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ABSTRACT

Profoundly deaf persons face difficulty 1in acquiring and
producing proper articulation and prosodic features of speech due
to lack of auditory feedback. This project 1is aimed at developing
a speech training aid for the deaf which will display a realistic
vocal tract shape, pitech, and energy corresponding to the input
speech waveform, with the objective of providing feedback for
learning place of articulation, intonation, stress, and rhythm.

In the first stage of aid develcpment, processing of speech
waveform and display for visual feedback were carried out in
off-1line mode on a PC. A realistic wvocal tract shape is estimated
from the reflection coefficients obtained from linear predictive
coding, and energy and pitch values are estimated from the
autocorrelation analysis of short segments of the discretized
input. Vocal +tract shape, energy, and pitch for the selected
segment are simultaneocusly displayved on the PC screen.

Finally, a aystem for real-time analysis of speech signal and
display was implemented by using a PC, a D3P TM5-32010 Evaluation
Module (EVM) from Texas Instruments and extension and interface
hardware developed in an earlier project. Using this system,
estimates of realistic vocal tract shape and snergy values for the
selected short segments from a speech signal of up to one second

duration can be displayed.
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CHAFTER 1

ITHTRODUCTION

i.1 OVERVIEW OF THE PROBLEM

The deaf people have considerable difficulty in understanding
speech of others, and they cannot monitor their own speech very
well resulting in abnormal speech patterns. Thus the deaf people
become handicapped in two ways. Children who are either born deaf
or who become deaf very early in 1life are likely to become dumb
because their environment does not contain the auditory cues used
by normal-hearing children in acquiring speech.

For the most part, the speech training of deaf children is
based on a method in which the child is taught the speech gestures
through visual observation of the_teacher’'s lips and face, through
use of residual hearing, and through tactile sensing of the
teacher”s face, neck, and breath stream (Levitt, Pickett et al,
1880). Recently, computer based speech training aids, which are
flexible, easy to use, and versatile are being developed
(Nickerson & OStevens, 1973 and Kushler et al, 1985). It is
relatively easy with a computer driven display to adjust scale
factors and other display features through software, store speech

parameters for future displays, and display reference patterns.

1.2 PROJECT OBJECTIVES
This project is aimed at developing a computer based speech
training aid for displaying speech information in the desired

format such as temporal patterns of vocal tract shape, pitch, and



energy. The hearing impaired person can see his vocal tract shape
and can compare it with the target one in order to understand how
he articulated and how he should articulate. Information 1like
pitch, and energy variation can be used to improve the prosodic
characteristics of speech.

A speech proceasor and display for the deaf haz been earlier
developed by Gupte (1990), for analysing the speech signal in
real-time using a PC, a DSP TMS-32010 Evaluation Module (EVM) from
Texas Instruments, and the extension and interface hardware
developed by him. Although this system handles speech analysis for
displaying vocal tract shape in real-time, the overall real-time
performance is not achieved. Also, vocal tract shape display is in
a staircase form not very suitable for the speech training. The
present project is essentially an extension of the same, using the
same hardware set-up. Its objectives are to improve display
updating functions, achieving natural vocal tract shape, pitch,
and energy for off-line speech data as well as for real-time
apeech. The display for off-line speech data can be used for
experimentation and processing of speech signal where
non-real-time analysis and display is permitted. The real-time
speech analysiz and display can be used for developing uszseful

speeqh training aid.

1.3 OUTLINE OF THE REPORT
Chapter 2 provides an overview of speech signal and its
features, speech production mechanism, and speech training aids.

This is meant to serve as a background for the following chapters.
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Chapter 3 presents the information about the estimation of vocal
tract shape from acoustic waveform, along with a brief description
of the earlier work by Gupte (1980), the development of a speech
processor and display system. Chapter 4 presents the developement
of a speech processing and display technigque experimented in
off-1ine mode, i.e., for synthesised speech data. The display
procedure for a realistic form of vocal tract shape for real-time
speech data 1is discussed 1in Chapter 5. Test results for the
off-1line and the real-time speech data for the simultaneous
display of realistic form of vocal tract shape, pitch and energy
are also presented in Chapter 4 and Chapter 5 respectively.
Chapter 6 summarises the dissertation.

The appendices provide the supplementary information and data
not included in the main body. Classification of the phonemes are
briefly overviewed in Appendix A. Appendix B provides description
about linear predictive coding. Program listings are included in

Appendix C.
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CHAPTER 2

SPEECH TEAINING ATIDS

2.1 INTRODUCTION

Traditionally, speech training for the deaf children has been
based on a method in which the teacher teaches zpeech by providing
the child with a visual observation of his articulatory gestures
during speech production and those of the student himself with the
help of a mirror, teaching him to make use of his reszidual
hearing, and through tactile sensation of his face, neck and
breath stream. Now, several electronic devices are being developed
which display information 1ike voicing, pitech and energy
variation, wvocal tract shape, temporal speech patterngl etec
(Gulian et al, 1984 and Kushler et al, 1885).

This chapter begins with a brief introduction teo acoustic
phonetics and the fundamentals of speech production mechanism, and
provides an overview of some of the speech training aids reported

in the literature.

2.2 SPEECH SIGNAL: AN OVERVIEW

The acoustics of speech production can be understood with the
help of a schematic diagram of the vocal apparatus as shown in
Fig.2.1. The air from the lungs is forced through the larynx into
the mouth, and nose and finally passes to the surrounding acoustic
medium. The vocal cords (or glottis) are situated roughly in the
middle of the larynx. The region above the larynx consisting of

the pharynx, nose, mouth, and lipzs is known as the veocal tract




(Rabiner & Schafer, 1978).

Speech signals are composed of a sequence of distinetive
sounds, known as phonemes, These sounds, and the transitions
between them, aymbolically represent the information. Speech
sounds can be clazssified into three groups according to the mode
of excitation of the vocal tract filter. Voicing refers to the
excitation consiating of a sequence of quasiperiodic pulses of air
produced by forcing air through the glottis with the tension of
the vocal corda adjusted so that they vibrate in a relaxtion
oscillation. Frication refers to the excitation of a broad
spectrum noise source which is generated by forecing air at a high
enough velocity, through a constriction at some point in the vocal
tract after the larynx. As a reésult of which, a turbulent flow is
created though the constriction. Plosive sounds are produced by
making a complete closure (usually toward the front of the vocal
tract), building up pressure behind the closure and abruptly
releasing it.

Vocal tract can be represented by a tube of non-uniform
crogs-sectional area. The frequency selectivity of the tube shapes
the spectrum of the radiated sound. The resonant frequencies of
the tract are called formant freguencies which vary with its
shape, and dimension and can be changed with the movement of the
articulators (velum, tongue, teeth, 1lips, and jaw). Diffefent
speech sounds are produced by varying the vocal tract
configuration, and its mode of excitation.

Phonemes of American English sounds are given in Table 2.1

and phonemes for Hindi are giveh in Table 2.2 and Table 2.3. Each



of these phoneme can be clazsified as continuant or

non-continuant, according to the movement of articulators.
Continuant sounds are produced by a fixed (non-time wvarying) vocecal
tract configuration excited by the appropriate source and are
characterized by steady-state spectral formants. Thizs c¢lass
includes the vowels, the nasals, and the fricatives. The change in
vocal tract configuration produces non-continuant sounds which are
marked by changing patterns in the spectrogram (a two dimensional
pattern in which vertical dimension corresponds to frequency and
the horizontal dimension to time). The diphthongs, the semivowels,
the stops, and the affricates are included in this category.
Further details about the classification of sounds are given in
Appendix A.

The suprasegmental or prosodic characteristics of speech
either directly affect the meaning or convey information about
voice quality (Levitt et al, 1880). Factors that affect voice
quality are loudness, average pitch, nasality etc. The key
suprasegmentals that affect the meaning directly are intonation,
stress, rhythm and phrasing. Intonation is the modulation of the
voice pitch, i.e., the frequency of vibration of the wvocal cords.
Rhythm is the pattern in which the syllables are stressed.
Phrasing refers to the way in which the words are grouped together

according to the linguistic structure of the utterance.

2.3 LIPREADING AND LIPREADING AIDS
The visual signals from the speaker’s face provide certain

cues about the manner and place of articulation during speech




production. A deaf c¢hild is taught to speak using these visual
cues along with any available auditory information. This method of
teaching deaf to speak is known as lipreading or speechreading.
For profoundly deaf persons, 1ipreading becomes the most important
means for speech perception. All kinds of aids, whether they are
auditory, tactile or wvisual are wused in combination with
lipreading for this group of hearing impaired psople.

Only 40% of the speech sounds are visible, and out of these,

several sounds are visually indistinguishable. Further, the
information about voicing, and nasality and the prosodic
information {intonation contour, syllable stress, word

segmentation cues) are not available in the visual signal. Here we
will briefly discuss examples of lipreading aids employing visual,
residual auditory, and tactile modes for information presentation.

Upton Eyeglass speechreader (Upton, 1968) extracts certain
acoustic features that are assoclated with speech distinctions
that are difficult to lipread, such as high frequency friction,
low frequency friction, plosives and the low frequency murmur of
nasal consonants. Whenever a specific acoustic feature occurs in
the signal, it is displayed as a bar of light. The separate bars
of light are arranged using segments of very =zmall alpha-numeric
module of light emmiting diodes. The analyser circuit for
extracting speech features consists of four Dbandpass filters,
level detectors, and a logic network. There are limitations of the
speech analyser 1like errors in feature extraction or speech
segment categorization.

The transposer hearing aid (Martony & Spens, 1872) is a two
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channel amplifying system in which, channel one acts as a normal
hearing aid while channel two transformz the high frequency energy
in phonemes such as [s] and [J] into low frequency noise. The
output of both the channels are then combined, =so that listener
gets normally amplified speech in addition teoe high frequency
information now transposed into low frequencies. Therefore hearing
impared 1listeners with residual hearing may benefit by using
transposer in addition to lipreading.

Tactile speech training aids provide the information of
speech sounds without any wvisual display. The spatial patterns of
either vibration (vibrotactile aids) or electrical stimulation
(electrotactile aids) along the skin can be represented as the
frequency spectrum or features of speech. Tactile aids are also
used in comnbination with lipreading. It provides indications of
speech features that are difficult to identify by watching the
talker. The major problem of tactile aids is the limitation of the
skin to deal with'a stimaulus as complex as the acoustic speech
signal. In the tactile vocoder developed by Pickett (1963), the
speech signal iz subjected to pre-emphasis of the high frequencies
and then divided by filters into ten channels having different
centre frequencies in the range 200 to 7700 Hz. The output of each
filter is rectified and smoothed to obtain a control voltage. A
300 Hz sinusoidal signal is amplitude-modulated by each.contrGI
voltage. The modulated voltage is amplified to drive a bone
conduction transducer which serves as a vibrator. Each channel has
a separate vibrator. Deaf c¢hild has to place his fingertips,

palms down, on the vibrators so as to sense the vibratory
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representation of the speech patterns. Thus the tactile vocoder
analyses the freguencies of the speech signal and presents them as
an array of vibratory stimuli to the fingertips of the deaf child.
Pickett has reported that using the above tactile vocoder Bwedish
vowels /i/ and /e/ can be disecriminated better tactually than by
lipreading but the tactual discrimination between the BSwedish
vowels /y/ and /u/ is as good as disgrimination by lipreading the
two degrees of rounding. Also, the consconant and vowel durational
patterns, and the number of syllables in a word can be perceived

better tactually using the above vocoder than by lipreading.

2.4 VISUAL ATDS

Visual aids provids a visual feedback of speech
characteristics by displaying the information regarding speech
features like fundamental frequency of voilce, energy level of the
speech signal, sound speech spectra. These aystems are used in
addition to the conventional hearing aids. Here we will briefly

discuss a few of these.

2.4.1 V¥Yisual speech training system

“Vocal-2", a visual speech training system, 1is presently
under use in AYJ National Institute for the Hearing Handicapped,
Bombay {(Dr Maniram, personal  communication, from the samne
Institute). It can be used for speech training in a c¢linical
environment. It is a two channel acoustic processing instrument
that displays the sound speech spectrum on the screen of a video

moniteor. One channel is for the teacher and the another is for the
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student. Input signal is adjustable over a 40 db range. Processing
and display can be selected from the two available modes:
amplitude vs time and freguency vs time. In freguency vs time
mode, the vertical amplitude of the display represents the
frequency characteristics produced during vocallsation. There are
three frequency bands: F1 (70-140 Hz) for males, F2 (140-230 Hz)
.for females and F3 (280-580 Hz) for children. One freguency band
has heen designed for specific practice by the student to alléw
visualisation of fricative information. This is called band &1
(4-8 kHz). It is useful in diagnosia and rehabilitation df cases
with misarticulation, voice disorders, and errors in supra-

segments.

2.4.2 Voice pitch display

One of the major difficulties that the hearing impaired
person has to face while learning to apeak 1is learning to control
the pitech of thelr volice in order to produce intelligible, natural
sounding speech (Kushler & Misu, 1985). Voice pitch display
indicator displays the variation of pitch (fundamental frequency
of vibration of the vocal cords) of the input voice =ignal with
rezpect to time. The display is useful for the training of three
different aspects of speech production: intonation, veice register
control, and phonation {Rizberg, 1868).

One such system which has been earlier developed by Nickerson
& Btevens (1972) gives a simple graph of fundamental frequency
rlotted on a logarithmic scale as a function of time. This is

shown in Fig. 2.2. The left half of the trace shown in this figure
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represents the utterance “Is he coming? ° with the emphasis on the
third syllable. The right half represents the same qguestion with
the emphasis on "he’. The horizontal line indicates either silence

or voiceless sounds.

2.4.3 Rhythm indicator

Commonly occuring error in the speech of the hard of hearing
and the deaf is uncorrect rhythm. Rhythm indicator can be used for
training of intensity, rhythm, and phonation. In one such system
which is developed by Risberg (1868}, the signal is passed through
a low-pass filter with 100 Hz cut-off frequency and further
through a high-pass filter with a cut-off frequency of 4 kHz. Both
the filters are followed by rectification and smoothing. The
output from the low-pass channel deflects the beam of the
ozcilloscope upwards and the high-pass channel deflects the bean
downwards. The rhythm pattern of the word [sku: lal is shown in
Fig. 2.3. The unveoiced sounds deflect the beam downwards, voiced
sounds deflect the beam upwards and the amount of deflection is
proportional to the intensity. The authors have not given test
results for other sounds, but the scheme does not seem to be a
robust one. The basic assumption here is that unvoiced sounds have
higher fregency components and voiced sounds have freguencies

below 100 Hz.

