T™M= 72460
52 88 37 16
5 4 6 8
1 2 5 2
14 11 16 29
o 0 1 0
TM= 86460
6 7 21 30
68 29 11 8
1 0 1 1
4 3 4 12
0 0 0 O
TM= 84490
3 4 911
21 39 99 33
2 1 3 6
10 15 13 28
1 0 0 O
TM= 52,20
1 1 1 1
3 2 4 9
711 2 1
10 6 13 12
1 0 0 O
TM= 47460
1 0 2 3
5 4 10 17
4 3 6 3
28 13 20 27
0 0 1 1
TM= 38,80

0 1 0 O
1 1 0 3
12 5 3 3
17 43 16 22
01 o 1

225

ST= 65490

1 2 2 0
24 64 25 10

0 1 0 o

24 14 7 5
1

ST= 95,80

5 5 4 1
l6 28 99 40
1 3 2 1

26 23 - 9 6
1

ST= 95,80
99 51 20 8
8 6 11 17
1 1 1 0
8 12 5 3
1

ST= 95,80
18 42 97 29
17 8 7 7
1 1 1 7

14 16 6 6
1

5T= 80460
3 5 12 18
32 71 18 9
1.0 5 2

37 17 18 10
1

ST= 94,10
2 5 11 13
37 89 99 36
1 1 3 3

22 36 13 12
5

ST= 69430

1 1 1 2
5 4 7 15
4 15 4 4
33 14 19 12
O



SHEAKER=4
1 1 0 1
0 1 o0 O
8 11 37 52
3 2 4 6
2 2 4 2
SPEAKER=4
0O 1 0 1
1 1 0 0
7 10 27 27
4 4 3 10
1 1 2 0
SPEAKER®4
2 3 1 4
1 2 0 1
25 95 59 22
5 7 0 7
7 5 8 3
SPEAKERs=s4
1 1 o0 2
10 4 )} 2
9 14 56 99
2 1 319
1 0 2 1
SPEAKER=4
1 1 ¢ 1
21 40 8 4
"3 & 10 9
1 2 6 3
2 2 .3 1
SREAKER=4
1 0.0 3
14 41 B3 27
11 6 9 7
2 1 419
3 4 8 2
SPEAKER=4
1 2 0 1
2 5 T 18
45 71 28 11
h 16 28 17
10 6 9 2

PHONEME=
1 1 0
1 3

99 37 18
9 16 16
2 0 1

PHONEME=
0 1 O
1 2 2

90 99 38
9 17 22
1 0 Q@

PHONEME=
3 3.0
3 3 0

15 12 17

15 11 38
7T 2

PHONEME=
c 0 0
0 -1 1

66 26 14
5 12 28
0 1 2

 PHONEME®

11 0
22 @
25 39 99
4 B8 9
2 1 1

PHONEME =

o 1 2

5 & 3
10 16 38
4 6 26
2 0 2

PHONEME =
a1
29 74 21
9 & 6
24 48 99
6 1 1

4

4

0

TABLE XII (Continued)

3
1
14
12
42
0

PITCH=164
4 3 10 25
33 8 & 3
16 33 8 5
15 11 8 6
0 1 1 1
PITCH=174
3 2 511
19 32 11 5
11 8.5 5
11 5 9 &4
0 0 0 O
PITCH=196
1 02 2
3 1 719
76 28 1 7
‘31 57 28 21
2 2 3 1
PITCH=220
0 0 2 1
1 1 3 3
5715 4
19 20 8 7
0 2 0 ©
"PITCH=246
0 0 .1 1
1.0 '1 .2
14 9 &4 .4
29 38 13 8
0 0 0 O
PITCH=261
0 1 1 o0
3 3 2 2
34 19 6 3
10 11 20 7
0 2 1 1
PITCH=29&
1 0 1 1
9 4 3
16 31 83 36
23 22 20 11
o 1 1

1»,

4

“TM= 66480
70 20 12

1
51
4

0

= £ MNN

oowvw
L OO,

TM= 95,60
33 59 24 10
3 2 3 3
4
4
0

3
5 7 12
0 1 0
TM= 26430
1 4 20 33
68 22 1 6
12 35 12 "4
13 13 16 35
0 0 20

TM=

omoec; osrNDO
z .

TM= 40420

01 0"
1 3
4
10

2

-NM a T

O~ We
R
O WP WO

TM= 53,460
0 0 1
2 1
13 7
13 11

2

T

9 2
1.0 2

T 2.

O OC'Wwwo

226

S NONO

- 8T= 85420
1 021
12 37 12
2 4 1
13 17 ' 5
1
8§T= 96450
3 3 2 0
5 9 31 12
1 1 1 1
9 6 2 2
0
“§T= 69430
99 42 13 1
4 7T 6 8
3 9 3 1
39 69 23 15
3 - -
- §T= B6400 »
9 25 71 21
8 4 4 5
3.1 0 3
9 16 & 5
1
§T= 72,420
0 1 4 6
-21 33 8 3
12 40
18711 12 5
oy e
- 8T= 68410
22 4 6
19 39 99 33
201l 207
1735 11 13
2 .
ST= 82,450
0 0 2 1
3 4 .8 16
713 4 4
12 17 25 12



SPEAKER=4
1 2 0 1
1 3 1 1
3 3 4 3
1 2 1 1
4 5 10 8
SPEAKER=4
0 1 0 1
2 3 2 3
2 2 2 1
01 0 1
1 2 4 2
SPEAKER=4
0 0 0 O
2 21 0
211 4 1
0 1 0 O
3 4 6 3
SPEAKER=4
1 1 0 2
13 6 1 3
2 2 & 7
2 10 1
3 2 3 1
SPEAKER=4
2 1 0 3
29 99 42 20
6 3 4 &4
1 0 0 2
5 2 7 2
- SPEAKER=4
1.2.0 3
17 4999 33
8 4 4 3
2.1 0 .1
9 11 12 5
SPEAKER=4
1 1 0 3
5 7 9 26
14 23 7 3
1 0 0 1
3 1 5 2

TABLE XIY {Continued)

PHONEME= 4  PITCH=164
1 2 0 1 6 5 11 26
1 7 10 28 96 44 19 11

13 3 0 1 2 3 1 1
3 2 2 6 8 10 25 43

13 8 4 3 1 0 1 1

PHONEME= 4 PITCH=174
1 1 0 0 4 3 612
2 7 10 20 60 99 38 19
4 5 0 0 1 1 4 1
1 1 1 3 &4 4 14 15
4 2 2 1 0 0 0 1

PHONEME= 4  PITCH=196
0O 1 0 0 1 0 o0 1
1 3 2 5 10 12 24 41
1 1 0 2 3 2 0 1
0 0 1 2 4 6 9 20
5 2 1 1 1 o0 0 1

PHONEME= 4  PITCH=220
2 2 0 2 1 0 1 1
2 3 2 5 7 6 14 19
31 0 2 1 2 1 O
1 0 2 4 3 2 71 6
2 0 2 2 0 1 2 1

PHONEME= 4  PITCH=246
0 0 0o 0 0 0 2
6 5 3 3 3 2 3 .
2 2 71T 4 0 2 1
0 0 2 2 2 4 81
31 3 0 0 0 1

PHONEME= 4  PITCH=261
2 2 0 11 0 1 1

10 9 3 5 4 1 1 3
3 2 415 3 2 1 0O
1 0 3 6 5 6 16 13
&6 o 2 2 0 1 2 1

PHONEME= 4  PRITCH=29%
0 0 0 0 0 0 1 O

42 99 33 1713 7 5 3
2 01 0 0 1 4 O
1 0 3 2 ' 2 5 8 6
3 1 30 6 1 0 O

TM= 48420
99 47 23 10
4 2 4 5
1 1 3 1
35 29 22 34
0o 0 2 1
TM= 88420
36 66 26 12
10 6 4 3
1 0 2 O
26 14 13 22
0 0 1 0©
TM= 81.00
3 3 16 25
99 35 15 9
0 0 0 O©
10 16 7 11
0 0 0 O
TM= 44420
1 4 12 14
40 99 78 30
0011 0
14 24 11 15
0 0 1.0
TM= 52,80
0 2.2 -1
2 4 611
1,2 1 0
23 11 27 14
‘01 1 0©
TM= 42,5
0 1.2 1
0 2 4 7
o 1 3 0
38 41 19 30
0 0 1 o©
TM= 61470
0 1 1 0
1 2 1 1
1 1 1 0
19 27 11 22
0 0 0 O

227

5T= 84450
1 4 3 1
12 44 29 8
0 1 1 o
54 34 12 8
1
ST= 92450
3 4 4 2
3 6 22 7
0O 0 o0 O
24 16 7 4
0
ST= 91,10
50 23 10 3
6 3 3 2
o 0 0 O
21 22 14 8
0
ST= 70480
28 77 87 21
17 9 4 1
19 16 10 5
1 .
ST= 66630
2 5 9 15
31 79 34 14
1 0 0 0
27 14 16 8
3.0 '
§T= 77480
1 5.7 7
16 37 87 27
0 2 1 0
28 67 22 22
2
ST= 77430
0O 2 2 3
2 1 1 3
1 0 0 ©
12 11 13 &
2



SPERKER =4
0 1 0 1
o 1 0 O
6 10 32 4}
12 8 2 2
7 4 4 O
SPEAKER=4
o 0 1 1
0O 0 1 o
& 6 18 18
3 4 2 2
'3 3 4 1
SPEAKER=4
0 0 0 1
-3 1 1 1
13 35 51 19
2 2 1 2
31 2 1
SPEAKER=4
1 0 1 1
31 1 0
7 14 58 99
6 3 3.3
2 1 3 O
SPEAKERs=¢4
0O 1 0 1
12 37 11 4
6 7 17 15
4 4 8B 5
9 3 2 O
SPEAKER=4
o 0 0 1
& 21 27 8
& 4 10 8
12 17 4 7
& 6 4% O
SPEAKER=4
0 0 0 0
1 2 2 1
28 B6 39 16
7T 6 9 4

10 6 3 0

PHONEME=
0 1 0
01 0

98 39 21
1 2 1
1 0 0

PHONEME=
0 1 0
0 1 0

62 99 32
01 1
0 0 1

PHONEME=
0 0 0
0o 1 1

15 14 20 .
1 1 2
1 0 1

PHONEME =
0 0 0
0 1 1

35 18 15
0 1 .2
0 0 1

PHONEME=
1 0 0
2 2 1

34 52 99
2 2 2
1 0 0

PHONEME =
0 0 0
2 2 1

18 25 56
2 23
2 0 1

PHONEME=
01 0

10 52 20

12 10 io0
2 2 4
1 0 0

TABLE XII (Continued)

5

3
0

PITCH=164
11 310
24 6 2 3
47 99 34 22
2 2 2 3
1 0 0 1
PITCH=174
o 1 1 3
11 23 6 3
13 21 56 23
2 2 2 1
0 1 0 O
PITCH=196
0O 0 1 O
1 2 4 7
99 52 18 13
1 1°1 o
0 0 0 O
PITCH=220
0 1 1 0
1 2 2 2
30 63 67 31.
2 2 2 1
0 1 0 0
PITCH=246
0O 0.0 0O
1 0 1 .2
30 19 12 13
2.1 1 °2
000 0 1
PITCH=261
0 0 0 O
1 1 1 1-
36 21 11 10
2 2 3 2
0O 0 1 0O
PITCH=294
1 0 0 .0
6 3 2 2
18 28 99 69
2 2 3 2
Q 1 0 1