2.4.4 Nasalisation indicator
In the denasalization and nasalization training, the speaker

is let to feel the vibration on the nose in nasalized sounds. In

%
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the
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asal

o

sation indicator developed by Risberg (1868}, a

)

vibration signal is picked up on the nose by means of a contact

microphone and the intensity gives a ~eading on a metsr. The
signal picked up by the microphone can also be heard in
headphones. The author has not reported any of the

results.




Table 2.1. Phonemes in

the parentheses

along with the phonetic

Adapted from Pandey (1987).

American English. A keyword is given in

symbol for each vowel.

Class Subclass Phonemes

Vowel Front i (beet), I (bit), e (bet), ae (bat)
Mid a (balm), A (but), ow (Bought)
Back u (boot), U (book), O (bore)

Diph- al (buy), oI (boy), aUu (how),

thong el (b_q—%), ou (boat), ju (hue)

Semi-  Liquid xr (red), 1 (led)

vowel Glide w (wet), y (yes)

Conso-  Nasal m (ram), n (ran), ng (rang)

nant Stop Voiced b (bye), d (dye), g (quy)

Unvoiced p (pea), t (tea), k (key)

Fricative Voiced

Unvoiced

Affricate Voiced

Whisper

Unveoiced

v (vision), dh (this), z (zip),
zh (vision) -

£ (fin), th (thin), s (sin),
sh Tshiny =

dzb (3jail)

tsh (chain)

h (hate)

13
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Table 2.2. Step, affricate, fricative, and nasal consonants of

Hindi and English, alang with the place ef articulation.

Hindi

consaonants are shown in Devnagari letters and English consonants

are shown 1in IPA (International Phonetic Alphabet) symbols.

Adgpted from Chafekar (1990).

W = unvoiced, VO = woiced, UA = unaspirated , and AS = aspirated.

Place of Stop Fricative Affricate Nasal
ORTIIMITT IOV . SR < SHpgp - . . SEpe. . . . P . S
UVA. AS UA AS UA vA VA AS LA pBS VA
Velar : k g n
& 9 a9 %
Palatal S Z tf dz,
3t g 98 A7
Alveplar/ q - % g E; 7
Retroflex b
Alveolar d = = n
Dantal i & (<)
g T & 9 =
~ ~ ~ N
Labie-dental + v
.Bi-labial P b m
o W Ao 2]
~ LS e s




Table 2.3. Pronounciation keys for vowels in Hindi. Vowel in the

middle position in each word is the pronounciation key.

vowel word containing the vowel
$37 /Ay BB AL/
3T lal Ddlad /kal/
T . /T/ s /2In/
£ /v S5 /ding
3z [u) {3 /sUx |
3 /ul qR Isuv/
AT Fa  Ikef/
37 /o) &g1  /kof/
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Fig. 2.1, Schematic diagram of the vocal apparatus. Adapted Srom

Rabiner &% Schafer (1978).
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Fig. 2.2. Fundamental #frequency versus +ime. Adapted from
Nickerson & Stevens (1973).

&
A
hj
o
£
L ]
+time

Fig. 2.3. Rhythm pattern of +the word (sku: 71al. Adapted Ffrom

Risberg (1969).




CHAPTER 3

ESTIMATION OF VYOCAL TRACT SHAPE

3.1 INTRODUCTION

This chapter is concerned with estimating the vocal tract
shape from the acoustic waveform. The vocal tract ashape can be
determined from low formant frequencies or by using linear
predictive coding (LPC) (Mermelstein, 1967 and Crichton et al,
1974). The display of vocal tract shape helps in understanding the
movement of articulators, i.e., tongue, lip, Jaw, and velum while
speaking. If a target trace is also displayed, the deaf child can
attempt to match his trace with the target one in order to correct
his manner of articulation.

Here, the techniques of estimating the vocal tract shape from
formant freauencies and LPC coefficients will be reviewed. A
system for displaying the vocal tract shape estimated from LPC

coefficients de%eloped by Gupte (1990) will also be discussed.

3.2 VOUCAL TRACT SHAPE FROM FORMANT FREQUENCIES

The speech wave results from the excitation of the vocal
tract either by a quasiperiodic source at the glottis or by a
noise source. The vocal tract modulates the excitation signal and
thereby gives linguistic character to the generated signal. The
time-dependent positions. of the various articulators, e.g.,
tongue, velum, lips, and Jjaw are represented in the short-time

power spectrum of the speech signal from which the formant

frequencies, i.e., the resonant fregquencies of the vocal tract may

17



be determined (Mermelstein, 1967).

This section gives information about the extent to which the
cross-sectional area functions are obtained from formant
frequencies., The direct information about the shape of the entire
vocal tract and the position of the articulators is available only
through X-ray studies (Fant, 1958). The indirect way of obtaining
articulatory data from acoustic data has got importance because of
the difficulties in obtaining direct articulatory data 1like
limited time resolution by exposure limitations ete.

The vocal tract may be modelled (Mermelstein, 1967) as a
loassless acoustic tube with a sufficiently small rate of change of
cross-sectional area with distance "x° along the tract. The sound

pressure p(x) is represented by Webster s horn equation,

d_ dp oY =
33 [ A(x) Aa 1] + X2 A(x) p=20 (3.1)
where A(x) = cross-sectional area

A = eigen value

The formant frequencies are the frequencies of the normal modes of
vibration of the vocal tract. From the first-order perturbation
theory, the area function can be represented as

(&)

log Alx) = log A{D) * j§1 aj cos (Jjex/L) (3.2)
where L = length of vocal tract
The output admittance of the vocal tract measured at the lips as a

function of frequency "w' 1is represented as follows,

18




Y, (w) = -0(L,w)/p(L,w) o (& [p(L,w)]/ox) /p(L,w) (3.3)

where U = volume velocity

The closed-1ip boundary condition eligen-frequencies are the
frequencies for which Yt(w) — 0, open-lip eigen-frequencies are
obtained from the condition Yt(w}._y-m. The infinite sets of poles
and zeros of the admittance function thus correspond to the eigen
frequencies under the two sets of boundary conditions,
respectively. At least up to first-order perturbations from the
uniform-tract shape, they uniguely determime the perturbing area
Fourier components.

The vocal tract area functions band limited to six components
determined from the first six admittance poles/seros along with

the ¥X-ray derived area function are shown in Fig. 3.1.

3.3 VOCAL TRACT SHAPE FROM LPC

Here, we will review estimation of wvocal tract shape from
linear predictive coding, as reported by Crichton & Fallside
(1974). An all-pole digital filter model is wused in this
technique. The =peech =signal is analysed using LPC to obtain
autocorrelation and reflection coefficients (details of LPC are
given in Appendix B). The transfer function of an idealised
acoustic tube is equivalent to that of the linear prediction
model. The acoustic tube is terminated at the 1lips by an
infinite-length, infinite-area tube, and the transfer function

An(z) of the inverse tube is the ratio of Un(z), the forward

19




volume velocity at the peoint of execitation to UR(E), the radiant

-

volume velocity at stage 'n”. B_(z) is the ratioc of the hbackward
volume velocity Vn(z) at the point of excitation to the radiated

volume velocity UR[Z).

Pl = ’ 3.
A (z) Untz)/UR(z} (3.4)

= = Z =) 3 5)
B_(2) = V (2)/Ug(2) (3.5)

The area A(n) at stage 'n” is given by

A(n) = A(n-1) [1+FK(n)]/[1—FK(n)] (3.6)
where FK(n) is the reflection coefficient at stagse "n”. TIf the
area A(0) at the lips is given, the area of each stage can be
calculated backward from the lips to the glottis.

Crichton & Fallside (1974) have used the foregoing technique
as an aid to deaf speech training. In this application the
computer is used to display the amoothed area functions (which are
generated by a parabolic interpolation between discrete areas)
plotted logarithmically against linear distance along the vocal
tract. A fixed target trace produced by a c¢hild with normal
hearing can also be displayed and the deaf child tries to match
visually his trace to the target trace. Fig. 3.2 shows typical

attempts by deaf child to match target.

-
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2.4 A SPEECH PROCESSOR AND DISPLAY SYSTEM

A PC based real-time system for analyzing and displaying the
vocal tract shape by LPC coefficients and digital =signal
processing techniques was earlier developed by Gupte (1880). A
block diagram of the system is shown in Fig. 3.3. The digital
signal processor TMS-32010 Evaluation Modulse {EVM)Y from Texas
Instruments is used in this system. Apart from it, the analog
pre-processor consisting of pre-amplifier, low pass filter
(anti-aliasing filter), an extension card te the EVM and an
interface to the IBM-PC are also incorporated in the system. After
acquiring and analysing the speech signal in real-time, by the
TMS-32010, the relevant information is transferred to the PC. Then
the information about the vocal tract shape and energy contour is
displayved by the PC. Using this system, one can speak into
microphone for about one second and observe the variation of the
vocal tract area function and the energy.

Although the speech analysis done here is in real-time,
overall real-time performance ia not achieved. The vocal tract
shape display is in staircase form. By writing programs for the
communication between the PC and the TMS-320 in the assembly
language, the parameters could be transferred on a frame by frame
basis. As mentioned in Section 1.2, the current work is an

extension of this work by Gupte (1990), in which he has developed

a speech processor and display for speech training for the

‘deaf.
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CHAPTER 4

OFF=LINE SPEECH ANALYSIS AND DISPLAY

4.1 INTRODUCTION

In the first stage of development of the aid, a system for
analysing the speech waveform and providing a display for a visual
feedback in off-line mode is implemented. The program for off-line
speech analysis and display developed by Gupte (1880) is modified
in this project. The modified program provides a display of a
realistic form of vocal tract shape, piteh and energy values for
the selected frames of speech data input. A realistic vocal tract
shape 1s estimated from the reflection c¢oefficients which are
obtained from linear prediction coding, and energy and pitch
values are estimated from autocorrelation analysis of short
segment of the discretized input. The algorithm for generating
synthetic data (Xlatt, 1980), the autocorrelation algorithm
(Morris, 1983), the Leroux & Gueguen algorithm (Leroux & Gueguen,
1977), are earlier implemented by Gupte (1880) and have been used
in this project. The modified program SPEECH_1.PAS and the

algorithms used in it are described in this chapter.

4.2 DESCRIPTION OF THE PROGEAM SPEECH_1. PAS

In the program SPEECH_1.pas, the speech data file is‘divided
into a number of frames (speech segments). The frame length, i.e.,
the number of aamples per frame can be changed. The data for

successive frames are read and analyzed, one frame at a time.After

reading the data for a frame, the autocorrelation coefficients are




computed using autocorrelation algorithm (Morris, 1883 & Gupte,
19980) as follows,
1. The speech data =amples D(0) to DI(N-1) for one frame are read
from a speech data file which is a file of integers.
2. Pre-emphasis and windowing of data 1is done using either
rectangular or Hamming window to get the data zamples D[0] to
D IN-117.
3. For I = 0 to N-1 do
(1) R[I] = 0, where R[I] 1is +the Ith autocorrelation
coefficient.
(ii) For J = I to N-1 do
R{I] = R[{I] + D°[J] * D"[J-1I]

From +the autocorrelation coefficients, pitch period is
estimated. The largest peak of the auvtocorrelation function is
located and the peak wvalue 1is compared with a fixed threshold
(e.g. 30% of R[O]). If the peak wvalue is less than the threshold
then the speech segment 1s classified as unvoiced and if it is
larger, then the pitch period is defined as the location of the
largest peak. The total energy in a speech signal is represented
by zeroth autocorrelation coefficient for that particular frame
(Rabiner & Schafer, 1978).

The reflection coefficients are computed from autocorrelation

coefficients using L-G algorithm which is described in

Appendix-B. The vocal tract area functions are computed from the

reflection coefficients using the formula,
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A(n) = A(n-1) [1+FK(n}]/[1—FK(n)]
where A(n) = area coefficient at stage "'n’
FK(n) - yeflection coefficient at stage g7
and vocal tract 1s considered to be a lossless acoustic tube
terminated by infinite length, infinite area-tube (Crichton &
Fallside, 1974).

Only the area coefficients, piteh, and energy values are
stored for each frame. After the analysis has been completed, any
} particular frame can be selected for display. For obtaining the

realistic vocal tract shape display, the discrete area

coefficients are scaled and then interpolated. The speech analysis
and display program, finally provides a display of a typical human
vocal tract shape which is based on the model given in Fig. 4.1. A
| realistic form of wvocal tract is displayed in the form of a
variation of a lower portion of the vocal tract according to the
interpolated area coefficients. The energy and pitch values are

‘ displayed in the form of bars. Thus the changing positions of

lips, jaw, and tongue for different speech segments can be seen on
PC screen along with the variation of energy and pitch wvalues.

The speech analysis and display program can be summarised as

e T

follows,

1. The parameters like speech data file, sampling frequency,
starting frame number (SFNO), total number of frames (NF) can
be selected from menu.

2. Pre-emphasis and windowing is done after reading the speech
data for SFNO.

3. Autocorrelation coefficients are computed using autocorrelation

B s
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algorithm.

4. Pitch is determined using autocorrelation coefficients. Energy
value is computed from zeroth autocorrelation coefficient.

5., Reflection coefficients are computed from autocorrelation
coefficients using L-G algorithm.

6. Area coefficients are computed from reflection coefficients.

7. A typical human vocal tract shape is displaved on PC screen
along with the variation of its lower portion according to the
interpolated area functions. The area fnetions in the staircse
form is also displayed along with the variation of energy and
pitch values.

8, Key ‘C° can be pressed in order to refresh area functions

completely or Kkey B 4 to refresh the area functions
segmentwise.
9, Key "+ or °- " can be pressed for the display of next or

previous frame respectively. Any particular frame can Dbe
selected for display if the key "= is pressed. Beep is
produced if the selected frame is not in the given range. Key

"E° can be pressed in order to exit from the display at any

time.

4.3 TEST RESULTS

The Russian vowels (/a, e, i, u/) and a sample sound /exl/
were synthesized by Gupte (1890) using Klatt-synthesizer (Klatt,
1980). The control parameters used for this synthesis are given in

Table 4.1 and Table 4.2. From Table 4.1 and Table 4.2, it 1s clear

that there is a variation in formant frequencies and also the

L3
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bandwidths for different wvowels. The intensity wvariation forxr
synthetic data 1s given in Fig. 4.5 which is a plot of voicing
amplitude AV in db against time. The szpeech data originally
avallable as ASBCII files was stored in integer data files using
program INP_PAS.

The program SPEECH_1.PAS is run on the IBM-PC. The test
results with simultanecus display of realistic vocal tract shape,
pitch, and energy variation for different frames are shown in Fig.
4.3. Display of vocal tract area 1is in the form of variation of
lower portion of the vocal tract as well as the area functions in
staircase form. The general shapes of the area functions computed
by SPEECH_1.PAS clearly match to those given by Fant (Rabiner &

Schafer, 1978) as shown in Fig. 4.2. It 1

25}

clear from Fig. 4.3
that for vowel /a/, there is a constriction in back side, while
for vowel /e/, there iz a constriction 1in the front side and

degree of constriction is medium. Also, for vowel /Fi/, the

constriction is in the front side but desree of constriction 1is

fade
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high, and for vowel /u/, constriction
because of lip rounding the area between two lips is coming out to
be very small.

The energy and pitch values are shown in the form of bars.The
energy values obtained for the first and last few frames are very

small compared to the maximum one. Thus the energy variation

talies with the one given in Fig. 4.5. In order to study the
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Table 4.1. Fundamental freguency, formant frequencieg, & bandwidths
for some vowels, % sample sound /ex1/ which are generated by
Kiatt-Synthesizer, and pitch variation for /ex1/. Adapted from
Rabiner & Schafer (1978), and Gupte (19%0). ‘

sound FoO Fi F2 F3 BW1i BR2 BWZ
ta/ 125 650 1076 2463 94 91 107
le/ 125 415 1979 2810 54 = 101 318
i/ 125 223 2317 2974 53 59 383
Ju/ 125 232 s507 2395 61 57 66
Jex1/ #% 700 1220 2600 130 70 160

Dyration 500 ms, voicing amplitude AV (db) versus time

Time © 100 395 435

AV 6 60 60 o

** for /ex1/

Time © S0 80 140 160 220 260 395 415 00

FoO 125 125 175 175 125 125 225 225 175 175
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Table 4.2, Conlrol parsmeters for the all-pole cascade/paral lel
synthesizer. The list also shows the permitted ranges of values
for each pdrameter, and a typical value. V/C indicates whether the
parameter is normally variable (V), or constant (C).

Adapted from Klatt (1980), Table T.

N V/C Sym  Name Min Max Typ
] C  SW Cascade/parallel switch 0{Cas) 1 (Par) 0
2 [ NF Number of formant s 4 6 B
3 vV F0 Fundamental frexg. of voicing (Hz) 0 500 0
4 v AV Anpl. of voicing (JdB) 0 80 0
5 ¥V .aF Ampl. of frication (dB) 0 80 0
6 Vv .AS Ampl. of sinusoidal voicing (dB) 0 80 0
7 VvV AH Ampl. of aspiration (dB) 0 80 0
8 v Fl First formant. freq. (112) 150 900 450
9 ‘v ‘F2 Second formant. freg. (1H2) 500 2500 1450
100 v E3 Third formant. freg. (Hz) 1300 3500 2400
11 \Y Bl First formant bandwidth (Hz) 40 a00 50
12 Vv PW2 Second formant. bandwidth (1) 40 500 70
13V BW3  Third formant bandwidth (Hz) 40 500 110
14 ¢ Al First formant amplitude (dB) 0 80 0
15 N ool Second formant amplitude (dB) 0 80 0
16 Vv A3 Third formant amplitude (AB) 0 80 0
17 v Ad Fourth formant amplitude (dB) 0 80 0
18 v A5 Fifth formant amplitude (dB) 0 80 0
19 Vv A6 Sixth formant anplitude (R) 0 a0 0N
20 Vv Al Pypvesss pat e oo b bades (i) 0 8o 0
21 ¢ AN Nasal formant. anplitude (dB) 0 80 0
22 V  FNZ Nasal zero freqg. (Hz) 200 700 250
23 V. FNP  Nasal pole freyg. (Hz) 200 500 250
24 C  UPDT Parameter update int. (ms) 2 20 §)
25 € &R Sampling rate (Hz) 5000 200000 10000
26 C GO Overall gain control (dB) 0 80 0
27 € P4 Fourth formant frequency (Hz) 2500 4500 3300
28 € F5 Fifth formant frequency (Hz) 3500 4900 3750
23 C F6 Sixth formant. frequency (Hz) 4000 4999 4900
30 ¢ BW4 Fourth formant bandwidth (Hz) 100 500 250
31 ¢ BWS Fifth formant bandwidth (Hz) 150 700 200
32 ¢ W6 Sixth formant freqguency (Hz) 200 2000 1000
33 € PWNZ Nasal zero bandwidth (Hz) 50 500 100
34 C BWP Nasal pole bandwidth (Hz) 50 500 100
35 € FGP  Glottal res. -l e tHz) 0 600 0
36 C WGP Glottal res. 1 bandwidth (Hz) 100 2000 100
87, € FGL  Glottall Zetd Mireo ik 0 5000 1500
SRR WG7 Glottal zero bandwidth (112) 100 9000 6H000
e N o

BWGS  Glottal res. 2 bandwidth (H2) 100 1000 200
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(a) vowel fa/

‘o--

c) vowel /i/

A

1ot °* B

5 - . .
N o:. s‘ ) o
3 =3 -

(d) vowel /u/

Fig. 4.2. Normalized vocal tract area functions as given by Fant,

Adapted from Rabiner % Schafer (1978). X-axis indicates distance

from glpttis & ¥Y-axis indicates normalized area functions.

9 = 9lettis & 1 = lips.
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File:arus],dat
Frane: 14,.T:140 ns. . _
Next(E, +,-,2)? ==} 1-33

' 100 100
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40
200
E-o7 B4 FO: 105
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(a) vowel sa/

Filelerus!l.dat
Frane: 14, T 140 ns,
Next(E, +,-,2)7 --» 14-14

s

! P

100 10

0 300

o 40
200
E-o7 B FO: 15
} » 100
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(b) vowel /e/

Fig. 4.3. pisplay of area functions vealistic ag well as staircase

form along with the vartation of pitch and energy.
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¢c) vowel /i/

Fileiurus!,dat
Frane: 14, T, 140 ns, '
Hext(E, +,-,2)7 ==} 14-14

o Ih

m 0
0 70
0

200

E=% §a0 05|

20 Imu
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(d) vowel ‘u/

Fig. 4.3. Display of area functions realjstic as well as staircase

form along with the variation of pitch and gnergy,
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Fig. 4.4. Pitch variation for synthetically generated sample sound

/ex1/, an /a/ like sound with parameters as given in Table 4.1.

(A) Reference (B) estimated by SPEECH_1.PAS
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CHAPTER 5

REAL-TIME SPEECH ANALYSIS AND DISPLAY

5.1 INTERODUCTION

For the real time analysis of the speech samples, the
hardware developed by Gupte (1890) is used. Using this system and
the modified display procedure one can spsak into the microphone
for around one seccend, and observe the energy and area function

variation on the aoreen for that particular duration of speech.

The saystem deez not provide pitch information.This chapter
describes the procedure for the hardware set-up and its testing.
It also preszenta the description of the program developed for
real-time analysis of speech, and display of realistic form of

vocal tract shape and energy.

S.2 SYSTEM SET-UP % HAQDWARE TESTING
The operating procedure for setting up of the speech analysis

and display system is as follows,
# (1) Connect the emulator cable of the EVM to the extension
card through socket-Ul, with the setting of the clock switches as
follows, 81, & S2 OFF and S3, & 54 ON.

(ii) Connect the extension card to the PC interface through
the connector C-1 using 40 pin flat ribbon cable.

(113 Connect the proper supply voltages +to TMBE-32010,
extension card, and anti-aliasing filter.

(iv) BSet Jjumper J6 on the EVM to position 2-3 in order to use

external BIO & INT but internal clock.
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(v) Set the variocus jumperz on the extensi
E

to Table 5.1.

(vi) By running KERMIT software {(or some other terminal
emulation program) on the PC, establish a =serial commanication
link betwesn the RE-232C connector of the PC and the connector

C-1 of the EVM (parity is set to none)}.
(vii) Initialize EVM using INIT command, set CLOCK to EXTERNAL

and PROGRAM MEMORY to INTERNAL.

After this initialization, the hardware system 1s tested as
follows,
(a) Testing of A/D section
In order to get 10 kHz start of conversion pulses for ADC, the
number 5H24 1is sent to the cascade of bit rate multiplier ICs
(7497) on the extension card.

fout = (M/64%64%64) * fin
for fout = 10 kHz and fin = 56 MHz, M = 524. Then the ADC is
connected in the circuit and ADC data is read wusing hardware
interrupt by running program TEST_1.TMS on TMS5-32010. The status
and interrupt pulses are observed on the CRO. For analog inputs of
0 and +10 wolt, the ADC data is checked which is in the offset
binary form. The respective values for 0 and +10 volt are +2040 &

+4096 .

{(b) Testing of Host Interface
A program TEST_2.TMS is first run on TMS5-32010. Then the

program TEST_2.PAS is run on the PC which reads data from data

memory of TMS5-32010, using acknowledgement register of the




extension card. Also, the other way communication from FPC to

TMS-32010 is verified using command register of the extension

card. Simaltaneously, the I/0 decode, WR, RD, and DEN signals

e

o

verified.

(¢} Testing of sxtended data memory (EDM)

A small program TEST_3.TMS is run on TMS5-32010 which reads
and writes data from and to the data memory respectively. Various
control signals and the status of addresz and datai linea are
verified.

After checking of the hardware set-up, for the real-time
analysias of speech and display following steps are carried out.

(i) Transmit the assembly language program STRAIN.TES which
is developed by Gupte (1990) to the EVM (the character 17TH is
transmitted with the command XON).

(ii) First run the program STRAIN.TMS on TMH-32010 and then

run the modified PASCAL program SPEECH_Z2.PAS on PC.

5.2 DESCRIPTIGN OF THE FROGRAM SPEECH_Z2. PAS

The real-time speech data is acquired and oprocessed by
TMS-32010 by executing the program STRAIN.TMS. After every
interrupt from ADC, the data is read by the TM5-32010 and stored
in the program memory. The display procedue is handled by PC. The
number of samples per frame, total number of frames to be

acquired, offset value for the ADC, etc are set by software. The

program OSPEECH_2.PAS first reads all the above parameters and

sends them to TMS-32010 data memory. After storing the data for




each frame pre-emphasis and windowing is done by the assembly

languages program. Then the autocorrelation and reflection
coefficients are computed using autocorrelation and L-G algorithm
{these algorithms are already deszscribed in Chapter 4}. After the
procesasing of all frames, the reflection coefficlients and =zeroth
autocorrelation coefficients are acaguired by PC. The area
coefficients are computed from the reflection coefficients using
the Fgn. B.9., The area coefficients are scaled and interpolated to
get a realizstic form of vocal tract shape. Energy values are then
computed from zeroth autocorrelation coefficients by
normalization. A typical vocal tract shape is displayed on the
screen, the data points for which are stored in the file
COORD.PAS. The lower portion of the vocal tract shape is varied
according to the new area coefficients. The upper portion of the
vocal tract is fixed. Also, the energy for each frame is displayed
along with the variation of originally developed sztaircasze ares
functions. Thus the +tongue, and 1lip movements for the given
utteranées (vowels) can be esasily seen on the PC screen using the
program SPEECH_Z2.PAS. Any random frams can be selected for
display. By pressing keys "+° or -7, the succeeding or preceesding
frames can be selected for display respectively. The area
functions can be refreshed completely or segmentwise by pressing

keys "C° or 57, respectively.

5.4 TEST RESULTS

The results are shown in Fig. 5.1 which provides a display of

area functions and energy values for the sustained Hindi vowels




spoken by the author herself. It can be observed from Fig. 5.1 (&)
and (b), for vowel /a/, the constriction is in the back side and
degree of constriction is low whereas for vowel /e/, the
constriction is in front side and degree of constriction is
medium. As shown in Fig. 5.1 (¢) & (d), for wvowel /i/, the
constriction is in the front side but degree of constriction is
high whereas for vowel Ju/, constriction is in the back side and
because of lip rounding the area between lips is coming out to be
very small. Thus the degree of constriction and tongue hump
position while speaking vowels match with the scheme given in
Table 5.2 (Flanagan, 1972).

The energy values for the first and last few frames of the
spoken vowels are very small compared to the maximum one. For rest
of the frames energy is almest remains c<constant. Thus energy
variation matches with the plot of voicing amplitude AY vs time as
shown in Fig. 4.5.

An extensive testing of the system with speech from normal
and deaf, malé and female, child and adult speékers with different
languages needs to be carried out. Also, the system has szso far

been tested with sustained vowels only. This should be extended to

sounds of other categories as well.




Table S.1. Jumper settings for the extension card. Adapted from

Gupte (1990).

JUMPER  CONNECTION FUNCTION

J-1 3-4 Directional signal for
ADDRESS and DATA buffers.

J-2 2-4 For readinmg ADC data in
offset binary form.

J-3 3—4 Provides clock sSyncronilsation
to INT signal.

J-4 1-2, 5-8, Provides HOST communication

8-10, 13-14 through BIO & ADC through INT

Table 5.2. Classification of vowels according to the tongue-hump-

position & degree-of-constriction. Adapted from Flanagan (1972).

Degree of Tongue hump position
constriction
front central baek
high /i/ eve 73/ bixd /u/ boot
/IS it /37 over /U/ foot
medium /e/ hate /AL up /o/ obey
/e/ met /3/ ado /o/ all

low /e/ at /a/ father




Ry
pa—ia
-~
‘\-JP‘:

’FY‘dm e 20

(] )

(3 vowel /ay

Frame 2¢
ioe i
70

60 E="70
40

20
o

(& Vowel /e/

-

F?8.5-|. Display of Ared funchons and energy value

tor spoken vowels in Hind ;.




€=)

=3

vowel /i)

‘/C.

(>

“FYame 49

too
80
60

40

20

frame 30

d
'”IHML:

joo
g0
(=1a] g= 59
+40
20

Vow el [’u/

Fi9.5-1. D'tsp‘ay of arey Functions And enerqgy value

For

spoken wvowels Iin Hind;




CHAPTER B

SUMMARY AND CONCLUSIONS

The objective of this project 1is to develop a simple,

computer based speech training aid using realistic vocal tract
shape, pitch, and energy display. This can help deaf children %o
learn the movement of articulators while speaking, since realistic

vocal tract shape display can give the actual position of tongue,

jaw, etc. while attering speech sounds and pitech, and energy

display can provide information about pitch, intonation, and

stress patbterns (the way in which the syllables are stressed).