TM= 66490
41 10 5 2
1 0 1 3
21 38 25 13
2 1 1 1
0O 0 1 0
TM= 72,30
17 35 11 4
2 1 1 2
13 14 53 27
2 0 0 1
1 0 0 O
TM= 94,60
2 310 14
28 15 5 3
18 34 28 13
1 1 1 1
0 0 0 O
TM= 64430
1 0 1 -2
5 14 20 6
18 13 39:61
2.1 0.2
00 0.0
TM= 95460
0 0 1.0
1 2 4 5
29,48 19 11
1.1 3.2
0 0..1°70
TM= 96470
o 0 1" 0
0 1 2.3
12 20 271
‘2 1,12'f3
0 0 0 0
0O 0 0o O
1 1 2 3
25 14 16 18
1 1 0 1
0O 0 0 O©

228

$T= 80440
0 0 1 0O
4 14 7 5
11 26 9 8
o 1 .5 7
0
ST= 83420
0 0 O 0
2 3117 9
10 11 26 8
0 0 -3 5
1 . .
ST= 95470
51 32 11 4
4 3 4 7
9 15 19 6
1 1 7 8
1 ! :
ST= 81470
6 19 35 7.
4 .3 4 .5
16..9 12 33
3. 611 10
1
- 8T= 96,90
0.1 3.3
13 36 11 6
w9'18 52 16
172 3 4
o TS
T 8T= 96,480
0.1 2 2
7 18 22 7
812 30 59
3.7 11 23
ST= 96450
O 0 1 0o
4 4 8 14
32 83 28 14
1 1 4 4
1



SPEAKER=4
0 0 1 1
o 1 1 1
11 10 24 29
0 0 0o ©
1 1 2 0
SPEAKER=4"
0 0 0 1
1 1 0 1
28 16 17 10
2 1 0 1
1 0 1 1
SPEAKER=4
0 0 1 1
2 2 1 2
34 99 78 30
1 1 0 0
0O 0 1 O
SPEAKER=4
0 1 0 1
6 3 0 1
11 17 %3 .78
3 2 1 2
1 0 1 1
SPEAKER=4
1 0 ¢ 2
12 45 17 6
10 8 16 12
2 2 2 3
1 1 2 O
SPEAKER=4
‘11 0 1
4 12 34 10
12 8.10 8
4 1 1 3
2 1 2 0
EPEAKER=4
0 0 0 1
0O 0 0 3
42 99 39 16
6 T 13 5
& 3 5 0

TABLE XII (Continued)

PHONEME= 6
0 2 0 ©
1 5 T 20

52 21 14 15
0 1 1 2
1 2 1 0©

PHONEME= 6
1 l 0 1
1 2 2 5

20 34 17 13
O o 1 2
0 0 0O o

PHONEME= 6
01 0 O
0 3 2 3

20 14 11 15
o1 2 2
0 0 0 O

PHONEME= 6
1 1 0 1
1.1 1

99 40 20 12
1 0 1 2
1 0 1 O

"PHONEME= 6
0 1 0 O
1 2 1 1

24 37 99 97
1 2 2 2
0 1 1 0

PHONEME= 6
O 0 0 o
2 2 0 1

11 14 31 71
1 0 2 2
0 0 2 O

PHONEME= 6
0 1 0 ©
528 7 3

11 8 8 7
2 2 3 1
1 1 1 o0

PITCH=164
3 3 8 20
44 14 8 6
45 86 23 15-
2 1 1 1
1 1 0 O
PITCH=174
1 0 2 &
12 30 18 8
18 28 99 71
1 1 2 2
0 0 1 O
PITCH=196
0 0 0 1
7 9 18 30
37 16 7 9
2 3 1 2
1 0 0 O
PITCH=220
0 0 1 O
3 3 5 §
8 10 32 18
0 1 2 1
0 0 0 O
PITCH=246 -
0o 1 1 o
3 3 '3 4
27 18 10 11
1 2 1 1
0 1 0o O©
PITCH=261
1 0 2 O
1 1 2 3
38 20 9 '8
1 1 2 0
0 1 0 O
PITCH=294
0 1 0 O
2 2 1 1
13 24 75 34
2 2. 1 1
00 0 0 O

TM= 76490
60 .16 9 5
8 7 11 17
17 30 12 6
1 0 0 1
0 0 0 0
TM= 87440
14 36 21 7
5 5 7 9
23 13 13 9
1 1 1 0
01 0 O
TM= 93420
3 412 19
86 33 14 10
25 53 20 10
2 1 1 3
0 0 0 O
TM= 754,00
0 0 3°'2
9 17 64 34
9 10 27 60
1 1 0 O
0O 0 1.0
TM’ 5790
1 0 0 O
5 5 .9 15
30 66 30 14
21 1. 2
0 0 1 1
TM= 63430
0 0 070
2 3 5:7
14 23 67 25
2 1.1 2
0. 0 0. 0
TM= 81,70
0O 0 0 O
1.1 1 13
14 9 15 20
2 1 0 2
0 0 0 1

1
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ST= 96410
2 2 2 1
42 99 47 22
3 2 2 1
1 1 7 6
1
ST= 95440
2 3 2 0
18 26 82 93
4 3 2 2
o 1 1 2
(¢
ST= 95,80
51.23 9 3
-9 8 12 20
5 7 3 2
2 5 6 4
-0
ST= 94470
6 16 50 18
14 8 7 9
37 14 5 4
1 21 3
1
'§T= 90430
1 1 3 5
38 96 49 22
6 -6 25 12
2 21110
2 .
ST= 82490
01 1 1
6 33 99 34
9 5 5 20
2 5 4 9
1
ST= 95,30
0O 0 o 1.
5- 5 10 19
44 B84 24 14
1.2 6 &
1



SPEAKER=4
0 1 0 1
1 1 1 2
11 18 48 53
6 3 1 2
11 7 5 1
SPEAKER=4
0 1 0 1
1 1 1 1
12 14 33 31
4 7 3 2
712 7 1
SPEAKER=4
0 1 0 2
0o 0 0 O
12 43 31 11
2 2 1 1
7 8 6 0
SPEAKER=4
0 0 0 1
12 5 2 2
9 14 45 63
3 2 2 3
6 10. 6 1
SPEAKER=4
o 0 0 O
9 33 13 4
5 6 12 10
2 2 1 1
13 9 8 1
SPEAKER=4
0 0 0 1
8 18 48 27
10 7 14 11
5 3 2 4
6 4 4 1
SPEAKER=4
1 0 0 1
1 1 2 6
25 49 20 9
4 4 9 3
26 13 8 1

PHONEME=
-1 10
1 4 6
99 97 43
2 3 2
2 1 1
PHONEME=
c 1 0
1 3 3
86 99 85
2 1 3
3 1 1
PHONEME=
1 1 0
1 1 0
13 14 24
1 0 0O
1 0 0
PHONEME =
O 0 o0
0 2 1
93 38 21
1 1 2
"1 0 1
PHONEME=
0 1 0
1 2 0
23 37 99
0O 0 O
3 0 0
PHONEME=
0O 0 0
7 5 3
20 26 48
1 1 2.
1 0 1
PHONEME=
0 0 0
10 40 11
8 7 9
1 1 2
2 1 1

TABLE XII (Continued)

7

2
0

PITCH=164
2 2 511
49 28 12 7
24 40 29 18
2 3 4 5
1 2 2 1
PITCH=174
1 1 2 5
20 46 21 9
24 25 79 54
5 4 11 9
0 1 1 1
PITCH=196
0 0 1 0
1 0 2 8
99 40 14 11
2 1 2 2
0 0 0 1
_ PITCH=220
0 0 0 0
3 3 4 4
20 32 99 62
1 2 2 2
0 1 0 1
PITCH=246
1 0 0 ©
2 1 1 .2
23 16 10 12
1 1 1 1°
0 0 o0 1
PITCH=261"
0 0 0 O.
2 2 2 2
81 39 18 15
1 2 2 1
0O 1 0 O
PITCH=29%4
0 0 1 0
3 2 1 1
20 34 99 51
1 1 2 1

0O 0 0 O

TM= 96470
40 35.15 7
4 3 4 4
16 25 32 13
4 7 5 6
0 0 1 0O
TM=-96480
16 39 22 8
5 4 5 5
20 13 24 23
12 6 7 &4
0 0 0 O
TM= 60430
0 0 2 5
19 5 3 2
15 30 13 5
2 0 1 1
0 0 0 O

TM= 95,80
0 1 3.4
7 13 48 29
25 15 22 41 .
3 3 4 4
0 0 0.1

TM= 85,20
0 00 O
2 2 4 8
28 51 22 11

1 0 1 0
0 0 1 0.

TM= 89470 -
o 0 10
2.2 3..5
17 23 6430
1 1 02
o 0 0 0
-TM= 95,70
0O 0 0 O

1 1 1 1
21 12 13 14
2 11 2.

1 1 0 1

230

ST= 97,00
2 3 2 0
5 6 910
717 7 5
4 2 3 5
2
ST= 96490
2 2 2 0
7 8 29 28
7 6 16 6
2 2 2 5
1
124 1 0
1 2 3 4
4 15 6 1 °
0 1 3 4
0
- 8T= 96410
T 16 47 28
13 7 6 8
25 9 5 &4
3 2 3 71
1
8T= 95440
o 1 3 3
23 56 18 9
5 617 6
0 0 2 4
1 ;
ST= 95480
1.2 3 3
1017 62 29
11 8 7 19
1 2 5 15
1
ST= 95,80
0-0.0 O
2 2 510
27 54 14 8
1 1 5 9
1 ,



SPEAKER=4

0 0 0 1

2 2 2 4

5 3 4 3

3-1 0 2

1 0 1 1
SPEAKER=4

1 1 0 2

4 4 3 6
l4 8 8 5

5 9 6 5

2 2 8 13
SPEAKER=4

1 2 1 3

0 1 o O

3 717 5

3 2 0 1

2 1 2 2
SPEAKER=4
1 0 0

1 1 1

2 2 6

5 1 1

0o 1 2
SPEAKER=4

o 1 0 1

521 17 6
12 8 9 5

1 1 1 3

0 0 0 O
SPEAKER=4

1.1 1 2

2 13 25 7
11 7 8 ¢4

5 2 1 2

©c 0 1 0
SPEAKER=4

1 0 0 3

2 3 4 17
57 99 38 15
+16 38 64 22

3 2 6 1

O WO

TABLE XII (Continued)

PHONEME= 8 PITCH=164 TM= 95470
1 1 1 1 4 4 9 17 65 26 14 7
3 9 16 33 99 58 27 14 8 5 5 6
8 3 2 2 2 8 6 3 614 22 8
0 01 2 1 1 2 1 1 1 1 4
3 1 1.0 0 0 0 0 0 0 o0 O