In the first stage of development of the aid, & system for

analvsing the speech waveform in off-line mode and displaying a
realistic vocal tract shape, pitch and energy simaltaneously, for
visual feedback is implemented in software. A realistic vocal
tract shape is estimated using reflections coefficients which are
obtained from linear predictive coding. The energy and pitch
values are obtained from antocorrelation analysis of short
segments of the discretized input. The system was successfully
tested for Russian vowels (/a, e, 5 u/) generated by
Klatt;aynthesizer and area functions of which were available from

Fant (using X-ray data).

In final stage, speech is analysed in real-time using a system

which consists of a PC, a DSP TMS-32010 evaluation module,
extension and interface hardware developed in an earlier project.
Uzing this system, a realistic form of voecal tract shape as well

as energy values for the spoken vowels of duration upto one sacond

"
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are on the PC. The was tested I

the sustained vowels in Hindi spoken by the author her f
Presently the system does not provide pitch information, but

one could write a szeparate program for pitch estimation using the

same In order to obtain a simultaneous display of wvocal
tract shape, pitch and energy values, one could possibly a

maltiprocessor system, zuch a3z the one

Rampal (1881). In the exiating system,

achieved in real-time, display 1s non-real-time, due to delays in

transferring data from the DSP board to the PC and

graphics interface of the PC. A possible solution may involve use

of two D/A converters on rectly controlling a

CRT.
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APPENDIX-A

ACOUSTIC PHONETICS

Sounds in American Engliszh can be generally described in

terms of 42 phonemes as given in Table 2.1. The four broad classes

£

of sounds are vowels, diphthongs, semivewels, and consonants. Bach

[¥:]
o

H
f-‘-

e} hese classes may be further classified into sub-classes which
are related to the manner, and place of articulation of the sound

within the vocal tract.

A.1 YOWELS, DIPHTHONGS, SEMIVOWELS, AND wHISPsR

Yowels are produced by exciting a fixed vocal tract with
quasi-periodic pulses of air caused by vibration of the vocal
cords. Different wvowel sounds are produced by different vocal
tract configurations and therefore characterized (in a =zinple
manner) by the vocal tract resonances or the formants. However,
even for perceptually equivalent vowels, there is a great deal of
variability in the formant fregquenclies among spesakers, mainly due
to the differences in the individual vocal tracts.

Diphthongs are usually defined as sounds that are produced by
amoothly moving the vocal tract configuration from the
articulatory position of one vowel to (or toward) that of ancther.
Therefore, in spectrograms, the diphthongs are characterized by
amooth glide of formant frequencies. BSemivowels are generally
characterized by a gliding transition in vocal tract area function
between adjacent rhonemes, and thaerefore, their acoustic

characteristics strongly depend on the context in which they
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occur.

Phoneme /h/, also known as whisper, is produced by exciting
the voecal tract by a steady air flow i.e. +he turbulent flow at
the élattis withgut vibration of vocal cords. The characteristics
of /h/ are invariably those of the vowel which feollows /h/ since

the vocal tract assume the position for the following vowel

in

during the production of /h/.

A.2 NASALS, STOPS, FRICATIVES, AND AFFRICATES
The nasal consonants /m, n, and N/ are produced by the
glottal excitation with the total consriction at some point along

the oral passage in the vocal tract. The velum is also lowered and

{

the air flows through the nasal tract with the radiation of sound
at the nostrils. The three nasal consonants are distinguished by
the place along the oral tract at which a total constriction is
made.

Stops are *transient sounds produced by plosive excitation.
The voiced stop consonants (/b, 4, g/) are produced by building up
pressure behind a complete closure somewhere in the oral tract and
then suddenly releasing the pressure. Uaually, no energy 1is
radiated during the closure duration. The particular stop produced
depends on the location of the constriction. Because of the
dynamical nature of stop sounds, their properties depend upon the
following vowels.

For unvoiced stops (/p, t, k/), the vocal cords do not
vibrate during the period of total closure. Following the closure

period, there 1is a brief interval of frication (turbulent)

g ——




excitation of the vocal tract. This is followed by a period of
aspiration (steady air flow without the vocal cord vibration)
baefore the onszet of veoicing for the following vowel. Duration and
frequency content of the frication and aspiration vary greatly
with the stop consonant.

Unvoiced fricatives are produced by sxciting the vocal tract
by a steady air flow which becomes turbulent in the region of a
constriction in the vocal tract. The location of the constriction

determines the fricative socund produced. As the source of th

(i1

exacltation is at the constriction, the back cavity introduces

.

antiresonances in the apectrum. For wvoiced fricatives, the
excitation is different in that the vocal cords are wvibrating.
Thus, there 1s a guasiperiodic excitation source at the glottis
and a nolse like excitation source at the point of constriction.
The affricates are dynamically socunds that can be generally
modelled as a stop followed by a fricative with the =zame place of
constriction. The unvoiced affricate /tsh/ may be modelled as a

Ead

concatenation of /t/ and /sh/, and the voiced affricate /dzh/ as a

concatenation of /d/ and /zh/.

N




APPENDIX B

LINEAR PREDICTIVE CODING

B.1 INTRODUCTION

i
Pt

In this project 1inear.predictive coding technique iz used
for speech analysis. Linear prediction iz a mathematical wmodel of
the speech zignal that assumes the speech signal as the output of
a linear, time invariant, recursive filter excited by either a
seguence of guasiperiodic pulses or a white-noise source. In this,
the current sample of speech iz predicted by a linear combination
of previous Eknown speech samples. Linear predictive c¢oding
technigue involves the concept of short time analysis of speech to
extract the relevant parameters of speech that remain constant

over a short interval of time.

B.2 ALL-POLE MODEL OF VOCAL TRACT FILTER

Linear prediction can be used to obtain the transfer function
of the voecal tract (Rabiner & Schafer, 1878). In the all pole
model of wvocal tract filter, the signal s{n) iz assumed to bhe a
linear combination of past output values and the present input
u(n). This model is shown in Fig. B.1.

For applying time series analysis, continuous-time signal
s(t) is sampled with a sampling interval T (= 1/Fo, where Fo is
the sampling Ifreguency) teo obtain a discret-time signal s(nT).

Here the szsignal s{n)=s 3(nT) is given as,

M

s(n) = -
=1

where G is the gain factor.

. s(n-k) + G u(n) (B.1)
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The minimam average error is given DY

E [s(n); s(n-k)] (B.7)




Assuming that the speech 3ignal remains cons
interval of time, for a stationary process s(n),
R(i~k) = E [si{n-k}, s(n-1)] (B.8)

where R(i) is the autocorrelation of the process.
B.3 COMPUTATION OF PREDICTOR PARAMETERS
For a staticnary and ergodic process, the autocorrelation can

be approximated as a time average instead of ensemble average,

R(i) = £ s(n) s{n-1i) 1 £1=p
Hence Egn. B.B can be written as
P
-R(i) = £ a&a, R{i-k) 1 21 =09
k=1 F

The predictor coefficients ays 1 =k =p can be computed by
solving a set of p egquations with r unknowns.

The reflection coefficients CAT be computed from
autocorrelation coefficients by Le-roux-Gueguen (L-G) algorithm
without extracting polynomial coefficients of the transfer
function. The intermediate variables are legs than unity. Hence

L3
1

L-G algorithm can be implemented in the fixed point arithmetic
{Leroux & Gueguen, 1877).
As shown in Fig. B.2, the central kernel 1is a lattice

o

structure {(Morris, 1883). This can be represented as

¥, (1) = R(I) I=1, ...., P.
B,(1) = R(I) 1=0, ...., P.
Fpe(1) = = Y7 (1)/B(I-1)

‘i-------------Illllll-lIlllIIlIII-------l--Il---------



Ty (I) = Y3(I) + Fp(J) By(I-1)

By, (1) = By(I-1) + Fy

for J By By ounap E=1.

FK(I) are the reflection coefficients.

The transfer function of an idealistic acoustic tube 1is
egquivalent to that of the linear prediction model. The acoustic
tube is terminated at the lips by an infinite-length,
infinite-area tube, and the transfer function of the inverse tube
315 defined as the ratio of the forward volume velocity at the
point of excitation to the radiant volume velocity (Crichton &
Fallside, 1974). The area A(n) at stage n is given by,

A(n) = A(n-1) [1+FK(n]] F [l—FK(n}] (B.9)
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Fig. B.i. All-pole model of vocal tract filter. Adapted from
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Fig. B.2. Kernel used in L-G algorithm, Adapted from (Morris,

1983) .
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APPENDIX C

Fs}

PROGEAM LISTINGS

Programs for testing of
Hardware sel-up
€i> TEST_1.TMS
(2> TEST_2.THS
(3> TEST_=2.PAS

4> TEST_3.TMS

For off=-line speech analysis
and display
INP. PAS

SPEECH_1. PAS

Faor real-time speech analysis
and display

SPEECH_g£. FAS

7




PROGRAMS FOR HARDWARE TESTING




*—

# >
*#*PROGRAM TEST_1.THMS
ZERO EGQU D
ONE ECQU 1
DAaTa EQU 2
~DDR EQU 3
COUNT EGQU 4
PULSE EGU %
#*
B LL1
B ISR
ISR IM DATA,H8 ;s INPUT DATA FROM ADC
ZAals ADDR
TBLW DRTA ;STORE ADC DATA IN PROG MEMORY
ADD ONE
SACL ADDR
ZALS COUNT jND. OF DATA POINTS
SUB ONE
SACL. COUNT
BNZ LL2
OuUT ZERO, 4 ;STOP CONUERSION PULSES
RET
LL2 EINT
RET
LL1 DINT
OUT PULSE,4 ;START CONVERSION PULSES
EINT

EL> BLLS
*<




*PROGRAM TEST_2.TMS
*#FOR DATA TRANSFER BETWEEN
*TMS-32010 AND PC
#>%0 EQU 0
X1 EQU 1
X2 EQU 2
%3 EQU 3
*%*
*DATA TRANSFER FROM
*TM5-32010 TO PC
ZALS X0  ;X0=COUNT
LL1 IN X1,0 ;CLEAR BIO
LL2 BIOZ LL3
B LL2
LL3 0OUT X2,2
SUB X3
BNZ LL1
* %
*DATA TRANSFER FROM
#PC TO TMS-32010
LAR 0,X2
LARP 0
ZALS X0
IN X1,0 ;CLEAR BID
LL4 BIDZ LLS
B LL4
LLS IN *+,0
SUB X3
BNZ LL4
END
#* <




l PROGRAM TEST_2;

I {FOR THE TRANSFER OF DATA BETWEEN DATA MEMORY

" OF TMS-32010 AND PCY 61
LABEL 1,2;
UAR ;
1,3 :INTEGER;
A,B  :ARRAY[1..101 OF BYTE;
BEGIN
FOR I:=1 TD 10 DO
BEGIN
ALT1:=0;
BlIl:=0;
END;
(DATA TRANSFER FROM TMS-32010 TO PCY
¢ FOR J:=1 TO 10 DO
BEGIN
PORTI$3191:=0;
1: [:=PORTI$3201 AND ($2);

IF I=2 THEN

ALJ]1:=PORT[$3181

ELSE

G070 13
END ;>
{DATA TRANSFER FROM PC TO TMS-22010 >
FOR J:= 1 TO 10 DO

BEGIN
PORTL$31%91:=0;
2: [:=PORTL[$320]1 AND ($2);

IF 1I=2 THEN
PORTI$3191:=B1J1
ELSE
E0TO 2;
END ;
END.




*PROGRAM TEST_3.TMS

#*FOR DATA TRANSFER BETWEEM

*EXTENDED DATA MEMORY . (EDM) & o
#DATA MEMORY OF TMS-32010

*>ADR EQU 0

e

ONE EQU 1
COUNT EQU 2 $BET COUNT=COUNT1
COUNTLI EQU 3
DATA EQU 4
BACK EQU 5
#
OUT ADR,% sSTARTING ADD FOR EDM

LOOP1 OUT DATA,&  ;DATA TRANSFER TO EDM WITH
INCREMENTATION OF ADDRESS
LOCATION
ZALS COUNT
SUB ONE
SACL COUNT
BNZ LOOP1
LAR 0,BACK ;AR0=STARTING ADD FOR DATA
COMING FROM EDM TO DATA MEMORY
LARP 0
OUT ADR,S
LACK COUNT1
LOOP2  IN #+,6 ;DATA TRANSFER FROM EDM TO
DATA MEMORY
SUB ONE
BNZ LOOP2



INP*PAS
SPEECH_1. PAS




64

FROGRAM IHF;

VAR
I :INTEGER;
TNVAR STEXTS
OUTVAR :FILE OF INTEGER;
INFILE,OQUTFILE :5TRING[ 141,
3 :ARRAY[O..4000] OF INTEGER;
BEGIN
WRITELN( “input file name = ");
READLN(INFILE);
ASSIGN(INVAR, INFILE);
WRITELN( “output file name = 7);
READLN(QUTFILE);
ASSIGH (OUTVAR,OQUTFILE);
RESET (INVAR);

REWRITE(QUTVAR);

FOR I:= 0 TO 4000 DO

BEGIN
READLN(INVAR,S[T]
WRITE(QUTVAR,S[L1]

END;

READLN;
CLOSE(INVAR);
CLOSE(OUTVAR) ;

b
13

END.




PROGRAM SPEECH_13;
USES GRAPH,DOS,CRT;
LABEL 5,100,110,120; ¥
TYPE
DARRAY=ARRAY[1..1510F REAL;
SARRAY=ARRAY[-1..20010F INTEGER;

CONST
FRCMT=60;
VAR
SP tARRAYLD. .30010F REAL:
LR,5R ARRAYLO..30010F REAL;
S1,%1 :aRRAYIN. .Z0010F REAL;
5 : 5ARRAY ;
E :ARRAYI-1..30010F REAL;
W ARRAYID. .30010F REAL;
FK tARRAYILD. .FRCHNT ,1. .15 10F REAL;
AR :ARRAYI[L. .FRCNT,0..2010F REAL;

R,BI,BIM,BIML,BIT :DARRAY;
J,TS,ERAPHDRIVER, TL ,NFMAX,

GRAPHMODE , ERRORCODE ,LAST ,CODE , TIM, EXCODE,

% ,M,FR,FL ,FORM,NF ,DUMMY , TEMP ,FS,SFNO,PAR, P,
KK,WIND,PREMPH,Y  :INTEGER;

I : LONGINT ;
K,C,KPRE,DSC,EMAX :REAL;
BIG1,BIG2,BIG3,PITS,D5,

PITCHS,PITL,PITCHL :ARRAY[1..FRCNTIOF REAL ;

BIG :ARRAYI[L. .FRCHNTI10OF INTEGER;
P8,PL. PBL :STRINGI401] ;

Y1 :REAL ;

FILEROS TLONGINT ;

FILEVAR,OFILEVAR,OUTFILE,
ENVAR,PIUVAR, INFILE :TEXT;

DF ILEVAR :FILE OF INTEGER;
DFILE,OF ILE ,ENFILE,
PIFILE,CODRD tSTRINGI141;

CH,C_H,CHH,CHHH, DDUMMY  :CHAR
CHS,PREEMPH,CH1 ,CH2 : STRING[5 1 ;

D1,D2 :ARRAYI1..2001 OF INTEGER;
D3 ,D4 : ARRAYLD0..501 OF INTEGER;

{#%%%% PROCEDURE AUTOCORRELATION BEGINS #k#kks)

PROCEDURE AUTOCORRELATIOM(FLAGL: INTEGER) ;

VAR
IT,MM : INTEGER ;
BEGIN
IF FLAGl=1 THEN
BEGIN

BIGZ[I1:=0;
FOR Il:=0 TO FL-1 DO
BEGIN

GRIII1:=0.0;

FOR MM:=11 TO FL-1 DO

BEGIN

SRIII1:=SRIITI+SPIMMI
*SPLMM=-1121;

END ;
IF (SRIIIIBIG3LI] THEN BIG3[I11:=5R[II];
END ;
IF BIG3ILI]l = 0 THEN RPITCHSUI]1 := 0
ELSE
BEGIN

PITSIT 1 e=1D
FOR I1:=2% TO FL-1 DO
. ——BEL LN,




THEN
BEGIN
PITS[I1:=(SRLII1); \
PITCHSII1:=11; 66
END;
END;
IF PITSII1-BIG3LI1 »>0.3
THEN
PITCHSII1:=FS-PITCHS[I]
ELSE
PITCHSLI1:=0;
EMND ;
END
ELSE
BEGIN
BIG2L11:=0;
FOR II:=0 TO FL-1 DO
BEGIN
LRLII):=0.0;
FOR MM:=II TO FL-1 DO
BEGIN
LREIII:=LRIIII+ELMM]
#*ELCMM-T1121;
END ;
IF (LRIII1y>BIG2LI] THEN BIG2[LI1:=LRIII1;
EMND ;
PITLLI1:=0;
IF BIG2[I1=0 THEN PITCHLLI1:=0
ELSE
BEGIN
FOR 11:=2% TO FL-1 DO
BEGIN
IF (LRIITID>PITLILI]
THEM
BEGIN
FITLLIl:=CLRIII1);
PITCHLLIY:=11;
END
END ;
IF PITLIII BIG2LI] >0.3
THEN
PITCHLITI1:=FS~/PITCHLILI]
ELSE
FITCHLII1:=0;
EMND ;
END ;
END ;

{#%%%% PROCEDURE AUTOCORRELATION ENDS #¥®*%¥%}
{PROCEDURE Le-roux-Gueguen ALGORITHM BEGINGS ##&k&&

PROCEDURE LGSOL ;

UAR
11,IM1,dd t INTEGER ;
BEGIM
IF SRL0I=0 THEWN
BEGIN
FOR Jd:= 1 .TO P DO
BEGIN
FKILI,J1:=FK[I-1,J]
END ;
END
ELSE

BEGIN




BIM1[11:=SR[1];
BIM1[21:=SRIDI+FKII,11*%SR[11;

FOR II:=2 TO P DO {;?
BEGIN -

YI:=SR[II];

BIlll:=Y1I;

IM1:=11-1;

FOR JJ:=1 T IM1 DO

BEGIN

BILJI+11:=BIMILJAT+FKII , J]1*Y];
YIi=YI+FKII,JJ1#BIMLIJJ];
BIM1[JJd1:=BI[JJ]1;

END ;

FKIT,II1:=-YI-,BIMLLITI];

{WRITELNC ' FKRLY 1,4, , 10, ," =" ,FKET ,IT1 )52
BIMILII+1]:=BIMLLIIT+FKLI,IT1%¥I;
BIMLIII1:=BILII1;

ERD
END ;
END ;

{#%%%% PROCEDURE Le-roux-Gueguen ENDS #¥*%&#*}
(¥#%%% PROCEDURE LPCERROR BEGINS ##&dkikkddk)

FROCEDURE LPCERROR ;
AR
IT,KK,Jdd : INTEGER ;
BEGIN
BIMI1]l:=SPLO0O1;
FOR KkK:=2 TO P DO BIMIKK]1:=0;
FOR II:=1 TO FL-1 DO
BEGIN
Y1:=5P[I111;
BII[L11:=5PLII1;
FOR JJ:=2 TO P+1 DO
BEGIN
BII[JJ]:=BIMIJJ-11+FKII1,dd-11%¥Y1];
¥YI:=YI+FKI[I,JJ-11#*BIMIJJI-11;
BEIM[JI-11:=B110JJ-11
ERD ;
ELILl1:=Y1Ij;
END;
E[D]1:=SPID];
BIGLLI1:=ABS(ELOD1);
FOR 11:=1 TO FL-1 DO

BEGIN
IF ABS(ELII1»BIGLII]
THEN -
BEGIN

BIGLIII:=ABSCELII]);

END;

END;

END ;

{#kxkkdd PROCEDURE LPCERROR ENDS #¥¥kkkkkk)

{#*kkk4% PROCEDURE DISPLAY BEGINS ##kkssss)
PROCEDURE DISPLAY;
LABEL 50,51,70,80;

UAR
21,22,;23528 30,02 ;¥ Y1, 501, XH8 SRR, X511 t INTEGER ;
YY,YY1l : LONGINT ;

FPROCEDURE DRAW_LINES(YST,YEND,XST,COLOR: INTEGER) ;

BEGIN

sSSP G S R



FOR J:= ¥ST TO YEND DO
LINEC(XST,d,%X5T-10,J);
END ; £‘8

BEGIN

ASSIGNCINFILE, 'COORD.PAS ');

RESETCINFILED ;

FOR J := 1 TODr12% D0

BEGIN
READLNCINFILE,D1LJ1,D20313;
D10J1:=150-D1CJ1;

EMD ;

FBR .J = 126 T 137 DE

BEGIN
READLNCINFILE,D31J-12%1,D40J-125%1);
0D30J-1251:=150-D3[J-12%1;

END ;

CLOSECIMNFILEY §

GRAPHDRIUVER:= DETELT:;

INITGRAPH(GRAPHDRIVER ,GRAPHMODE , 'Cix"1;

DIRECTUIDEQ:=FALSE ;

ERRORCOCDE : =GRAPHRESULT ;

IF ERRORCODE<>GROK THEM

BEGIN
WRITE('GRAPHICS ERROR: ')
WRITELN(GRAPHERRORMSE (ERRORCODE ) ) ;
WRITELMC( 'PROGRAM ABORTED' ) ;
HALTC(L1) ;

END ;

I:=5FNO;

FOR J := 1 TOD &4 DD
LINE(2#D10J31,D20J3],2%010J+11,0203+11);
FOR J := 66 TO 75 DO
LINE(2#%D1031,D20J1,2#D10Jd+11,D20J3+11);

FOR J := 78 TO 10% DO
LINE(2#D1[J]1,D2031,2%0103+11,D20J+113;
FOR J := 107 TO 124 DO

LINE(2#D10J1+2,D20J1,2%D10J+11+2,D20J+11);
LINE(450,117,450,197) ;MOVETO(%80,117) ;LINETO(S80,197) ;

¥Y¥1:=117; XX1 := 5B3;
FOR J:=0 TO 4 DO
BEGIN

STRC(400-3#100) ,CH1) ;
MOUVETO(XKXL+4,YY1-5) ;0UTTEXTCCHL) ;

YY1 = ¥YYL+210;
END ;
YY1 4= 1173
FOR J := 0 TO 8 DO
BEGIN

PUTPIXEL(%81,YY1+J#*10 ,WHITE) ;
PUTPIXEL(582 ,YY1+J*10,WHITE) ;

END ;

Y91:=117;%XX1:=450;

FOR J:=0 TO % DO

BEGIN :
STRCCL00-J#%203 ,CH1J;
MOUETO(XX1+5, YYl Bl 3 DUTTEXT(DHI),
YY1li=¥Y1+16;

END;

YY1 1= 117;

FOR J := 0 TO 10 DO
BEGIN

PUTPIKEL(451,YY1+J%*8 ,WHITE) ;
PUTPIXEL (452 ,YY1+J*8 ,WHITE) ;
T T e



Z1:= ROUNDC(DSIII/EMAX)I*100) ;
¢ Z1l:= ROUNDC(DSLI1-100000); » .
721 =ROUND(PITCHSLI1); 28]
STR(Z1,PS) ;MOUETO(368,160) ;
QUTTEXTC('E = ') ;0UTTEXT(PS);
STR(Z2,PS1) ;MOVETO(500,140) ;
OUTTEXTC'FO = ') ;0UTTEXT(PS1) ;
SRR:=ROUND(4%Z1-5) ;
Z2:1=197-ROUND(Z2/5) ;
DRAW_LINES(Z2,197,579,1) ;
Z1:=197-SRR;
DRAW_LINES(Z1,197,449,1);
MOUETO(400,0) ;0UTTEXTC 'File: ') ;0UTTEXT(DFILE) ;
MOVETO(400,25) ;
LINETD(400+(P+1)%15,25) ;
MOVETOD(400,110) ;
LINETOC(400+ (P+1)#15,110) ;

MK:=400;
FOR J:= 1 TO 12 DO
BEGIN

YY1:=109;

¥YYi=¥Y1-ROUND(DSC*10#*#aAl1 ,P-J+11-63
LINEC(KRY,YY ,®KX+1%,YY);
IF J <> 12 THEN
BEGIN
YY11l:=Y¥YY1l-ROUNDC
DSC#10#aAll ,P-J1-6);
LINE(XX+15,YY,XX+15,YY11);
END ;
KK 1=KK+15;
END ;
FOR J := 0 TO 7 DO
BEGIN
IF Jd=0 THEN
BEGIN
X¥1:1=244;:¥Y1:=105;
END
ELSE
BEGIM
¥x1:=2%D3[0J];¥YY1:=D4[JI+ROUNDCDSC*ARLT ,J1-(2.033;
END ;
YY1l D4lJ+1]1+ROUND(DSC*AALI ,J+11-,02.00 7 ;
XK1l 1= 2*%D30J+11 ;
SETCOLOR(1) ;
LINECKKL,YYL,XX11,Y¥YY1ll);

END ;
FOR J := 8 TO 11 DO
BEGIN
IF J=8 THEN
BEGIN
XX1:=2#%D3[J1;¥Y1:=04[J]1+ROUNDCDSC#*AaalI ,J1-(2.023);
END
ELSE
BEGIN
PRI SFDATLTY ;
KXl 1= 2#%#D3[J]1+2%ROUND(DSC*AALT ,J]1-(2.02)+10;
END ;
b e B i e B
®KX11l 1= 2¥D3[J+11+2*%ROUND(DSC#AALT ,J+11-C¢2.033+10;
LINECXX] ,YY1,XX11,¥YY11);
SETCOLORCL) ;
END ;
Z4:=22;235=21;
MOVETO(400,8) ;STR(I,CH1); SETCOLOR{1);
DUTTEXTC'Frame: ') ;0UTTEXT(CHL) ;



OUT TEXT UL, t: ') 3OUTTEXTC(CHL) ;OUTTEXTC' ms. 133;31:=0;
50: Z22:=24;3;21:=23; =
51: MDUETD(4DD,16);SETCDLDR(lJ;DUTTEXT('Exit(Y/N)?'); /0
REPEAT
BEGIN

END;
UNTIL KEYPRESSED;
CH:=RERDKEY ;
IF (CH='Y') DR (CH='y'J)THEN
BEGIM

EXCODE:=1;EXIT;
END;
MDUETD(4UD,16);SETEDLDR(DJ;DUTTEHT(‘ExitET/N)?’);
MUUETD(4UG,16);SETEDLDR(l);DUTTEXT('ReFresh:("C" or ''S''"¥?');
REFEAT

BEGIN

END ;
UNTIL KEYPRESSED;
C_H:=READKEY ;
MDUETD(4DO,16);SETEDLDR(D);DUTTEXT('ReFresh:("E" oy Y HGEFUIFEED]
IF (C_H<>'C') AND (C_H<>'c') AND (C_H<>»'S') AND (C_H<¢>'s') THEN
BEGIN

GOTO 51;
END ;
HDUETD(400,16);SETCDLDR(l);DUTTEXT(‘Next(E,+,—,=)?');
STR(SFNO,CH1J ;

OUTTEXTC! —-=% I 0OUTTEXTC(CHL Y ;
STR((SFND+NF—1),EHl);DUTTEXT('-');DUTTEKT(CHIJ;
g80: REPEAT
BEGIN
EMND ;

UNTIL KEYPRESSED;

CH:=READKEY ;

IF (CH='E') OR (CH<>'+') AND (CH<>'=') AND (CH<>'=') THEN
BEGIN
MOUETO(400,16) ;SETCOLOR(D) ;OUTTEXT( 'Next (E,+,-,=)7");
STR(SFND,CH1) ;

OUTTEXT(' —-=> ');SETCOLOR(D) ;OUTTEXT(CH1) ;
STR((SFND+NF—1),CH1);SETCDLDR(U);DUTTEXTE'-‘);DUTTEXT(CHI);
GOTO %0;
END ;
Z22:=724;21:1=23;
IF CH = '+' THEN
BEGIN
Jli=1+1;
DDUMMY:='0"3;
END ;
IF CH = '-' THEN
BEGINM
Jl:=1-1;
DDUMMY:="'0";
END;
IF (CH='+') OR (CH='-"') THEN
BEGIN :
IF (J1 < SFNO) OR (J1 > (SFNO+NF-13) THEN
BEGIN

SOUND(800) ;
DELAY(500) ;

NDSOUND ;
IF CH='+' THEN J1:=31-1;
IF CH='-' THEN Jl:=J1+1;
GOTO 80;