PHONEME= 8 PITCH=174  TM= 96440
1 1 0 0 2 2 & 719 44 41 16
4 11 16 26 61 98 99 44 23 15 11 8
5 6 4 2 1 4 8 8 8 12 42 61
8 4 6 7 5 6 & 3 2 2 2 &4

13 4 2 1 0 0 1 0 0 0 O0 O

PHONEME= 8 PITCH=196 TM= 37440
2 2 01 1 0 1 1 0 1 2 3
1 3 1 & 7 717 28 99 91 26 13
3 1 1 2 8 6 2 1 2 610 2
1 0 2 4 2 2 4 2 21 1 2
1 01 1.0 1 2 2 0 2 1 0

PHONEME= 8 PITCH=220 TM= 73430
0O 0 0 0 01 1 0 1 0 00
01 1 1 4 &4 7 9 18 30 99 60
8 4 1 0.1"2. .8 3.2 1. 515
0 1 1 1 2 1 1 1 1 0 o 3
1 0 0.0 0 1 0 1 0 O o0 0

PHONEME= 8 PITCH=246" TM= 90,00
0 0 0 0 000 0 0 0 10
2 2 1 1 3 1 3 4 4 510 15
& 4 7 8 2 1 0 -1 0 '2 21
1 ¢ 1.2 1 0 1 0 0 0 2 2
0O 00 6 0 01 0 0 0 0 O

PHONEME= 8 PITCH=261 TM= 53,70

0 1 0 00 1 1 0 1 1 01
1 3 0 0 1 1 0 2 3 4612
4 4 411 2 2 0 0 2 2.5 3
0 1 2 2 2 1 1 0 2 0 o0 2
c 1 1 0 1 1 0 1 0 0 0 O

PHONEME= 8 PITCH=294 TM= 44400
02 1 0 0 1 1 0 0 1 0 O

32 672111 8 4 2 2 1 1 1 3
8 5 3 2 2 7115 4 3 1 1 1
5 3 5 3 3 5 5 3 7 ‘5 5§ 21
2 1 1 o0 o0 1 0o 1 1 1 1 2

231

ST= 96440

2 3 3 2
13 33 33 13

515 5 2
l¢ 7 1 2

0

ST= 96450

5 5 4 3
10 13 38 54
17 11 25 14

711 3 3

1
§T= 51440
19 17 3 0

7T 5 3 1

4 16 40 8

2 3 2 2

1

ST= 80,20

1 317 5
24 11 6 4
-8 3 3 9

3 2 2 2

0

ST= 91,70

0 0 1 1
35 99 65 27

1l 416 12
3 4 1 1
o »

ST= 59,00
0. 0 0 1
25 51 99 33
2 4 18 44

1 2 2 2

0

ST= 65450

1 11 2

5 5 10 22

4 7 3 6

6 3 4 5

1



SPEAKER=4
2 3 2 4
0 1 0 1

14 11 23 28
62 27 26 55

6 910 1
SPEAKER=4

0 0 0 1

l1 0 0 O

15 10 15 14
51.75 25 19

4 6 6 2
SPEAKER=4

1 1 0 1

o 1 0 O
19 47 99 35
23 53 30 16

2 2 3 0
SPEAKER=4

1 0 0 1

1 1 0 O

9 16 57 99
15 12 26 45

3 1 5 1
SPEAKER=4

o 1 1 2

422 71 1

6 5 9 6
21 35 99 69

2 2 3 0
SPEAKER=4

1 0 0 2

3 8 27 21
17 911 7
31 18 25 61

1 2 5 1
SPEAKER=4

0o 1 0 1

0o 1 0 1

34 99 38 15
10 22 63 24
1, 0 1 O

PHONEME=
2 2.0
2 5 5

99 49 16

19 36 21
2 0 2

PHONEME=
0 1 o©
0 1 2

50 60 19

12 16 30
2 1 1

PHONEME=
0 1 o
1 1 o0

20 11 7

25 16 16
1 0 1

PHONEME=
O ¢ O

0O 0 0

56 25 13

11 16 24
1 .0 1

PHONEME=
0 2 o0
0 2 1

13 23 62

20 21 31
1 0 O

PHONEME =
0 1 1
3 3 2
9 12 23
56 28 22
1 1 1

PHONEME=
0O 1 0
219 3

11 6 4
9 10 28
0O 0 1

TABLE XI1 (Continued)

9
0
20
12
36
1

= OoOWrEO

PITCH=164
2, 0 515
78 29 11 9
15 37 22 11
24 23 17 8

0 2 3 2
PITCH=174
1 1 3 6
24 29 11 6
7 13 28 12
48 22 11 6
O 0 1 ©
PITCH=196
0 0 1 1
2 1 3 6
27 16 4 4
l6 11 11 5
0 0 0 0
PITCH=220
0 0 1
1 1 3
5 7 9
34 25 9
0 0 0
PITCH=246
1 0 0 O
2 1 1 .2
17 12 6 .7
26 44 16 9
0 0 0 1
PITCH=261
-0 0 1 0
2 2 2 2
55 25 10 8
22 14 26 13
0 1 0 1
PITCH=294
1 0 1 1
1 0 1 2
5 8 37 19
8 12 26 9
00 0 0 O

owd p O

TM= 29470

73 23 11 4
5 6 10 16
10 22 33 16
5 2 2 1
0 1 1 0
TM= 80480
22 42 16 6
3 3 6 7
7 9 31 15
4 3 2 2
0 0 0 O
TM= 70450
0 0 2 &
23 17 5 4
6 12 13 6
3 1 2 1
0 0 1 0
TM= 72400

0 0.0 0
7 16 47 14
4 5 13 30
3 2 1 1
0 0 1.0
TM= 57440
"0 0 0 1
2 1 510
14 29 13 9
8 2 2 2
1 0 1 0
TM= 58440
0 1 070
2 2 4 7
11 15 57 33
6 3 1 2
1 0 0 1
TM= 71.80
0 0 0 O
1 0 2 2
5 3 4 4
5 7 2. 2
00 0 O
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ST= 66460
o 1 1. 0
37 90 86 32
22 76 28 24
1. 3 4 5
1

ST= 95,90
1 2 1 O

17 30 99 39
11 22 36 21

2 3 3 ¢4
1
ST= 86430
22 18 4 O
4 4 710
6 15 30 13
0o 1 11
1
ST= 94480
1 6 19 3.
7 5 4 6
8 8 15 49
1 1.1 2
2
5T= 94030
1 0 2 1

26 69 34 15
10 22 86 40

1 1.3 2
.
T S5T= 95,460
1.1 1 1

16 28 99 58
12 10 18 54

1 1 2 3
1

ST= 86440

0 0 0 O
3 4 8 14
724 6 5
1 2 1 1
1
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TABLE XII (Continued)

SPEAKER=4 PHONEME=10 PITCH=164 | TM= 41490 =~ ST= 69410
1 2 0o 2 0 2 0 O 3 3 81227520 9 5 0 2 2 1
0 2 1 0 0 5 6 20 67 35 14 10 6 5 8 15 34 65 99 37

15 13 27 29 94 44 16 12 25 60 26 16 16 32 21 8 3 9 3 3
2 3 1 1 0 1 1 3 3 3 3 3 3 0 1 4 :615 17 16

1211 8 0 1 1 0 O 1 1 1 2 0 O O 0 O

SPEAKER=4 PHONEME=10 PITCH=174 TM= 434,90 .ST= 74420

0 1 0 3 1 2 0 1 1 0 1 3 114 4428 9 2 3 2 0
0O 1 0 O 1 3 2 823613112 5 4 6 8 16 27 92 99

27 14 14 8 14 25 10 7 8 16 65 46 12 7 18 14 3 3 3 1
2 2 0 O 00 2 3 3 2 4 2 2 0 2 2 4 712 15
3 2 2 0 0 0 1 1 0 1 2 1 0 0 1 0 1

SPEAKER=4 PHONEME=10 PITCH=196 TM= 44490 ST= 68490

0 1 1 3 0 2 0o 0 0 1 0 O 1 2 4 93925 5 2
0 1 1 1 6 3 1 2 5 7 14 25 9256 1711 9 6 8 14

22 65 99 35 18 12 911 45 25 6 7 19 41 33 13 4 4 5 2
o 2 1 2 1 2 2 2 1 2 1 1 3 1 2 7T 4 5 817
1-1 3 1 0 2 1 0 0 1 0 1 1 0 1 2 1

SPEAKER=4 PHONEME=10 PITCH=220 TM= 66440 - ST= 76410
o 01 2 6 2 0 0 0 0 O 0 1 0 12 2 83112
3 11 1 0:°2 1 1 3 3 5 8152799 4419 7 5 &
3 4 20 31 3112 7 51018 61 25 8 3 5 9.-2. 1 1 1
o 0o 0001 11 2 1 101 0 01 15 3 5
o o 1 0 0O 1.1 0 1 10 0 0 O 0.1"1

SPEAKER=4 PHONEME=10 PITCH=246 TM= 46430 - ST= 58430

1 21 2 2 1 o o1 01 10 1 2 0 O O°'1 O
522 2 1 1 1 0 1 1 O 1 2 1 2 611 34 6717 17
4 4 9 8 21 36 99 46 14 9 577 23 38 13 7 6 18 62 15
3 410 4 2 2 2 4 2 1 2 21 1 3 4871025 9
32 3 0 2 1 1 1 0 O o0 1 ‘

0o 0 1 1 2

SPEAKER=4 PHONEME=10 PITCH=261 TM= 80430 ST= 86470

1 01 T 0 0 0 0-0 O 1 O 1 0 0 0-0 0 O 1
2 721 6 0 1 0 O 1 1 1 2 3 3 5918 33 99 33

11 7 &8 5 5 6122810 6 3 5 1323 4618 6 3 1 3
©o 001 0 1 1 1 11 1 01 0 01 01 2 5
0 2 31 1 1 1 0 0 O O O O O O 0 1

SPEAKER=4  PHONEME=10 PITCH=294 TM= 58,70 ST= 89460
1 2 01 0 1 0 01 01 1 0 0O 1 0 O O OO
0 1 1 41125 5 2 3 1 1 3 2 1 3 4 6 8 16 28

75 99 42 18 14 8 5 4 5 10 26.11 8 7 17 25 60 -74 20 11
4 5 3 2 2 1 2 3 2 1 2 1 1 1 1.1 0 2 1 1
o 0 0o 61 1 1 1 0 0 O 0.0 0 1 0 1



SPEAKER=4

1 1 0 3
0 0 0 O
2 1 0 1
18 5 2 6
5 4 6& 3
SPEAKER=4

O 1 0 3
2 2 0 1
4 .1 1 2
2 1 0 O
2 1 1 0©
SPEAKER=4

0O 1 0 1
6 4 2 1
1 5 4 1
1 2 0 1
00 1 O
SPEAKER=4

1 2 1 2
31 14 6 4
1 2 5 8
2 2 1 6
1 2 3 0
SPEAKER=4

1 0 0 3
87 99 25 14
3 1 2 3
2 1 1 1
3 1 4 0
SPEAKER=4

1 2 0 1
15 38 99 43
8 6 4 2
3 3 1 6
3 4, 5 1
SPEAKER=4

1 0 0 3
2 4 7117
18 56 24 9
1 319 8
1 0 2 1

TABLE XII (Continued)