END ;
END ;
IF CH = '=' THEN



WHILE NOT KEYPRESSED DO
BEGIN T~y l
END; £
CHH :=READKEY ;{Z22:=24;21:1=23;7%
UALC(CHH,J1 ,CODEJ ;
WHILE NOT KEYPRESSED DO
BEGIN
END ;
CHHH :=READKEY ;{Z2:=Z4;:;Z21:=23;7%
UAL (CHHH ,J ,CODE)
J1:=10#%31+J;
IF ¢J1 ¢ SFNO)Y OR (J1 » (SFNO+NF-13) THEWN EXIT;
END :
MOVETO(400,8) ;5TRCI ,CHL ) ; SETCOLORCOD ) 3
OUTTEXTC( ' frame: ") ;0UTTEXTC(CHL)Y ;
TIM:=1#10;STR(TIM,CHL) ;
OUTTEXTC!', t: ' 3G0UTTEXT(CHLY GOUTTERTC! ms. 'J;
MDOUETD(400,8)38TR(JL ,CHL) ; SETCOLORC1) ;
OUTTEXT('Frame: ') ;0UTTEXT(CHL Y ;
TIM:=J1*15;STR(TIM,CH1);
OUTTEXTC', T: ' )30UTTEXT(CHL) GOUTTEXTC' ms. 'J3
SETCOLORCD ) ;
HDUETD(5UD,160J;DUTTEXT('FD = '")SOUTTEXT(PS1);
MOUVETOD(368,160) ;0UTTEXTC('E = ') ;0UTTEXTIPS) ;
Z24:=ROUNDC(PITCHS[J11);;5TR(Z24,P513;
MDUETDE5DU,160);SETCDLDR(l);DUTTEXT(‘FD = '");OUTTEXTI(PSL1) ;
Z24:=197-ROUND(Z4-5) ;
IF PITCHSLJ1]l »= PITCHSII1 THEMN
BEGIN
DRAW_L INES(Z4,22,579,1);
END
ELSE
BEGIN
DRAW_LINES(Z22,24,579,0);
END;
Z3:=ROUNDC((DSLJILI/EMAXI*100);;5TR(Z3 ,P5);
MOUVETO(368,160) ;SETCOLORC(L) OUTTEXTC'E = VIsOUTTEXT(PS) 3
SRR:=ROUND(4%23,5) ;Z3:=197-5RR;
IF 23 < 21 THEN

BEGIN
DRAW_LINES(Z23,21,449 ,1);
END
ELSE
BEGIN
DRAW_LINES(Z1 ,23,449 ,07;
END;
WHILE HOT KEYPRESSED DO
BEGIN
END ;3
CHH: =READKEY ;
FOR J := 0 TO 7 DO
EBEGIN
IF J=0 THEHW
BEGIN
KHXli=244;3YY1:=105%;
'END
ELSE
BEGIN
KK1:=2#%D3[J);¥Y1:=DalJ]1+ROUNDCDSC*AALT ,J1-(2.0);
END ;
YY1l = D4[J+1]1+ROUNDCDSC*#AALT ,d+11-C2.0)3;

KHXL1 := 2%D3[J+11 ;

SETCOLDRCO Y ;
LINECXX1,YY1,XX11,YY11);

IF (C_H = 'S*') OR (C_H='s') THEN
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WHILE NOT KEYPRESSED DO

BEGINM
END; 72
CH: =READKEY 3
END ;
IF J=0 THEN
BEGIN
¥X1:=244;;¥YY1:=105;
END
ELSE
BEGIM
KAX1:=2%D30J1;¥YY1:=D4[J]1+ROUND(DSC#AALJL,J1-(2.0073;
END;

YY1l i= D4LJ+11+ROUND(DSC*AALIL,J+11/(2.00);
XX11 $= 2%D3[J+11 ;
SETCOLORC1) ;
LINEC(XX1,YY1,XX11,YY11);
IF (C_H = 'S') OR (C_H='s') THEN
BEGIN
WHILE NOT KEYPRESSED DO
BEGIN
END ;
CH: =READKEY ;
END;
END;
FOR J := 8 TO 11 DO
BEGIN
IF J=8 THEN
BEGIN
XX1:=2%D3[J1;YY1:=D4[J]+ROUND (DSC*AALT,J1/(2.0));
END
ELSE
BEGIN
Yyl
XK1
END;
YY1l = D4LJ+11;
XX11 t= 2%D3[J+11+2%ROUND(DSC*AALT,J+11,(2.0))+10;
SETCOLOR(D) ;
LINE (XX1,YY1,XX11,YY11);

D4lJdl;
2#D3[J]1+2#%ROUNDCDSC*AALT ,J1-(2.033+10;

IF (C_H = 's') OR (C_H='S"'") THEN
BEGIN
WHILE NOT KEYPRESSED DO
BEGIN
END 3
CH: =READKEY ;
END ;
IF J=8 THEWN
BEGIN
XX1:=2%D3[J1;¥Y1:=D4[J]1+ROUNDC(DSC*AALIL,J1-(2.00);
END
ELSE
BEGIN
YY1l = D4fJdl;
XKl 1= 2#D3[J]+2%ROUND(DSC#*AA0J1,31-(2.023+10;
END ;
YY1l := D4[J+11;
KX11 1= 2%D3[J+11+2%ROUND(DSC*AALIL,J+11-(2.02)2+10;

SETCOLOR(1) ;
LINE(XX1,YY1,%X11,YY11);

IF (C_H = 'S') OR (C_H='s') THEN
BEGIN
WHILE NOT KEYPRESSED DO
BEGIN
END ;
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END ; '
END;
XX:=400; 73
FOR J:= 1 TR'12 RO
BEGIN
YY1:=109;YY11l:=0;¥YY:=0;
YY:i=YY1-ROUND(DSC*10*AAlI ,P-J+11/61);
SETCOLORCD) ;
LINECXX ,YY ,XX+15%,YY);
IF J <» 12 THEN
BEGIN
YY11l:=¥YY1-ROUND(DSC*10#*AALI ,P-J1-6);
SETCOLORCO ;5
LINE(RX+1S,YY ,Kx+1% ,¥YY11);
END;
IF (C_H = 'S') OR (C_H='s') THEN
BEGIN
WHILE NOT KEYPRESSED DO
BEGIN
END ;
CH:=READKEY ;
END;
YY:=0;3;YY1l:=0;
YY:i=YY1-ROUNDC(DSC#10%AALJ1 ,P-J+11/6);
SETCOLORC(1) ;
LINECXX,YY ,XX+15,YY) ;
IF J <» 12 THEN
BEGIN
YY11l:=¥Y1-ROUNDCDSC*10#*AAlJ1l ,P-31-6) ; !
SETCOLORC1 Y ; ’ '
LITHE(RY*15 ;¥ X8+ 15,YYLL )5
END ;
IF (C_H = 'S') OR (C_H='s') THEN
BEGIN
WHILE NOT KEYPRESSED DO
BEGIN
END ;
CH: =READKEY ;
END;
RKR1=XX+15;
END ;
IF (C_H= 'S') OR (C_H = 's') THEN
BEGIN
SOUNDCB00) ;
DELAY (200D ;
NOSOUMND ;
END ;
Ti=d1;
IF DDUMMY = '0' THEM
BEGIN
DDUMMYs="'2";
END ;
GOTO 80;
END ;

{*#%%%% PROCEDURE DISPLAY ENDS #*¥¥k¥kkk¥)

PROCEDURE MENU;
UAR
XM1,YM1 ,XM2 , YM2 : BYTE ;
BEGIN
WINDOW(1,1,80,11);
CLRSCR;
GOTOXY(10,1);
WRITELNC'# SPEECH ANALYSIS & DISPLAY PROGRAM MENU *');
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GOTOXY (XM1,YML) ;

WRITE('1) DATA FILE: &, BEFTLERS
GOTOXY (XML ,YML+13; ’?4
WRITEC'2) DATA FILE FORMAT: ' ,FORMJ ;
GOTOXY (XKML ,¥YML+27 ;

WRITEC'3) SAMPLING FREL: V.F8) 3
GOTOXY (XML ,YML+3) ;

WRITEC'4) WINDOW TYPE: 'SWINDD
GOTOXY (XML ,YML+43;

WRITEC('%) PRE-EMP. COEFF: tLK:4:2);
GOTOXY (XM1,YM1+5) ;

WRITE('é) PREDICTOR ORDER: L S -

GOTOXY (XML ,YML+6) ;
WRITEC'Z) TO QUIT MEMNU'J;

®¥M1 = 40; YM1 = 3;

GOTOXY (XML ,¥YML1) ;

WRITEC(' 81 FRAME LENGH: b LFLT 4
GOTOXY (XML ,¥YML+13);

WRITEC(' 21 FRAME RATE: ' ,FRJ;
GCOTOXY (XML ,YM1+2) ;

WRITE('10) PRE-EMPHASIS: ' ,PREEMPH) ;
EOTOXY (XML ,¥YML+3);

WRITE('11) STARTING FRAME: ' ,SFNOD 5
GOTOXY (XML ,YML+4);

WRITE('12) TOTAL FRAMES: 'ONFY
GOTOXY (XML, YML+% 3 ;

WRITE('13) DISPLAY SCALE: ' ,D8C:4:2);

GOTOXY (XML ,YM1+&) ;

WRITEC'14) TO EXIT PROGRAM') ;
GOTOXY(1,YML+7);

WRITEC ' #kkkd kb hhhhhhbhhrhbhbhhbhhhphrsss’ )
WRTTE € ! de dok e o ek ok e ek b b o e e 1 )

END;
{hexxk® MAIN PROGCRAM BEGINS #d#kkhskkkks)

BEGIN
P:=12; DFILE:='SPEECH.DAT'; FS:=10000; FORM:=1;
DSC:=1; WIND:=1; K:=0.9; FL:=200; FR:=100;
SFNO:=1; MF:=3; PREEMPH:="'0ON";

5: TEXTCOLORC1%);
WINDDOW(1,1,80,257);
CLRSCR;
® o= 193 % 1= 1;
GOTOXRY(X,Y+6) ;
WRITELMNC(' # SPEECH AMNALYSIS & DISPLAY PROGEAM # '3
GOTOXKY (X ,Y+7) ;
WRITELNC' #* FOR OFF-LIME SPEECH DATA # '];
GOTOXY(X,¥Y+213;
WRITELM( ' #k#dkktdkbtbbbbherbbhbthrbrrbhrrehhht s s’ ),
GOTOXY(1,25);
WRITELMC('# FOR MENU PRESS ANY KEY #*');
WHILE NOT KEYPRESSED DO
BEGIN
END ;
CH := READKEY:;

(#k**%%% SELECTION OF PARAMETERS ##kkfkdk)

110:MENU;
WINDOWCL,12,80,2%);
GDTOXY (1,133 ;
WRITE( 'PARAMETER CODE TO BE ALTERED: 'J;
GOTORY (35 ,13) ;
READLNCCHS Y ;
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FOR I:=1 TO 8¥DO

BEGIN
GOTOXY(1,1); 5
CLREOL ; L
END;

GOTOXY (1,13 ;
CASE PAR OF

1 :BEGIN
WRITEC('DATA FILE : 'J;
READLN(DFILED ;
IF DFILE='' THEN DFILE:='SPEECH.DAT';
END ;
2 :BEGIN
WRITELNC 'DATA FILE FORMAT (1-2) @ ");
WRITELN ;
WRITELN;

WRITEC'FORMAT 1: FIRST LINE CONTAINS 'J;
WRITELNC'TOTAL ND. OF SAMPLES');
WRITEC' NEXT A DATA SAMPLE IS 'J;
WRITELNC( 'STORED PER LINE');
WRITEC('FORMAT 2: FIRST LINE COMTRINS ')
WRITELNC ‘TOTAL NO. OF DATA LINES 'J;
WRITEC(! NEXT EIGHT DATA SAMPLES ')
WRITELNC'ARE STORED PER LINE');
GOTOXY (30,17 ;
100: READLMC(CHS ) ;
VAL (CHS ,FORM,CODE ) ;
IF (FORM<>1) AND (FORM<>2) THEN
BEGIN
GOTOXY (30,10 ;
CLREOL ;
GOTO 100;
END ;
END ;
3 :BEGIN
WRITE('SAMPLING FREQUENCY : 'J);
GOTOXY(30,13;
READLN(CHS) ;
UAL (CHS ,F5,CODE) ;
WHILE (FS<1000) OR (FS»>20000) DO
BEGIN
GOTOXY(30,1);
CLREOL ;
REACDLN(CHS ) ;
VAL (CHS ,FS,CODE) ;
END ;
END ;
4 (BEGIN )
WRITELNC'WINDOW TYPES ARE: ')}
WRITELHN;
WRITELNC'1) :HAMMING WINDOW: ') ;
WRITELNC'2) : R i
WRITELNC'3) : S
WRITELNC('4) :RECTANGULAR -

WRITELN;
WRITE('SELECT WINDOW : ')J;

GOTOXY(30,8);
READLN(CHS) ;
UAL (CHS,WIND,CODE) ;
WHILE (WIND<1)DORC(WIND>4) DO
BEGIN !
GOTOXY(30,8);
CLREOL ;
READLN(CHS) ;
VAL (CHS ,WIND ,CODE) ;



IF WIND=1 THEN
BEGIMN
GOTOXY (1,87 ; H{-
CLREODL : )
WRITE: "HAMMING WINDOW IS = ');
WRITEC'WCLI] = (0.54-0.48%COS(2*%PI#*[/"'1;
WRITEC ' (FL-1223"');
EMND
END ;
L (BEGIN
WRITEC('PRE-EMP. COEFFICIENT :');
GOTOXY (30,17 ;
READLN(CHS ) ;
UAL (CHS ,K ,CODE) ;
WHILE (K<0) 0OR (Kr0.99) DO
BEGIHM
EOTOXY(30,1);
CLREOL ;
READLN(CHS) ;
ValL (CHS,K ,CODED 3
END 3
END ;
4 1BEGIN
WRITE('ORDER OF LIMEAR PREDICTOR : 'J;
GOTOXY(30,1);
READLM(CHS) ;
UaL(CHS ,P,CODE) ;
WHILE (P<B) 0OR (P:»203 DO
BEGIN
GOTOXY(30,1);
CLEREOL ;
READLN(CHS ) ;
VAL (CHS ,P,CODE) ;
END;
END ;
8 :BEGIN
WRITE('FRAME LEMGTH INW MNO. OF SAMPLES ')
GOTOXY(35,1);
READLNCCHS) ;
VAL (CHS ,FL ,CO0DE ) ;
WHILE (FL<100) OR (FL>2003 DO
BEGIHM
GOTOXY(35,1);
CLREOL ;
READLNC(CHS) ;
UAL (CHS ,FL ,CODEY ;
EMND ;
EMD;
2 :BEGIH
WRITE('FRAME RATE IN NO. OF SAMPLES :'J);
GOTOXKY(35,1) ;
READLN(CHS ) ;
VAL (CHS ,FR ,CODE) ;
WHILE (FR<B0) OR (FR»200) DO
BEGIM
GOTOXY (35 ,1);
CLREDL ;
READLNC(CHS) ;
UQL(CHS,FR,CDDE);
END; )
END ;
10:BEGIN
WRITE( 'PRE-EMPHASIS APPLIED (ONs/OFF) :');
READLN(PREEMPH) ;
WHILE (PREEMPH<>'ON') AND (PREEMPH<>'OFF '} DO




GOTOXY (35,1 ;
CLREOL ;
READLN(PREEMPH) 3 : S
END : ('Y
END
11:BEGIN
WRITE( 'STARTING FRAME NUMBER :');
READLNC(CHS) ;
UAL (CHS ,SFMNOD,CODE) 3
WHILE (SFND<1) DR (SFHO>s&0) DO
BEGIN
GOTOXY(30,13;
CLREDOL ;
READLN(CHS ) ;
Ual (CHS ,SFHO0,CO00EDY ;
END ;
EMND ;
12:BEGIN
LRITEC'TOTAL NO. OF FRAMES @ '3;
READLMNICHSY ;
LVal (CHS ,NF ,CODE Y ;
WHILE (NF<1) OR (MF>FRCHT)Y DO
BEGIN
GOTOXY (20,11 ;
CLREDL ;
READLMH(CHS ) ;
Ual (CHS ,NF ,CODED ;
END ;
END ;
13:BEGIN
WRITEC('DISPLAY SCALE FACTOR :'J;
READLNCCHS ) ;
VAL (CHS ,DEC ,CODE ;
WHILE (DSC>203)ANDCDSC<1) DO
BEGIH
GOTOXY (30,17 ;
CLEREDOL ;
READLHICHS ) ;
UAL (CHS ,D5C ,CODE) ;
END ;
END ;
14:BEGIN
GOTOXY (1,137
CLREOL ;
WRITE('@aRE YOU SURE YOU WANT TO EXITOYAMNI?');
CH := REARDKEY:
IF (CH='Y¥') OR (CH='w') THEMN EXIT;

END ;
ELSE
BEGIN
CLRESER};
GOTOXY(1,13);
WRITE( '"PARAMETER SELECTION DUERCY/NIT?'I;
WHILE NOT KEYPRESSED DO
BEGIN
END;
CH := READKEY;
_ IF (CH='Y') OR (CH='y') THEN GOTO 120;
END
END ;
GOTOXY(3%,13);
CLREOL ;
GOTO 110;

(*k#k*® PARAMETER SELECTION DUER ###%%k%)




SRR ER APPLY PRE-EMPHASIS AND WINDOWING #%#k#&;

120: GOTOXY(1,13);CLREOL;
IF PREEMPH="0ON'
THEN KPRE:=K

ELSE

KPRE:=0;
FOR I:= 0 TO 300 DO
WCLIl:i=03
IF WIND=1 THEN
BEGIN

C:i=0.%;

FOR 1:=1 TO FL DO
WCL11:=C*(0.54-0.46%COS(2%PI*(1-1)/(FL-1)));
WCLI-11:=WCLI1;

END ;

EXCODE:=0;

FOR J:=1 TO FRCNT DO
DELJ1:=0;

FOR J:=1 TO P DO FKI0,J1:=0;
ASSIGMN(DFILEVAR ,DFILE) ;
RESET(DF ILEVAR] ;
FOR J:=-1 TO 1000 DO
S[J1:=0;
FOR J:=0 TO 1000 DO
SPLJ]1:=03;
FOR 1:=SFNO TO (WF+SFNO-1) DO
BEGIN
GOTOXY (1,137 ;
CLREOL ;
GOTORY (43,123 ;
CLREOL ; )
GOTOXY(30,13);
WRITE( '#%% '];
TEXTCOLORC143 ) ;
WRITE('READING & PROCEESING FRAME-'J;WRITECI);
TEXTCOLORC(LS ) ;
WRITEC!' #*#%!');
SEEK(DFILEVAR , (100%(I-123);
FOR J:=0 TO FL-1 DO
BEGIH
READ(DFILEVAR,SLJ1);
END; '
{ FOR J:=0 TO FL-1 DO
S5[J-11:=80Jd1;7%
IF WIND = 1 THEHN

BEGIHN
S[-11:=0;
FOR J:=0 TO FL-1 DO
BEGIM
SPLJ1:=WCIJ1*(SIJ1-KPRE*5[J-11);
END ;
END
ELSE
BEGIN
FOR J:=0 TO FL-1 DO
BEGIM
SP[J]1:=5[J1-KPRE#S[J-11;
END ;
END ;
AUTOCORRELATIONCL Y ;
LGSOL ;
L.LPCERROR ;

AUTOCORRELATIONC2) ;




END.

AALT ,P+11:=1;
FOR J:= 0 TO P-1 DO
BEGIN
Aall ,P-J1:= (1+FKLI,P-J1)/(1-FKI[I,P-J1)*AARLI ,P-J+11;
END ;
END ;
CLOSE(DFILEVAR) ;
EMAX:=DS [SFMNO1T;
FOR 1:=SFNO TO SFNO+NF-1 DO
BEGIN
IF DELII1>EMAX THEN
EMAX:=D5[11;
END ;
WRITELN( 'name of energy file?');
READLMCENFILED ;
ASSIGN(ENUVAR ,ENFILE) ;
REWRITE (ENVAR) ;
FOR J:=SFNO TO (SFNO+NF) DO
WRITELNCENUAR,D5LJ1);
DISPLAY ;
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PROGRAM SPEECH_2;
USES GRaPH,DDS,CRT;

LABEL 2,3 4 55 6 10,20,2%,30,%0,60;

CONST
P1=14;N=200;FRMAX=90;P=12;
UAR
A
EN
FK
AR
ENBIG,ENTH, TEMPENT
ENTHL , ENTHH
®1,Y1,X2,Y2,X3,Y3,X%,YY,
X%1,YY1,N1
C
D

1,J,FLAG,FLAGZ ,CODE
LFILE,DFILE,S

LUAR ,DUAR,FILEVAR, INFILE
IBPTR

ICPTR

MINI,OFFSET,WPTR,
FR,NMFR,PAT1, CLOCK , APR,J11,

:ARRAYIL. .FRMAX,1..2%P1]1 OF BYTE;
:ARRAYLD. .FRMAX] OF LONGINT;
:ARRAY[1. .FRMAX,1..P]1 OF REAL;
:&RRAYIL. .FRMAX,1..P+11 OF REAL;
PLONGINT ;

:WORD;

: INTEGER ;
:ARRAYI0. . 204710F BYTE;
(ARRAYLO0..2001 OF INTEGER;
: INTEGER 3

1STRINGLL41;

:TEXT ;

:~INTEGER 3

ALONGINT ;

GRQPHDRIUER GRQPHHDDE ERRDRCDDE

PATS ,PATS, FRCNT ,FS,WIND ,PAR
FLTEST

NI

WIN

PREEMPH ,CHS ,CH1 ,CH2

SCR

DUMMY , TEMP , T 1M, DSC
PITCHS,PITL ,PITCHL

PS,PL ,PS1

DF ILEUAR

OF ILE,LPFILE,PIFILE,COORD
CH,CHH,C_H, CHHH , DDUMMY
D1,D2

D3 ,D4

:IMTEGEP,

tBYTE;

taRRAY[L1..220]1 OF WORD;
:ARRAY[1..2201 OF INTEGER;
(STRINGIS®] ;

:REAL ;

: INTEGER 3 .

:ARRAYI[1. .FRMAXIOF REAL;
:STRINGL40] ;

:FILE OF INTEGER;
(STRIMGELE] ;

:CHAR ;
rAaRRAaY LY.
tARRAYI[0..2001 OF INTEGER;

.2001 OF INTEGER;

{#* INTERRUPT PROCEDURE, PC RECEIVES PARAMETERS FROM
TMS-32010 ON AN INTERRUPT BASIS. **;

PROCEDURE ADCINT;
INTERRUPT ;
BEGIH
FLAG:=1;
IF FLAGZ=0 THEM
AalJ,11:=PORTI$3181
ELSE
CLI1:=PORTL$3181;
PORTL$201:=%67;
EMD ;

(%% DISPLAY PROCEDURE BEGINS #*#*}

PROCEDURE DISPLAY;

LABEL 50,70,80;

VAR
71,22 ,23,24,31,32 ,%%,YY1,XX1,
%2 SRR, %11 ,5FNO, ' EXCODE
vy, Y1l

: INTEGER ;

LONGINT ;

PRDCEDURE DRal_LINES(YST,YEND,xST ,COLOR: INTEGER?Y ;

BEGIN
SETCOLOR(COLORD ;
FOR J:=%3ST TO YEND DO
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END;
BEGIN
ENBIG:=ENI[11; §32
FOR I:=1 TO FRCNT DO
BEGIN
IF ENLII>ENBIG THEN EMBIG:=ENLI];
ARLI,P+11:=1;
FOR J:=0 TD P-1 DO
BEGIN
9R[I,P—J]:=(1+FK[I,P—J])/(l—FK[I,P—JIJ*HR[I,P-J+1];
END;
END ;
ASSIGNCINFILE, 'CODRD.PAS ') ;
RESETCINFILED ;
FOR J:=1 TO 12% DO
BEGIN
READLNC¢ INFILE,D10J1,D2031);
D1[J1:=150-D10J1;
END ;
FOR J:=126 TO 137 DO
BEGIN
REQDLN(INFILE,D}[J—lQS],D4EJ—125]);
D3[J-1251:=150-D3[0J-12%1;
END;
CLOSECINFILE) ;
CRAPHDRIVER:=DETECT ;
INITGRQPH(GRﬁPHDRIUER,GRﬁPHMUDE,‘C:\');
DIRECTWIDED: =FALSE ;
ERRORCODE : =GRAPHRESULT ;
IF ERRORCODE<>GROK THEN
BEGIN
WRITE('GRAPHICS ERROR: ')
NRITELN(GRQPHERRDRMSG(ERRDRCDDE));
WRITELNC 'PROGRAM ABORTED');
HALTC(L) ;
END;
SFNO:=1;DSC:=20;1:=1;
FOR J:=1 TD &4 DO
LINE(Q*Dl[J],DQ[J],Q*Dl[J+1],D?[J+11);
FOR J:=66 TO 76 DO
LINEtZ*Dl[J],DQ[J],2*D1[J+1],DQ[J+1]);
FOR J:=78 TO 10% DO
LINE(Q*Dl[J],D2[J],2*01[J+1],DE[J+1]);
FOR J:=107 TO 124 DO
LINE(Q*Dl[J]+2,DE[J],2*01[J+1]+2,02[J+1]);
LINE(450,11?,450,197);MUUETD(GBD,ll?);LINETD(GBD,l??J;

YY1:=117;XX1l := 583;
FOR J:=0 TO 4 DO
BEGIN

STR((400-J%100) ,CH1);
MDUETD(XX1+4,YY1—5);DUTTEXT(CHl);
YY1 = YYL1+20;

END;

Y¥Y1:=117;

FOR J:=0 TO 8 DO
BEGIN

PUTPIXEL(BBl,YY1+J*1D,MHITE);
PUTPIXEL(BBZ,YY1+J*ID,NHITE);
END 3
wyl:=117;3;XKX1:=450;
FOR J:=0 TO % DO
BEGIN
STRC(100-J%20),CH1);
MDUETD(XK1+S,YY1—5);DUTTENT(CHI);
YY1i=YY1l+16;
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YL e 112
FOR J:=0 TO 10 DO
BEGIN 8r3
PUTPIXEL(451,YY1+Jd%*3 ,WHITE) ; a
PUTPIXEL (452 ,¥YY1+J1%*8 ,WHITE) ;
END;
Zl:= ROUNDCCENLIII-ZENBIG)#100);22:=ROUND(PITCHSII]1);
STR(Z1,PS) ;MOVETO(368,160) ;
QUTTEXTC('E = '");0UTTEXT(PS) ;
STR(Z2 ,PS1);MOVETO(500,160) ;
OQUTTEXTC'FO = '");0UTTEXT(PS1);
SRR:=ROUND(4%Z21/%) ;
Z2:=197-ROUNDC(Z2-5) ;
DRAW_LINES(Z2,197,579,1) ;
21:=127-SRR;
DRAV_LINES(Z1,197,449 ,1) ;
MOVETO(400,25%) ;
LINETOC400+(P+1)%15 ,25);
MOVETODC(400,110) ;
LINETOC400+(P+1)%15,110);
XX:1=400;
FOR J:=1 TO 12 DO
BEGIN
YY1:=109; -
¥Y:=YY1-ROUND(DSC#*ARII ,P-3+11);
LINEC(XX,YY ,XK+15,YY) ;
IF J <> 12 THEN
BEGIN
YY11:i=YY1-ROUND(DSC*ARLI ,P-J1);
LINEC(XX+15,YY ,XX+15,YY11l);

END ;
ARi=XH+15;
END;
FOR J:=0 TO 7 DO
BEGIN
IF J=0 THEN
BEGIN
KX1l:=244;YY1:=105%;
END
ELSE
BEGIN
KXL:=2#%D3[J]1;¥Y1:=D4[J]1+ROUND(DSC*ARII ,J1-(2.0));
END ;
YY1l := D4lJ+11+ROUND(DSC#ARLI ,J+11-(2.01);
XX11 1= 2%D31J+11 ;

SETCOLOR(1) ;
LINECXXL, YY1, X%11,YY11);

END;
BEGIN
FOR J := 8 TO 11 DO
BEGIN
IF J=8 THEN
BEGIN
WKKX1:=2%D3[J1;YY1:=D4[J]+ROUND(DSC#ARIT,J1/(2.0));
END
ELSE ,
BEGIN
YY1l = D4LJ1;
XX1 = 2%D3[J1+2*ROUND(DSC*ARLI,J1/(2.0)3+10;
END;
YY1l := D4L[J+11;
KX11 := 2%D3[J+11+2%ROUND(DSC*ARLT,J+11/(2.0))+10;
LINE(XX1,YY1,%X%11,YY11);
SETCOLOR(1) ;
END;