PHONEME=11
1 2 0 2
1 2 313
3 0 0 1
3 6 4 8
2 0 1 1

PHONEME=11
2 3 1 2
1 4 3 9
3 7 3 2
0 0 2 &4
0O 0 1 1

PHONEME=11
0 1 0 O
1 2 1 2
1 0 0 0©
2 1 1 3
0 0 0 1

PHONEME=11
1.1 0 O
2 3 0 1

13 2 0 O
2 1 6 4
2. 0 1 o0

PHONEME=11
1 1 1 0
4 6 3 3
3 722 71
0 2 3 3
0 0 1 0o

PHONEME=11
0 1 0 o

12 10 3 &4
1 1 1 6
2 1 4 16
2 1 1 o

PHONEME=11
1 1 1 0

26 99 33 15
4 2 2 0
1 1 4 3
0O 0 2 O

PITCH=164
4 4 11 26
44 15 5 2
1 3 2 0
5 &4 6 3
0 1 1 1
PITCH=174
6 4 9 17
26 66 40 15
1 2 6 5
3 2 4 3
0 1 2 1
PITCH=196
2 1 2 &4
4 4 10 17
1 0 0 O
1 2 2 3
0 0 0 ©
PITCH=220
1 0 1 2
3 1 3 6
1 1 3 2
3 3 3 5
0 0 1 1
PITCH=246
0 0 1 0
3 2 2 1
1 3 1.0
9 9 5 5
0 1 o0 1
PITCH=261
1 1 1 1
4 2 2 3
3 2 1 2
5 4 14 7
1 1 0 2
PITCH=294
0 0 1 O
10 4 3 1
0 2 4 1
1 2 7 1
1 0 O

TM= 42450

99 46 22 10 .

TM= 51460
44 99 91 37
4 3 3 2
1 218 28
3 3 1 1
0 0 0 O
TM= 804,70
7,9 26 38
56 22 8 &
1 4 2 O
2 2 2 4
0 0 0 O
TM= 44480
2 3 9°9
9 16 63 54
1 1 4 10
5 1 3 .3
1 0 2 0
TM= 52470
1 2 3 3
1 3 512
5 .8 1 1
5 511 8
1 0 0 O
TM= 55470 "
0 0 171
1 1.2:5
1 217 5.
4 5 3 9
0O 0 0 O
TM= 49,50
0 11 0
1 1 2 1
1 1 1 0o
3 6 2 5
0 0 0 O
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5T= 52,30
2 4 20
210 6 ©
213 4 5
7 10 14 15
1
ST= 78400
11 12 7 3
3.5 16 24
4 416 5
514 9 5
1 .
$T= 87490
99 49 22 9
2 1 1 0
0.2 0 0
511 9 5
0
ST= 60450
14 33 99 84
17 5 3 0
5 1 1 0
515 11 &
0
ST= 71480
4 8 14 22
39 62 14 7
3 11 33 .8
20° 8 15 7
1
ST= 72470
0 4 7 8
9 20 79 29
0 1 3 14
515 11 9
ST= 57,00
1 0 0 O
2 2.2 5
2 5 0 0
6 4 7 3
20



SPEAKER¥5

1 0 1 3
0 0 0 1
5 6 30 42
5 2 &4 8
2 2 9 9
SPEAKER=5
1 2 0 1
0O 1 1 0O
5 6 16 16
4 9 4 8
1 2 3 2
SPEAKER=5
0 0 1 1
1 1 1 1
18 63 33 14
3 5 6 13
3 3 6 3
SPEAKER=5
0 1 1 2
32 2 1
2 7 32 52
0 2 5 13
0 1 4 O
SPEAKER=5
0 1 1 2
9 34 7 3
0 310 &8
1 312 8
1 1 3 O
SPEAKER=5
0 0 0 1
6 19 55 20
7 4 10 9
32 4 15
2 1 4 2
SPEAKER=5
1 0 2 1
0o 0 2 3
23 49 20 17
2 2 6 2
2 1 4 1

TABLE XII (Continued)

PHONEME= 1
2 1 2
0 2 4
99 38 20 1
4 12 13 2

8 6 5

PHONEME= 1
1 1 0
2 1 0
52 99 39 2
12 11 25 2
6 4 4

PHONEME= 1
6 1 O
0 2 o0
17 22 37 6
17 22 60 5
6 2 3

PHONEME= 1
0 3 0
0 3-0
46 20 12 1
6 12 26 1
4 4 3

PHONEME=-1
0 3 0
0 3 0
21 38 99 4

7 16 24 2

3 4 3

PHONEME= 1
0 1 1
3 4 3
15 24 48 9
6 9 25 5
4 5 10

PHONEME= 1
0 0-0
25 5
5 7
3 11
1 1

= = | o

oo~ O

PITCH=164

0 0 2 3
30 8 2 O

36 87 25 12

27 53 45 51
2 5 3 2
PITCH=174
1 0 2 4

12 30 16 7

15 22 77 42

62 69 51 53
3 3 4 3
PITCH=196
01 0 1
2 3 6 14

99 43 17 14

21 20 9 14
3 2 1 1
PITCH=220
o1 0 ©
o 1 0 2

19 37 99 44

26 35 14 16
5 3 2 3
PITCH=246
o 0 0 O
0 0:0 1

16 11 6.9

42 62 21 13
2 11 2
PITCH=261
0 2 1 0
2 3 1.1

73 38 16 11

19 17 29 12
1 4 6 5
PITCH=294
0 1 1 0
1 1 1 1

15 30 99 45
10 21 30 13.

0 1 0 1

TM= 48480
35 13 4 1
1 1 0 3
913 6 &
28 33 37 40
2 1 0 1
TM= 66440
15 40 23 7
2 1 3 2
13 9 18-14
22 23 38 33
0 1 2 1
TM= 85440
4 5 16 28
29 9 4 5
12 9 6 .5
10 14 "5 5
1 0 o0 1
TM= 58,00
1 1 1.3
2 4 20 8
18 9 912
13 17 18 29
2 0 1 2
TM= 62400
1 1 0 2
1 0 1 4
32 48 14 8
15 7 17 11
1.0 1 1
TM= 65490
0 1 0 0
0 1 0.4
10 10 2711,
16 29 14 34
6 3 0 1
TM= 77470 °
2 0 0 O
2 0 0 1
18 9 6 4
16 22 -8 13
31 0 0
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6
6
8

ST= 904,00
3 1 0*0
6 17 6
6 14 3
33 16 6
5
ST# 96430
0O 1 1 o
2 4 18 14
4 6 15 4
31 15 6 4
2
ST= 96420
44 20 9 3
4 3 5 9
3 3 2 -3
2 2 4 &4
2
ST= 93,20
3 10 39 13
31 2 2
4 2 25
1716 6 4
2
,.8T= 95,20
‘00 1 3
921 4 2
4 414 3
13: 5 4 2
5 o
. ST= 96410
1.2 2 5
.8 15 .52 22
5 .4 311
21 23 13 10
3 R
ST= 88450
0 0 0 1
2 1 4. 9
3 4 1 2
9 711 7
1 '



SPEAKER=5
1 2 1 1
0 0 0 O
6 10 34 51
4 1 1 3
6 4 5 4
SPEAKER=5
1 4 0 O
0 3 0 O
14 10 17 15
2 4 1 3
1 2 3 4
SPEAKER=S
1 2 1 2
0 1 0 1
31 99 85 33
1 2 0 2
5 3 4 4
SPEAKER=5
1 0 0 2
5 1 0 0
7 11 47 69
3 1 4 6
3 3 8 2
SPEAKER=5
0 1 0 O
17 44 9 2
3 5 9 8
1 3 3 1
3 4 3 0
SPEAKER=5
5 2 0 2
9 17 57 18
14 6 7 6
6 2 0 &4
7 5 71 6
SPEAKER=5
1 0 1 1
1 0 2 5
36 99 40 15
1 1 2 1
1 1 4 O

TABLE XII {Continued)

PHONEME= 2
3 1 0O O
1 2 110

99 37 18 16
4 6 9 22
5 0 3 4

PHONEME= 2
0 2 0 O
1 1 0 &4

54 99 37 16
7 3 10 12

11 5 3 4

PHONEME= 2
3 1 0 O
2 1 0 2

21 14 11 19
5 3 10 22

1211 8 4

PHONEME= 2
0 1 1 1
0 1 1 o

99 37 18 8
2 4 17 13
5 6 6 O

PHONEME= 2
0 1 0
0 2 ©

22 39 99 46
2 5 5 9
2 1 2 1

PHONEME= 2
2 0 1 3
3 0 1 4

11 10 32 78
3 0 8 22

13 7 20 6

PHONEME= 2
0 1 1
8 51 15
8 4 3
0 0 4
0 1 1

O OWO

PITCH=164
1 0 311
17 2 0 2

30 63 16 8
24 35 24 14

7 9 7 &
PITCH=174
2 2 1 6
16 42 17 9
8 4 14 9
19 16 10 9
513 11 6
PITCH=196
1 0 1 1
1 0 3 9

51 19 4 4

18 38 24 19
2 2 8 5
PITCH=220
1 3 1 0
1 3 1 1
7 11 33 17

35 65 26 21
1 3 2 &4
PITCH=246
2 0 0 O
2 1 0 3

16 11 4 .5

26 37 15 16
1 0 1 3
PITCH=261
3 1 6 1
4 1 5 2

63 27 12 &

14 23 85 37
1 3 6 4
PITCH=294
1 2 1 o0
4 3 2 1
2 622 9
2 512 4
0o 2 1 2

28 6 4 i
0 0 3 3
6 12 6 1
7T 8 11 12
1 3 2 1
TM= 43480.
7 28 15 4
31 5 4
4 2 8 4

12 15 25 17
0O 1 2 1
TM= 48.7,0
0O 1 5 6

33 12 6 5
1 5 4 2

14 14 13 19
0O 0 1 0
TM= 46450
0o 1 01
3 5 30 15
7 2 2 3

16 12 13 20
5 1 0.1
TM= 64,90
0O 0 o0 1
1 0 2 6
5 .5 2 1

12 6 14 9
1 0 1 0
TM= 284,80
0 0 279
0O 0 31
1 2 .60

25 45 15 25

‘00 2 1 0
.TM= 58460
1 0 O
2 0 0
4 1 O
712 2
3.0 0

PWOoONO
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ST= 78430

0 2 0 O
6 20 71 &
2 5 2 1

22 34 22 16

5

ST= 72420
01 2 o0
7 16 63 50
0 1 3 0

14 13 6 3
2
- 8T= 73,00
26 10 2 O

4 8 9 15
1 5 1 O
15 33 15 13
2

ST= 64450
4 10 40 20
7 2 4 6

2.0 1 3
21 19 13 13 -

2 .

. 8T= 71.40
0 2 5 6
18 45 12 5

0:1 3 2

1210 12 8
.‘0 ‘ |
ST= 57430

1 3 3 1
10 25 99 35
1 3 2 2
14 32 13 12
3

ST= 75420
1 0 0 2
4 3 8 17
1 3 0 1
2 0 5 3
1



SPEAKER=5

1 0 0 2
0 0 0 1
9 8 28 36
3 1 2 6
1 0 3 1
SPEAKER=5
0 1 1 1
0 0 1 0
20 12 19 15
1 4 2 1
3 3 7 1
SPEAKER=5
0 1 0 1
1 1 0 O
37 99 79 31
2 3 0 2
1 1 2.1
SPEAKER=5
0 1 0.0
2 2 0 O
8 16 57 99
1 2 2 3
4 5 6 3
SPEAKER=5
2 0 0 3
21 58 13 4
5 311 7
3 2 7 3
8 5 10 3
SPEAKER=5
1 0 1 3
7 21 47 15
7 3 8 1
1 o0 1 7
2 3 6 4
SPEAKER=5
.0 0 0 O
0 1 1 &
33 99 49 19
1 2 6 2

1 2 2 0

PHONEME=
0 1 2
0 4 7

99 41 18
3 7 6
2 2 3

PHONEME =
0 3 0
0 3 1

51 99 39
4 512
8 6 4

PHONEME=
2 1 0
1 1 0

21 12 9
3 2 5
6 5 2

PHONEME=
0. 1 O
0 1 o

46 22 10
1 2 2
6 4 &4

PHONEME=
0 2 1
0 2 1

16 32 99
1 6 11
4 4 8

PHONEME =
1 1 1
4 3 3

13 18 44
2 4 12
8 4 &4

PHONEME=
0O 1 0
7 40 17

13 8 5
0O 1 2
1 0 0

TABLE XII (Continued)

3

OoOvVwyoO

NS g0

PITCH=164
1 2 5 13
50 20 7 3
717 4 2
9 12 19 28
6 9 5 2
PITCH=174

1 0 0 3
16 36 11 6
9 9 20 11
25 21 36 39
8 7 8 13
PITCH=196
0 0 0 1

2 1 512
29 11 3 3
7 14 11 18

5 4 3 1
PITCH=220

1 0 0 1

2 1 1 3
6 11 11 6
12 11 19 34
2 2 .4 9
PITCH=246

1 4 2 0
2 3 1 .2
14 12 5.3
16 28 13 17

1 3 1 3
PITCH=261
0 0 1 O

1 0 1 0
34 18 7 3
19¢ 35 76 34
2 7 9 5
PITCH=294

1 0 0 O
6 3 2 2

4 6 18 17

3 3 7 8
00 0 0 1

TM= 58420
52 15. 6 3
3 4 5 10
3 7 4 2
25 28 16 20
0 1 o 1
TM= 50480
18 45 18 8
4 2 5 9
5 112 11
35 20 21 18
8 2 -2 2
TM= 73440
1 2 10 16
29 11 6 5
2 6 4 2
13 19 14 23
0 0 1 O
TM= 83,10
0 0 1 1
4 9 24 8
2.1 3 4
16 22 10 16
6 2 2.1
TM= 35,80
0 1 0 O
3 2 310
8 '8 1 0
26 9 18 11
7 3 1 2
TM= 55440
0 1 1 0
1 2 3 5
4 5 6 3
37 42 18 33
1 2 0 O
TM= 944,60
0O 0 0 ©
1 0 2 3
4 1 1 1
16 42 16 9
0 0 0 O
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ST= 83,70
2 1 0 1
25 51 50 20
3 7 1 3
12 5 3 4
2

ST= 94,450
1 1 2.0
15 23 92 71
3 2 9 2

21 34 19 12
3

ST= 90490

24 11 4 0
7 7 12 18
1 5 2 0

14 26 5 3
R

ST= 91,20

2 10 27 8
3 3 5 6
01 1 3
12 26 13 10
1
- 8T= 54440
2 1 4 9
36 79 22 11
1 0 5 3
16 9 24 17
. 2 ) .
ST= 96410
2 1 1 2
14 28 63 20
3 2 1 4

5T= 95490
0 0 1 0
4 6 10 17
0 4 1 1
4 310 5
o



SPEAKER=5
2 2 0 5
1 0 1 3
2 0 1 3
1 0 0 2
5 2 7 9
SPEAKER=5
"1 3 1 3
1 2 0 2
1 2 0 2
1 2 0 2
47 36 30 28
SPEAKER=5
1 3 1 1
1 2 1 0
2 71 8 2
1 2 1 1
6 6 8 3
SPEAKER=5
2 1 0 2
10 4 1 2
3 1 2 4
2 1 0 1
4 2 3 2
SPEAKER=5
1 4 1 1
32 99 67 26
5 5 4 2
1 3 2 1
23 25 22 13
SPEAKER=5
3 1 0 3
15 37 91 49
14 7 6 6
2 0 0 3
18 12 14 9
SPEAKER=5
2 1 3 2
2 4 10 17
27 80 30 10
0 1 2 2

24 15 16 7

TABLE XII (Continued)

PHONEME= &4  PITCH=164 TM= 43,10
1 0 0 0 0 1 5115219 7 1
1 612 30 99 38 16 7 2 3 2 2
2 02 0 01 1 0 1 2 2 o0
1 0 4 3 1 2 4 2 6 10 26 42
12 5 5 2 .0 3 2 0 0 1 o 1
PHONEME= 4 PITCH=174 TM= 42440
3 2 0 0 2 0 4 9 30 68 51 18
3 6 616 45 99 77 30 9 6 6 3
3 3 0 2 0 1 3 2 0 1 4 1
2 1 2 & 3 2 6 7T 8 14 38 55
62 45 14 9 6.6 3 5 2 2 3 2
PHONEME= 4 PITCH=196 TM= 45440
1 1 0 01 0 1 2 1 0 6 9
1 1 0 1 6 5 16 29 99 51 18 8
3 1 0 0 2 1 1 2 1 0 2 o0
2 1.1 3 4 3 71018 32 53 51
1311 5 1 2 0 2 3 1 0 3 O
PHONEME= 4  PITCH=220 TM= 63490
0O 0 0 0 0 0 2 0 0 1 3 2
0 0 0 2 2 3 7 8 14 28 99 37
2 Q. 01 02 2 0.0 1 0 O
0.0 1 2 2 2 5 6 82217 19
3 12 1 0 1 2 1 0 1 0.0
PHONEME= 4 PITCH=246 TM= 35,00
0 2 0 0 2 2 2 3 1 0 1 1
7 7 0 2 5 1 2 5.1 0 4.6
3 1.0 5 1 1.1-2 2,1 3 1
3 1 1 3 4 1 8 917 17 56 96
34 2819 7 3 0 2 5 1 3 4 -1
PHONEME= & PITCH=261 TM= 46460
0O 0 0 1 0 1 2 1 0 2.1 0
12 8 3 4 2 2 3 4 2 4 4 5
3 1 1 3 0 2 2 0 1 3.1 0
1 0 3 4 2 4 9 8 15 31 41 99
1916 9 2 0 1 2 0 1 2 2 0
PHONEME= 4 PITCH=294 TM= 45,10
0O 0 0 01l 2 2 0 3 1 00
25 99 30 1210 5 2 3 3 1 -1 3
4 4 1 0 0 3 5 2 2 1 1 2
1 3 4 3 3 5 8 10 24 54 26 53
19 1819 5 3 3 0 1 3 1 1 3
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ST= 63480
1 1 0 0
515 5 1
3 0 0 0
50 41 26 22
3

ST= 90450
3 4 3 0
1 3 4 0
0 3 1 0
53 33 42 55
3

ST= 65450
44 27 8 O
3 2 2 0
0 0 1 0
35 54 21 13
0

ST= 74410
7 21 63 22
17 7 3 2
001 0 0
12 19 10 9
o

ST= 82440
0 4 11 14
14 39 48 14
0 0 1 0

57 91 59 98
2 ' '
ST= B7.80

03 4 7

13 24 98 42
1. -0 0 O

54 44 35 37
4 _

ST= 77450
0 0 1 2
2 1 510
1 3 0 1
43 21 55 28
2"



SPEAKER=5
6 0 1 1
0 0 0 O
1 3 12 19
5 5 6 4
0 1 2 1
SPEAKER=5
6 0 0 ‘2
0 0 0 1
4 3 13 14
1o 6 4 6
0 0 2. 1
SPEAKER=5
1 0 0 1
1 0 0 O
6 18 29 10
1311 5 5
1 0 0 0
SPEAKER=5
o 1 2 3
3.2 2 1
5 12 56 99
3 2 4 2
1 1 4 1
SPEAKER=5
2 1 0 2
39 99 22 12
5 3 7 6
8 5 5 3
2 0 1 O
SPEAKER=5
1 0 o 3
10 24 67 26
6 4 9 8
24 13 7 10
1 0 2 ©
SPEAKER=5
0 0 0 1
o 1 2 3
15 50 21 9
1 1 4 1
0 0o 1 0O

TABLE XII (Continued)

PHONEME= 5
0.2 0O
0 2 21

2011 91
2 3 2
0 1 1

PHONEME= 5
0 1 1
0 1 2

51 52 22 1
2 3 4
0 0 2

PHONEME= 5
O 0 o0
6 0 O©
7 6 91
3 1 2
0 0 1

PHONEME= 5
0 2 O
0 2 O

36 19 16 1
0O 1 2
3 32

PHONEME= 5
1 0 O
4 3 2

18 31 94 5
2 0 2
2 1 2

PHONEME= 5
1 1 2
5 &5 4

12 20 45 9
2.3 ¢4
0 0 2

PHONEME= 5
0 0 O
531 9
7 8 9
1 1 2
6 0 o

O N O

PITCH=164
1 2 4 14
14 37 0 1

37 47 17 22
2 3 2 2
0 0 0 O
PITCH=174
1 2 3 6

20 23 7 2

27 52 99 45
3 4 5 2
0 2 2 2
PITCH=196
0 0 1 O
1 0 2 &4

52 30 11 10
2 1 3 1
0 0 3 2
PITCH=220
0 1 0 O
1 1 1 3

35 72 95 42
2 3 2 2
0:-2.1 1
PITCH=246
1 0 3 O©
3 1 3 2

16 12 12 15
3 1 4 1
1 1 3 1
PITCH=261
0 0 1 0
2 2 1 0

46 26 12 12
2 4 4 1
0 2 1 0
PITCH=294
0 1 0 O
2 1 o0 1

18 30 99 67
2 1 1 o0
1 1 o 1

TM= 91,60
30 7T 3 2
1 1 1 3
63 99 39 32
3 2 2 3
0 0 0 1
TM= 67490
30 42 12 5
1 1 0 2
25 24 57 32
3 3 2 4
0 0 0 O
TM= 82460
0 1 6 9
16 10 3 1
19 36 32 19
0 0 1 o
0O 0 0 O
TM= 47490
2 113
6 14 22 7
25 14 25 42
4 1 0 2
3 1 0.0
TM= 49,20
0 0 2 O
0 1 '3 4
52 86 29 13
1-0 1 O
o0 0 1 o0
TM= 58480
0 1 1 1
1 2 1 &4
18 30 64 28
2 1 o0 2
1. 0 0 ©
1 0 0 O
1 1 1 2
25 14 12 9
1 0. 0 1
0O 0 0 O
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ST= 94,460 .
0O 0 0 O
515 3 2
62 59 18 12
2 4 3 3
0
ST= 94,50
2 2 1 1
4 T 24 9
27 57 77 30
3 3.2 3
2
ST= 96460
35 17 5 1
2 3 2 2
25 56 99 34
0O 2 1 1
1
- 8T= 84460
7 24 42 9
4 1 3 5
9 5 6 19
1 1 3 3
2
ST= 85070
2 6 11 16
19 47 11 4
12 25 85 27
12 5 3
‘1'
ST? 95410
2 2 3 4
10 19 59 20
14 17 36 99
2 3 3 5
2
ST= 96400
0O 0 0 O
2 2 3 7
716 6 4
001 2 1
O..



SPEAKER=5

2 1 2 2
1 1 3 1
15 17 38 43
3 2 4 2
1 1 5 0
SPEAKER=5
1 2 0 3
o 1 o0 1
25 14 17 15
12 0 1
0 0 0 O
SPEAKER=5
1 0 0 2
1 0 0 1
32 99 56 23
1 0 o0 1
00 1 0
SPEAKER=5
0 2 0 0
6 4 1 0
8 15 51 87
3 3 1 1
o 1.1 0
SPEAKER=5
0 1 0 2
32 67 14 7
8 510 8
2 1 0 2
1 1 2 2
SPEAKER=5
0 2 0 1
7 20 58 23
12 9 13 8
1 000 O
0 0 1 0
SPEAKER=5
‘1 0 0 2
1 2 2 7
34 99 51 21
4 3 2 4

1 0 1 1

TABLE XII (Continued)

PHONEME= 6 PITCH=164
0 1 1 0 3 4 9 22
O 4 7205317 8 6

99 40 21 16 36 82 30 20
0 0 2 1 2 3 & 2
0O 01 0 0 2 1 1

PHONEME= 6 PITCH=174
2 2 01 0 0 1 2
1 2 0 5 92517 7

41 87 35 17 9 11 40 27
2 1 2 5 2 0 2 1
1 1 1 3 0 0 1 1

PHONEME= 6 PITCH=196
© 0 0 0 0 0 1 O
0o 1 21 2 3 712

16 14 20 33 52 22 9 7
0 1 &4 3 2 &4 2 2
0o 001 0 0 2 0 O

PHONEME= 6 PITCH=220
01 0 0 1 1 1 2
01 01 2 2 2 5

55 26 14 12 18 32 66 29
0 1 0 2 3 2 2 3
1 11 0 1 1 0 1

PHONEME= 6  PITCH=246
1 1 0 2 1 0 1 O
2 2 2 3 3 1 & 3

21 33 97 47 14 11 9 .9
o 0 1 2 0 1 3 2
1 0 2 0 0 1 1 0

PHONEME= 6  PITCH=261
01 0 0 1 1 0°"1
6 6 2 2 4 2 2 3

18 23 44 94 71 34 14 11
0o 1 2 2 3 1 1 ¢
0 1 1 0 1 1 0 O

PHONEME= 6  PITCH=29¢
0O 0 0 0 0 0 1 O
8 46 22 9 5 3 3 3
14 9 7 7 9 17 58 56
1 0 2 4 0 1 4 .2
0o 0 1 0 0 0 1 1

TM= 44,4,10.

.70 16 8 3

7 6 8 13
37 73 42 18
5 1 0 1
3 0 0 1
TM= 45430
7 29 17 5
1 3 6 8
11 15 64 61
o 1 2 2
00 0 2 O
TM= 91.00
2 3 10 16
32 11- 5 5
20 38 12 17
1 1 0 1
0 0 0 O
TM= 69450
0 0 2 4
7 15 51 17
1614 44 99
1 0 0 2
0 0 0.1
TM= 53,20
0 0 2 0O
2 3 8§13
34 55 15 5
2 2 0 0
0 2 1 0
TM= 67480
0 0 171
2 1 4 8
10 11 39 15
1 0 0-1
0 0 o0 1
TM= 90.10
01 0 O
1 2 2 2
18 11 10 9
1 2 0 O
0 1 0 O
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ST= 78430

2 0 1 2
36 90 48 24
10 10 3 ¢4

o 0 1 3
1

ST= 80460
0 2 0 O

13 24 74 99
14 10 8 2

1 3 2 1
1
ST= 95460
41 16 6 2
7 6 10 17
615 4 '3
2 2 0 2
1
ST= 95460
6 22 58 16
7 5 6 6
28 14 8 14
0 3 2 1
1
ST= 82490
1 5 8 11
47 99 26 13
2 3 3 2
o' 1 o0 2
2.
ST= 95,460
0 2 4 &
15 28 99 37
5 3 4 7
1 1 2 1
1
ST= 96460
0 1 0 O
5 6 9 17
16 46 20 9
001 3 2
o



SPEAKER=5
2 2 0 4
0 0 0 1
5 4 21 27
3 1 0 2
0 0 3 O
SPEAKER=5
1 1 o0 2
0 0 0 O
8 5 14 14
4 3 1 4
0 0 2 1
" SPEAKER=5
0 o o0 O
0 1 o O
9 26 42 15
4 6 3 2
0 0 1 1
SPEAKER=5
0o 1 0 2
1 0 0 O
710 47 87
4 2 0 1
2 1 2 2
SPEAKER=5
2 1 3 2
5 28 14 4
1 310 7
9 7T 4 2
0 3 2 O
SPEAKER=5
0 1 2 2
5 16 46 17
6 6 13 10
11 7 4 4
0 1 3 1
SPEAKER=5
0 0 O
0 0 O
21 36 14
1 0 O
0 0 2

O O0OMNMN

TABLE XII (Continued)

PHONEME= 7 PITCH=164
0O 0 0 0 0 0 2 &
0 1 2 416 8 2 0

91 45 24 21 44 99 56 29
0 1 2 3 2 3 2 0
00 2 0 1 2 1 0

PHONEME= 7  PITCH=174
2 1 01 0 0 1 3
1 0 1 4 12 25 13 &4

47 86 36 18 18 32 99 51
1 0 2 2 0 1 3 0
2 0 3 0 1 2 1 0

PHONEME= 7  PITCH=196
O 1 0 0 1 0 0 ©
01 o0 1 2 1 3 7

12 12 17 27 99 55 18 15
31 1 2 1 0 1 1
4 1 0 1 0 0 0 O

PHONEME= 7  PITCH=220
12 0 2 1 0 1 o0
‘1-0 0 2 1 0 2 2

34 16 16 18 35 69 99 43
0 0 1 3 2 2 4 2
2 .01 1 0 1 2 2

PHONEME= 7  PITCH=246
o 0 0 0 1 2 1 ©
0 3 0 0 0 1 0 .1

18 31 81 96 27 18 12 17
1 2 1 3 4 3 2 3
2 3 0 0 1 0o 1 3

PHONEME= 7  PITCH=261
01 0 0 0 1 0 O
4 4 1 1 1 1 0 2

18 27 48 99 74 36 16 14
2 3 2 4 2 11 1
8 6 2 0 1 1 0 O

PHONEME= 7  PITCH=29&
01 1 0 0 0 0 O
419 5 2 1 1 0 O
5 6 9 10 19 37 99 44
0O 0 1 1 1 2 1 o©
2 0 1 0 0 11 o0

TM= 54,400
26 8 2 0
1 2 2 3
21 31 32 15
2 1 0 1
2 0 0 ©
TM= 564,70
14 38 13 ¢4
01 2 O©

21 17 46 32

2 2 1 1
0 1 o0 1
TM= 84,80
0 0 4 7
24 12 3 2
17 29 28 14
1 0 1 1
0 0 1 0
TM= 49,430
0 0 20
1 717 3
20 14 37 65
1 1 0o O
1 4 5.1
TM= 45,490
3 1 0 1
2 1 2 6
50 99 58 29
2 0 0 2
1 0 2 O
TM= 74.00
1 0 0" 1
2 2 2 5
14 16 44 21
2 1 1 2
0 0 0 1
.TM= 85,30
0 0 0 O
0 0 o 1
18 10 7 5
1 0 0 O
1 0 0 O
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ST= 92450 °
1 0 0 O
6 11 15 6
12 30 8 6
3 1 1 3
1
ST= 82450
1 3 0 O
3 7 29 19
10 12 25 8
2 2 0 1
2
ST= 92440 -
31 17 6 1
1 2 3 &4
11 25 45 13
0 1 1 o0
1
ST= 84470
2 13 20 2
3 4 3 3
14 8 4 4
0 4 2 2
1
.. 8T= 69430
0 0 0 2
10 32 17 6
15 21 70 58
02 7 6
0
ST= 96,00
0o 0 2 2
7 13 52 22
8 8 15 47
1 1 2 3
1 .
ST= 95,420
1 0 0 O
2 3 3 8
4 5 1 3
0O 0 1 1
0 N



SPEAKER=5

1 0 0 2
2 1 2 5
3 2 5 5
1 1 2 1
0 0 2 1
SPEAKER=5
0 0 0 1
3 2 1 2
15 8 8 5
1 1 0 2
0o 0 1 1
SPEAKER=5
1 0 1 1
2 2 2 2
0o 3 5 2
0 0 0 0
0 0 1 O
SPEAKER=5
1 0 0 1
6 3 1 3
3 2 6 8
o 0 0 1
0 0 0 O
SPEAKER=5
0 0 0 1

28 87 50 20
14 8 9 5

2 1 0 2

1 1 1 2
SPEAKER=5

1 0 1 3

15 34 93 46
13 6 7 5

4 1 0 1

60 0 1 O
SPEAKER=5

1 0 0 3

2 2 5 14
11 41 20 7

4 2 1 1

1 0 2 O

TABLE XII (Continued)

PHONEME= 8 PITCH=164
0O 1 1 1 3 5 10 25
2 15 29 74 99 32 18 10
2 1 1 0 3 4 2 0
0O 1 1 0 1 2 1 1
0 2 1 0 0 1 0 1

PHONEME= 8 PITCH=174
1 1 1 2 3 2 610
2 6 10 19 50 99 51 21

10 16 6 4 4 9 34 16
0O 0 0 1 0o 1 2 1
0o 0 1 0 0 0 1 O

PHONEME= 8 PITCH=196
O 0 0 0 0 1 1 1
0 3 2 3 8 10 19 29
1 2 10 3 2 0 O
0 1 1 1 2 1 0 O
0O 0 0o 01 1 o0 1

PHONEME= 8 PITCH=220
0 0 0 0 0 0 t 0O
1 2 2 4 6 8 13 16
3 1.1 0 0 2 2 O
0 2 1 0 0 1 O
0O 0.1 0 0 1 0 O

PHONEME= 8  PITCH=246
1 1 0 2 1 0o 1 0O
7 6 4 4 6 3 6 5
5 31111 2 3 3.1
0 0 1 2 0 1 3 1
2 3 1 0 0 1 1 1

PHONEME= 8  PITCH=261
1 T 1 0 0 0 1 O

1310 7 4 4 2 2 1
3 3 61210 6 1 0O
0O 0 2 2 1 3 2 0
0O 0 2 0 0 3 1 %

PHONEME= 8  PITCH=294
0 1 2 0 0 1 1 o0©

19 99 40 17 11 6 3 2
1 2 2 2 1 5 9 8
0 0 2 2 2 3 2 0
0 211 1 1 3 1 0

TM= 58,00
52 13 6 4
7 4 4 8
4 3 2 3
31 2 5
1 1 0 2
TM= 78,420
33 62 33 13
10 7 6 6
5 5 15 8
1 2 0 O©
0O 1 1 o
TM= 84490
4 4 13 20
99 63 22 14
1 1 1 1
1 0 o0 1
0 0 0 O
TM= 94490
1 2 4 4
31 59 99 36
1 2 9 16
1 0 0 O
0O 0 0.0
TM= 61070
0O 0 3 1
4 5 11 15
2 .9 3 .0
1 2 0 O
0O 2 0 O
TM= 5740
o 1 2 1
2 3 4 7
2 417 6
1 0 o0 1
1 0 0 O
TM= 54,430
0 1 0 O
o1 o0 2
3 3 611
2 0 0 1
1 0 0. O

242

§T= 82,90
2 2 2 3
25 46 11 5
le 7 2 6
1 0 1 2
.
ST= 964,10
4 5 4 2
12 21 72 48
1 1 0 1
0O 0 0 1
2
ST= 95,460
68 38 15 6
9 4 3 2
1 3 3 0
0O 0 2 1
0
S5T= 96460
10 28 46 12
21 11 6 5
3 1 0 1
1 0o o0 1
1
ST= 95,50
2. 7 11 13
41 99 67 29
o 317 9
0 1 0 1
1 ;
ST= 80440
3 3 5 7
16 25 99 46
3 3 5 25
1 1 1 3
1
ST= 67610
2.1 1 2
2 2. 2 5
26" 83 32 16
1 1 10 6
1 :



SPEAKER=5
0O 0 0 1
1 1 2 1
6 6 18 21
27 14 10 10
0 1 1 ©
SPEAKER=5
o1 0 1
2 3 1 1
26 16 16 9
16 29 9 6
0 0 0 O
SPEAKER=5
0o 0 o0 1
6 3 2 2

11 33 46 16
13 32 14 6

0 1 1 O
SPEAKER=5

0 1 0 1
22 12 5.5

5 7 24 39
13 8 9 21

0 0 0 O
SPEAKER=5

0 2 0 O

31 99 47 18
13 11 13 7

3 6 13 21
6 2 2 0
SPEAKER=5

0 1 1 2
12 29 82 41
15 9 11 5
2 2 3 6
0 0 2 1
SPEAKER=5

0 0 o 1
5 6 9 23
79 99 48 22
5 13 19 8

o o0 1 1

PHONEME=
0 2 1
0 6 8

39 15 7
3 2 0
2 0 o0

PHONEME=
1 3 1
0 4 4

16 28 10
4 2 2
1 0 O

PHONEME=
g 1 1
0 2 2
8 6 4
9 5 3
0O 0 ©

PHONEME=
1 1 0
3 4 2

34 14 7
6 5 5
0O 0 O

PHONEME=
0 1 o0
6 1 2
9 12 31
4 3 5
1 0 0O

PHONEME=
0 2 o0

11 10 5
4 5 7
3 2 1
0 2 1

PHONEME=
0 0 1

38 73 217

16 11 9
3 510
0 0 1

TABLE XII (Continued)

9
1

21
5
3
1

LB SV S BEVo I T

(eI

AP WO

PITCH=164
6 8 16 34
61 20 7 6

15 28 7 7
3 1 3 3
0 0 0 1
PITCH=174
6 6 9 17

28 61 27 13
3 3 6 4
4 1 4 3
0 0 0 O
PITCH=196
1 2 2 2
5 7 13 20

19 10 1 1
3 1 1 0
1 1 0 2
PITCH=220
2 0 2 3
5 4 8 10
3.4 11 5
2 1 1 1
0 0 0 O
PITCH=246
2 1 1 2
6 4 4 9

12 8 4 .5
2 1 2 2
1 0 1 2
PITCH=261
0 1 0 O
3 1 3

16 8 1 1
1 2 1 1
0 1 0 1
PITCH=294
0 0 0 O

11 &6 6 &4
7 13 32 12
1 2 2 O
0 0 0 O

TM= 60440
99 29 17 7
5 4 7 13
15 29 21 20

2 1 2 1
0 0 1 0O
TM= 83,50
43 99 62 27
7 5 8 10
4 3 13 9
3 1 3 2
0 0 1 0O
TM= 71.70
5 7 20 30
73 41 13 8
3 5 4 3
1 0 o0 1
0 0 0 O
TM= 96430
5 5 1313
16 28 .93 47
2 2 4 6
0 0 1 1
0 0 1 o0
TM= 53430
1 0 1
5 5 10.1
4 .6 5
2 0 1
1 0 2
TM= 57480
1 1 1.2
4 3. 4 8
2 2 3 2
3 1 0 2
1 1 o0 -2
"TM= 95,00
o 1 1 1
4 4 5 6
5 4 4 3
2 1 0 1
0 0 0 O
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ST= 96,420
31 2 2
30 77 34 15
39 88 27 25

0 0 1 0O
1
ST= 97,40
9 9 7 4
17 27 89 89
7 18 54 18
0 2.1 0
o
ST= 944,20
99 55 22 9
6 3 4 6
2 111 6
0 0 2 1
0]
ST=.97420
19 42 99 45
20 10 7 5
3 5 T 22
o1l o0 o
0]
ST= 96400
0 5 10 12
37 87 719 33
0 2 6.5
‘000 2 0
o
ST= 92,00
1 1 4 4
15 26 99 53
0 0 1 10
0 0 1 2
1
ST= 96440
2 2 3 3
11 11 18 34
710 2 3
1 0 0 O
1 .



SPEAKER=5

2 1 0 1
2 1 0 2
9 9 26 37
1 0 0 2
0 0 1 ©
SPEAKER=5
1 1 0 1
3 2 0 2
24 15 24 22
1 0 0 2
0O 0 1 O
SPEAKER=5
1 1 2 1
3 2 2 2
24 77 83 27
1 3 0 O
o 1 2 O
SPEAKER=5
2 1 3 2
12 5 4 2
5 12 50 84
o 1 1 1
0O 0 3 O
SPEAKER=5
6 0 0 0
13 43 31 11
10 9 12 8
1 1 0 1
0 1 1 O
SPEAKER=5
0 1 0 O
6 20 56 24
13 10 11 6
1 2 0 O
o 1 2 ©
SPEAKER=5
3 1 0 2
2 2 210
54 99 40 18
2 0 0 2

1 0o 2 1

TABLE XII (Continued)

PHONEME=10

1 0 1 2
1 4 9 26
57 22 12 10
1 0 3 2
o 1 2 1
PHONEME=10
1 1 0 1
0 2 4 10
59 99 60 24
o 1 3 2
0 0 2 0
PHONEME=10
0 1 0 O
O 4 1 1
17 13 13 18
0O 0 0 2
32 1 1
PHONEME=10
0 1 0 O
0 4 1 2
61 28 18 16
6 3 2 1
0 2 2 0
PHONEME=10
G 1 0 oO
3 4 1 2
16 24 55 99
1 0 1 1
1 0 0 ©
PHONEME=10
0O 2 0 0O
5 5 0 2
9 13 25 57
1 0 o0 1
2 .1 0 O
PHONEME=10
0 0 0 1
le 58 16 8
11 7 7 7
1 0 3 2
1 0 3 0O

PITCH=164
6 6 15 31
52 16 9 6
26 43 12 7
0o 0 2 0
0 2 0 0
PITCH=174
4 3 8 12
28 58 29 12
12 14 32 21
1 2 2 O
0 2 1 0
PITCH=196
1 2 2 2
5 6 12 26
58 25 6 6
3 1 2 3
0o 0 0 2
PITCH=220
1 2 2 1
4 3 3 7
9 19 43 18
3 2 0 1
31 0 0
PITCH=246
1 0 0 O
3 2 2 .4
28 17 9.9
1 1 2 2
0 0 0 1
PITCH=261
2 1 0 1
3.2 1 4
48 23 9 9
2 0 2 2
0o 0 0 1
PITCH=294
o 1 3 1
3 2 3 3
11 29 83 38
1 1 3 0
o 0 1 0

TM= 64410°
99 30 .17 6
4 6. 7 12
14 27 11 3
1 1 o0 1
0 0 0 O
TM= 53,00
37 89 52 19
6 7 6 8
8 6 14 10
1 1 0 1
1 0 0 O
TM= 47,20
6 6 19 31

87 37 13 10

12 24 12 5
2 0 2 1
o 1 2 1
TM= 41460
4 2 46
14 30 75 29
10 ~7 10 25
3 0 1 3
0o 0 1 2
TM= 89,00
0 0 1 1
3 3 6 10
13 26 20 8
2 0 1 1
o 0 1 0
TM= 56460
o 0 0 1
2 1 3 7
7 621 9
2 0 2 0
0 0 2 0
TM= 47460
0o 1 1 0
1 3 3 2
13 9 6 3
2 2 1 o0
01 1 0

244

ST= 81,430
2 4 2 1
33 80 28 14
3 2 0 O
2 1 o0 2
2
ST= 94,60
6 7 4 2
16 27 89 81
4 2 0 0
1 2 1 3
1
ST= 89.80
99 50 19 7
7 6 10 14
0 3 3 2
0 0 2 1
2
‘vST': 90430
12 31 99 29
12 6 6 12
4 1 0 1
1 0 3 3
3 .
ST= 96460
1 2 5 6
22 53 58 23
2 2 21
00 1 ©
0 .
ST= 94,60
0 1 3 3
12 26 99 46
1 1 1 0
O 0 1 o
0
ST= 754,30
o 1 o0 o
4 7 8 21
6 13 0 1
2 1 o0 1
3
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TABLE XII (Continued)

SPEAKER=5 PHONEME=11 PITCH=164 TM= 75490 ST= 91440

0 1 1 1 1 3 1 1 8 918 42 99 30 1911 3 3 3 1
0 1 2 2 1 811286221 8 5 2 1 2 4 620 7 2
0 1 1 0 2 1 0 0 2 2 O 0 0 O 0 1 0 O0 1 1
0O 1 2 0 2 3 3 7 4 3 1 2 1 0 01 0 1 2 1
o 1 1 0 0 0 0 0 1 1 0 2 0 O O 0 O
SPEAKER=5 PHONEME=11 PITCH=174 TM= 44,420 ST= 894,70
1 0 0 2 0 2 1 2 5 6 8 14 41 99 97 38 12 10 6 4
2 01 1 0 2 2 4154230 9% 3 1 0 2 2 112 23
4 1 4 2 1 4 2 0 1 3 4 2 3 1 1 1 0 0 6 2
2 7 3 2 0 1 2 1 2 2 2 2 4 1 0 2 0 0 1 2
o 1 3 1 06 2 1 0 0 1 0 1 1 1 1 3 2
SPEAKER=5 PHONEME=11 PITCH=196 TM= 95,20 ST= 95,450
O 0 01 0 1 0 0 1 2 2 3 6 821 31 99 51 21 10
& 3 1 2 0 1 1 1 1 2 3 522 8 1 1 1 1 1 2
31414 5 1 1 1 1 7 3 0 O 0O 2 0 0 1 1 1 o
0o 10 1.0 0 2 1 0 1 1 0 1 0 0 O 1 0 0 O
O o1 o0 0 O 1 0o o O O O 0 0 1 0 1
SPEAKER=5 PHONEME=11 PITCH=220 TM= 75420 - ST= 89470
0O 0 01 G 1 1 0 0 1 1 0 3 4 9°10 17 34 99 55
25 10 5 5 2 3 2 2 1 2 1 41013923 9 3 0 O
1 o0 2 5 7 1 1 o o0 1 3 0 0 1 1 01 0 0 O
1 0 0 3 00 2 1 0 1 2 071 1 0 0 1 0 01
o 0 1 1 o ¢ 1 0o0+-0 0 1 0 O 1 o 0 1
SPEAKER=5 PHONEME=11 PITCH=246 TM= 58490 ST= 85460
1 1 01 1 0 0 1 1 O 2 O O O 2 1 2 1711 15
38 99 26 13 5 4 2 3 3 1 2 1 0 0 2 313 38 8 2
2 10 1 1 1 7 3 1 1 1.0 0.1 1 0 O 1 1. 0
2 00 06001 3 21 3 10 01 0°'0 2 1 1
1 o 0 0 0 01 1 0 0 1 0 0 0 1 0 1
SPEAKER=5 PHONEME=11 PITCH=261 TM= 84440 ST= 96400
o 001 0 01 00 01 0 1 1 3 2 3 5 810
18 38 99 49 1511 8 5 5 3 3 1 1 2 2 2. 510 38 15
4 1 2 2 1 0 1 1 o 1 0o O O 1 O O 1 0 O O
1 0o o1 0 0 1 1 0 0 1 0 1 1 o O O O 0 O
o 01 1 0.0 1 0 O O O O O 1 0 0 1
SPEAKER=5 PHONEME=11 PITCH=29% . TM= 63440 ST= 96400
2 1 01 O O 0 0 0 O 2 0O O 1 1 0 0 2 2 3
6 8 927 41 99 341913 7 6 4 1 2 1 0 0 1 0 1
610 2 3 0 0 0 0 0 1 1 0 O 2 0. 0 0 0 0 O
1 01 2 0 0 3 2 0 1 2 0 2 1 0 0 1 0 0 1
6o o 1 1 1 0 3 0 O O O O 0O 1 1 0 2
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Figure D.l. Spectral Plots of the Phonemes /ae/ and /e/ Voiced
by Speaker 1 at Several Pitches
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Figure D.2. Spectral Plots of the Phonemes /e¢/ and /i/ Voiced by
Speaker 1 at Several Pitches
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Figure D.6. Spectral Plots of the Phonemes /n/ Voiced by Speaker
1 and /ae/ Voiced by Speaker 2 at Several Pitches
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by Speaker 5 at Several Pitches
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Figure D.25. Spectral Plots of the Phonemes /o/ and o/ Voiced
by Speaker 5 at Several Pitches
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Figure D.27. Spectral Plots of the Phonemes /3r/ and /17 Voiced
by Speaker 5 at Several Pitches
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APPENDIX E

COMPUTER PROGRAMS

This appendix contains listings of the computer programs which
were used in reading the phoneme samples into the computer, plotting

the spectral data and recognition of phonemes by the computer.
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TABLE XIII- ‘

PROGRAM FOR READING PHONEME SPECTRA

PROGRAM FOR READING PHONEME SPECTRA
DIMENSION PHN(100)sKPHN(100)
. CALL SETCL(2)
10 PAUSE
CALL SETCL(1)
CALL RSETCL(1}
CALL SETCL(1)
CALL RSETCL(1)
30 DO 60 J=1498
CALL SETCL(1)
CALL RSETCL(1)
CALL GETADF(1lsX)
PHN(J) =X
60  CONTINUE
CALL RSETCL(2)
70 FORMAT(I1s1X91241Xs13)
71 READ T709SPKsPHOWPIT
75 TM=PHN (1)
DO 150 1=2,97
IF (TM=PHN(1))14051504150
140 TM=PHNI(I])
150 CONTINUE
DO 171 K=1,97
PHN(K)=(PHN(K)/TM)%*99,0
KPHN(K)=PHN(K)
171  CONTINUE
174 FORMAT(13X9sBHSPEAKER=911y3X98HPHONEME=41293X96HPITCH= 13 ,43X93HTM=,
1F64293X93HST=yFbe2)
175 FORMAT(Ils1lXs1291XeI391XeI1192X020(13))
176 FORMAT(I1lelXsI1291XsI3s1Xel1s2Xs17(13))
PUNCH 1749SPKsPHOYPITsTMsPHN(98)
N=1 '
PUNCH 1753sSPKsPHOSPITsNs (KPHN(M) sM=1,20)
N=2
PUNCH 1759SPKsPHOWPIToNy (KPHN(M) sM=21440)
N=3
PUNCH 1754SPKsPHOSPLT4Ns (KPHN(H) sM=41560)
=4 ) .
PUNCH 1759SPKsPHOSPITsNs (KPHN(M) sM=61480)
N=5%
PUNCH 176’5PK'PHO!PITON'(KPHN(M)’M’81997)
CALL SETCL(2)
GO TO 10
END



TABLE - XIV

PROGRAM FOR PLOTTING PHONEME SPECTRA
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50

40

20

32
36

35 -

31

10

25

1i

15

51
18
&0

PROGRAM FOR PLOTTING PHONEME SPECTRAL DATA
READ 4042

FORMAT(8011)

READ 915PKsPHOSPITaTMyST )
FORMAT(21Xo11011X0I299XK213s6X9F60216XsF6e2)
DIMENSION XX{97)

REAO 209 (XX (J) sJ=1+97)

FORMAT(12X+2013)

CALL. PLAT(2014040910060+1¢42B+140004041004094404140)
IF{PIT~164,0331,32,31

DO 36 J=1s2

PUNCH TAPE 18

CONTINUE

CALL PLAT(999-11041540)

CALL CHAR(0342041})

FORMAT{17THPHONEME  SPECTRA)}

CALL PLAT(89)

CALL PLAT{904040)}

CALL PLAT(90+10040+040}

CALL PLAT(90510040+10040}

CALL PLAT(89)

CALL PLAT(99+404,09=31,0)

CALL CHAR{O»ssls1)

FORMAT ( 10HNORMAL 1 2ED)

CALL PLAT{89)

CALL PLAT(99165409=31,01

CALL CHAR{Osslsl)

FORMAT { 9HAMPL I TUDE }

CALL PLAT{89)

CALL PLAT(99452404=645)

CALL CHAR{Osels1)

FORMAT { 3H50-)
CALL PLAT(89)

EALL PLAT(99s
ALL CHAR{Ose
FORMAT {3H99~}

CALL PLAT{89)

Yu=1,5

DO 10 J=104110¢10

CALL PLAT(99910340sY)

CALL CHAR{O»elsl)

FORMAT { 1H+)

YuJ

CONTINUE

CALL PLAT(89)

CALL PLAT{999110,09~1425}

CALL CHAR(Oselsl}

FORMAT{1HO}

CALL PLAT(89)

CALL PLAT(99111040+4940}

CALL CHAR{Oselsl}

FORMAT(2H50}

CALL PLAT(89)

CALL PLAT{99+11040+9840})

CALL CHAR{O¢sl41)

FORMAT {3H100)

CALL PLAT(89)

CALL PLAT(99112040538,0)

CALL CHAR(Oss101)

FORMAT ( 14HCHANNEL NUMBER)

CALL PLAT(89)

CALL PLAT(99+135,0+840}

CALL CHAR{(3+e1119SPKPHOIWPIT]

FORMAT { BHSPEAKER=®»1293X s 8HPHONEME® » 139 3X»6HP ITCH=y 14)
CALL PLAT(89) .
CALL PLAT{90+100405040)

Y=1ls0

DO 18 J=197

X299 40-XX{J)

CALL PLAT(90»XsY}

Yey+1s0

CONT INUE

CALL PLAT(89)

CALL PLAT{99:040+0s0}

M=5

MEM=1

PUNCH TAPE 18
FORMAT{48H333333333333333333333339333333333333333333333333)
1F{M)51160451

CONT INUE

GO TO 50

END

i000-6.5)
1)
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TABLE XV

PROGRAM FOR MACHINE RECOGNITION OF SUSTAINED PHONEMES

PROGRAM FOR MACHINE RECOGNITION OF SUSTAINED PHONEMES
DIMENSION A(3940)9T(3940)9sR(3540)9AMAX(3) 9AMAXL(40)9sD(3)sS(40)sW(3
1)9AMIN(40)+C(40)
175 FORMAT(F12.6)
180 FORMAT(I2+E942)
M=0
I1=1
115 FORMAT(////7+33X»1313)
125 FORMAT(12Xs7(13))
135 FORMAT(12X,2013)
100 M=M+1
READ 1159 (A(MsJ) sJ=1y13)
READ 1359(A(MsJ)sJd=14,+33)
READ 1253 (A({M9sJ) 9J=34+40)
IF(M-2)100+100,59
89 DO 61 J=140
61 R(IsJ)=(A(LsJ)+A(29J)+A(34J))/3.0
DO 80 J=1+40
AMAX1(J)=0.0
DO 80 M=1,3
IF(AMAX1(J)=-A(MsJ))70+80,80
70 AMAXI(J)'A(M'J)
80 CONTINUE
DO 110 J=1940 .
AMIN(J)=50.0
DO 110 M=1,3
IF(AMIN(J)=A(MsJ))1105110+90
90 AMIN(J)=A(MsJ)
110 CONTINUE
DO 120 J=1,40
120 T(IsJ)=(AMAX1(J)-AMIN(J))/240
I=]+1 .
M=z0 . -
IF(I-3)100,100+130
130 CONTINUE
READ 1159(S(J)sJd=1+13)
READ 1359(S5(J)eJd=14,433)
99 READ 1259(S(J)sJ=34+40)
E=x1.0
DO 171 M=1l,3
D(M)=0
DO 170 J=1,40
ClJI)=(S(J)-R(MsJ))/(E+T(MsJ))
C(I=C(NI*C(I)
D(M)=D(M)+C(J)
170 CONTINUE ,
171 CONTINUE
DO 190 M=1,3
D(M)=(D(M)/4040)
W(M)=9940/(1e0+D(M}))
TYPE 180sMsW(M)
CALL RETYPE
190 - CONTINUE
GO TO 130
END :
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