80:

MOUETO(400,0) ;STRCI ,CH13 ; SETCOLORCL Y ;
OUTTEXTC( 'Frame: ') ;OUTTEXTC(CHL) ;
TIM:=I#10;STRC(TIM,CH1); 834
QUTTEXTC!', T: ') ;0UTTEXRT(CHL) ;OUTTEXTC! ms. 133J1:=0;
22:=724;Z211=2Z3;
HDUETD(4DD,8};SETEDLDR(I);DUTTENT('Exit(Y/N)?');
REPEAT
BEGIN
END;
UNTIL KEYPRESSED;
C_H:=READKEY ;
IF (C_H='Y') DR (C_H='y')THEN
BEGIN
EXCODE:=1;EXIT;
END ;
MDUETD(dDD,B);SETCDLDR(DJ;DUTTEXT('Exit(Y/NB?');
MDUETD(4DU,8);SETEDLDR(l);OUTTEKTE‘ReFresh:');
MDUETD(4UD,16);SETEDLDR(I);DUTTE%T('Ccmplete(ﬁ)');
OUTTEXT( '~ Segmentwise(S)');
REPEAT
BEGIN
END;
UNTIL KEYPRESSED;
C_H:=READKEY ;
MDUETU(éDD,B);SETCDLDR(D);DUTTEXT(‘ReFrash:’J;
MBUETD(4UU,16);BETEDLDR(D);DUTTEXT('Eomplete(t)');
OUTTEXT('~ Segmentwise(S)'1);
IF (C_H<>'C') AND (C_H<>'e!') AND (C_H<»'S') AND (C_H<>'s') THEM
BEGIM
GOTO 70;
END ;
MDUETD(&DD,B);SETEGLDR(l);DUTTEKT('Next(E,+,—,=)?');
OUTTEXTC(!' ——=>');0UTTEXTC'0L');
STREFRENT,CHl);DUTTEXT(’—’);DUTTEXT(CHlj;
REPEAT :
BEGIM
END
UNTIL KEYPRESSED;
CH:=READKEY ;
IF (CH='E') OR (CH<>'+') AND (CH<>'=') AND (CH<»'=') THEN
BEGIN
NDUETD(4DU,B);SETEDLDR(D)5DUTTEHT('Hext(E,+,-,=)?')5
OUTTEXT(! —=>"');0UTTEXTC'0L'); ,
BTR(FRCHT,CHl);DUTTEXT('—'?;DUTTEKT(CHl);
EO0TO 70;
END;
IF CH='+"' THEHN
BEGIN
Jl:=1+1;
DOUMMY :="'0";
END;
IF CH='-"' THEN
BEGIN
Jl:=1-1;
DDUMMY :="'0";
END;
IF (CH='+') 0OR (CH='-') THEN
BEGIN
IF (J1<SFND) OR (J1> (SFND+FRCNT-13) THEM
BEGIH
SOUND(B003;
DELAY (5003 ;
NOSOUND 3
IF CH='+' THEN J1:=J1-1;
IF CH='-' THEN J1l:=J1+1;
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h
END ;
END ;
IF CH='=" THEN é;S
BEGIN
WHILE NOT KEYPRESSED DO
BEGIN
END ;
CHH :=READKEY ;
UALCCHH ,J1,CODE) ;
WHILE NOT KEYPRESSED DO
BEGIN
END ;
CHHH :=READKEY ;
UALC(CHHH ,J11 ,CODED ;
Jl:=J1#10+J11;
IF (J1<SFNO) OR (J1> (SFND+FRCHNT-1)) THEN EXIT;
END ;
MOVETO(400,0) ;STR(I ,CHL1) ;SETCOLORCD) ;
OUTTEXT('Frame: ') ;0UTTEXT(CHL) ;
TIMi=I#%10;STR(TIM,CH1) ;
OUTTEXTC!, T:'3;0UTTEXT(CHL) ;OUTTEXTC(" ms. ');
MOVETO(400,0);STR(J1,CH1) ; SETCOLORC1) ;
OUTTEXTC 'Frame: ') ;0UTTEXT(CHL) ;
TIM:=J1#10;STRC(TIM,CH1);
OUTTEXTC', T: ") OUTTEXTC(CHL) ;0UTTERTC' ms. '33j
SETCOLORCO) ;
MOVETO(500,14600 ;O0UTTEXTC'FO = ') ;0UTTEXKT(PS1) ;
MOUVETO(368,160) ;0UTTEXT('E = ") ;0UTTEXT(PS) ;
Z4:=ROUNDCPITCHSIJ11);STR(Z4,P51);
MDUETD(BDU,léUJ;SETCDLDR(1);DUTTEKT('FU = '");OUTTEXT(PS1) ;
Z4:=197-ROUND(Z4-/5 7 ;
IF PITCHSLJL1l »= PITCHSII] THEN
BEGIN
DRAW_LINES(Z4,22 ,579,13;
END
ELSE
BEGIM
DRAW_LINES(Z2 ,24,57%,02;
END; s
Z3:=ROUNDC(ENIII1/ENBIGY#*100) ;STR(ZZ ,P3) ;
MOVETD(368,160) ;SETCOLORCL1) ;OUTTEXTI'E = 'IZOUTTEXTCPS)
SRR:=ROUND(4#%Z3,5);23:=127-5RR;
IF 23 < Z1 THEN
BEGIN
DRAW_LINES(Z3 ,21,44%,1);
END
ELSE
BEGIM
DRAW_LINES(Z1,23 ,449 ,0);
END ;
WHILE NOT KEYPRESSED DO
BEGIN
END ;
CHH: =READKEY ;
END ;
FOR Jd := 0 TO 7 DO
BEGIN
IF J=0 THEHN
BEGIN
KK1:=244;¥YY1:i=10%;
EMND
ELSE
BEGIN
XX1:=2%D3[J]1;¥YY1:=D4[J1+ROUNDCDSC#ARIT ,J1-/¢2.03);
END ; :
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XK1l = 2#%D3[J+11 ;
SETCOLORCO) ;

LINE(XX1,vYY1,xx11,YY11); 8(}
IF (C_H='S') OR (C_H='s') THEN
BEGIN
WHILE NOT KEYPRESSED DO
BEGIN
END ;
CH:=READKEY ;
END 3
IF J=0 THEM
BEGIM
KXli=244;YY1:=105;
END
ELSE
BEGIM
KXL:=2#D3[31;:YY1l:=D4[J)+ROUND(DSC*#ARLIL ,J1-(2.03);
END ;
YY1l = D4lJ+11+ROUND(DSC#ARIIL ,J+11-C2.003;

K11 = 2%03[0J+11 ;
SETCOLORCL) ;
LINECKKL,YYL , XX11,¥YY1ll);

IF (C_H='S"'") OR (C_H='s') THEN

BEGIN

WHILE NOT KEYPRESSED DO
BEGIN

END ;

CH:=READKEY ;

EMD ; .
END; |
FOrR J:=8 TO 11 DO
BEGIM .

IF J=8 THEN '

BEGIN l
KX1:=2%D31J1;:¥Y1:=D4[J]1+ROUNDCDSC#*#ARII ,J1-(2.0) ) ;

END I
ELSE |

BEGIM
¥yl 2 B
WK1l 1= 2%D3[J]1+2%ROUNDCDSC*#ARIT ,J1-(2.033+10;

EMD;

YH11 D4AlJ+11;

wX1ll 2¥D3[J+11+2%ROUNDCDSC*#ARIT ,J+11-02.023+10;

SETCOLORCO) ;

CLINECKKL, YY1 ,xx11,YY11);

IF (C_H='S"') OR (CH='s') THEN

BEGIN

WHILE NOT KEYPRESSED DO

BEGIN

END ;

CH: =READKEY ;

END ;
IF J=8 THEHN
BEGIN

K¥1:=2%D30J1;;¥Y1:=D4[J1+ROUNDCDSC*#ARIIL,J1-(2.033;

END
ELSE
BEGIN

L

HKl

END ;
YY1l D4lJ+11;

HH1l 2#D3[J+11+2%ROUND(DSC*ARIIL ,J+11-,(2.02)+10;
SETCOLORCL);

LINE{RXL, YY1, ®¥X11,¥YY1l1);

D4LJ1;
2#%D3[J]1+2%ROUND (DSC*ARIIL,J1/(2.033+10;

o
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BEGIN
WHILE NOT KEYPRESSED DO .
BEGIN 87
END
CH: =READKEY ;

END;
END ;
XX =4003;
FOR J:=1 TO 12 DO

BEGIN

YY1:=109;3Y¥Y11l:=0;YY:=0;

Yy =YY 1-ROUMD (DSC#ARLI ,P-J+11) ;

SETCOLDORCD) 3

LINE (XX, YY ,XX+15,YY) ;

IF J<>12 THEN

BEGIN
YY1l:=YY1-ROUNDC(DSC*ARIT ,P-J1);
SETCOLORCO) ;
LINE(XX+15 ,YY,XX+15,YY11);

END ;
IF (C_H='S') OR (C_H='s') THEN
BEGIN
WHILE NOT KEYPRESSED DO
BEGIN |
END ;
CH: =READKEY ;
END;

Y¥Yi=03¥Y11l:=0;
¥YY:=YY1-ROUND(DSC*ARIJIL ,P-d+111;
SETCOLORC1);
LINEC(KX,YY ,XX+15 ,YY) ;
IF J<»12 THEN
BEGIN
YY11l:=%¥Y1-ROUND(DSC*ARIJL ,P-313;
SETCOLORCL) ;
LINE(RX+15,%Y ,Xx+15 ,¥¥Y11);
END ;
IF (C_H='S') OR (C_H='s") THEWN
BEGIN
WHILE NOT KEYPRESSED DO
BEGIN
END ;
CH: =REARDKEY ;
ENDG ;
K r=KK+15 ;
END;
IF (C_H='S') OR (C_H='s'}) THEHN
BEGIN |
SOUNDCB00) ;
DELAY (500 ;
NOSOUMND 5
END;
1:=J1:
IF DDUMMY="0"' THEN
BEGIN
DDUMMY:="'2";
END ;
GOTO 803
END ;

{*%*%%% PROCEDURE DISPLAY ENDS ####sssss)
PROCEDURE MENU;

UaR
XML ,¥YM1 : INTEGER ;



WINDOW(1,1,80,127;

CLRSCR;

KMLi=13;YMLl:=1; 88
GOTOXRY (XML ,YM1) ;

WRITE('* SPEECH ANALYSIS & DISPLAY PROGRAM MENU *');

WRITELN;

GOTOXY (XM1,YM1+2) ;
WRITE(' 1) FRAME LENGTH
COTOXY (XML ,YML1+3) ;

JNINDY

WRITE(' 2) FRAME OUERLAP (%) i Uy ERIG
GOTOXY (XML ,YM1+4); A
WRITE(' 33 SAMPLING FREQUENCY YL RERIE

BOTOXY (XML ,YM1+53;
WRITEC(' 4) ADC OFFSET
GOTOXY (XML ,YM1+67 ;

JOFFSET) 3

WRITEC(' 53 SELECT WINDOW TYPE 'LWINDD &
GOTOXY (XML ,¥YML+7) ;5

WRITEC' &) QUIT MENU '3

%M1 = 403 ¥YMl:=1;

GOTOXY (XML ,¥YML+2) ;

WRITE¢' 73 WINDOW CDEFF. POINTER : 'LWPTRY

GOTOXY (¥ML ,YML1+3);
WRITE(' B) PRE-EMPHARSIS
GOTOXY (XML ,YML+4) ; .
WRITE(' 9) PRE-EMPHASIS COEFF. : ' LAPRY
GOTOXY (XML ,YM1+5); g
WRITEC'10) ENERGY THRESHODLD
COTOXY (XML ,¥YM1+6) ;
WRITEC'11) NO. OF FRAMES ACAQUIRED: VLPATEY
GOTOXRY (XML ,YML+73;
WRITEC'12) QUIT PROGRAM '3J;

EMD ;

JPREEMPH) 3

JEMTHD 3

(#%x%% MAIM PROGRAM STARTS HERE EAHHE

BEGIN
NINI:=N; OFFSET:=2020; EMTHL:=%$0;ENTHH:=0; WPTR:=1800;
FR:=%0; NMFR:=0; PATLl:=2400; CLOCK:=524; APR:=7;

PAT3:=10; PAT&:=10;PREEMPH := 'OFF ' ;FS := 10000;
WIND = 2;:ENTH = 0;

WINDOW(1,1,80,253;

CLRSCR;

GOTOXY(22,3);

WRITELN( '#% SPEECH ANALYSIS & DISPLAY PROGRAM *'J;
GOTOXY (22,47 ;

WRITELN('# FOR REAL-TIME SPEECH *');
GOTOXY(22,5);

WRITELKNC ‘*****-*-*'****#*#**##*#***#****#*#*********' b1 5
GOTOXY (1,250 ;

WRITE('# FOR MENU PRESS ANY KEY *');

CH: =READKEY ;

GOTOXY(1,25) ;

CLREOL ;

(#%% SELECTION OF PARAMETERS STARTS FH Ak

50: MENU;
WINDOW(1,13,80,25);
GOTOXY(1,12);
WRITE('SELECT THE PARAMETER YouU WANT TO ALTER @ 'J;
READLMNICHSY ;
VAL (CHS ,PAR,CODED ;
FOR I:= 1 TO 8 DO
BEGIN
GOTOXY (1,103
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END ;
GOTOXY (1,10 ;
89

CASE PRR OF

1 :BEGIN
WRITE('FRAME LENGTH IMN NO. OF SAMPLES ¢ ');
READLNC(CHS) 3
VAL CCHS ,NINI ,CODE) ;
WHILE (NINI<180) OR (WNIWNI>200) DO
BEGIN
GOTOXY (24,10 ;
CLREOL ;
WRITECHZI;WRITE (423 3
READLNC(CHS)
UAL (CHS ,MINI ,CODEDY ;
END ;
END ;

2 (BEGIN
WRITE( 'SUCCESSIVE FRAME OUERLAPCO% TO 0% '3 ;
READLN(CHS) ;
VAL (CHS ,FR,CODE Y ;
WHILE (FR<0D) OR (FR:>%D) DO
EEGIN
GOTOXY (28,11 ;
CLEEOL ;
WRITE(HZI;WRITE(HZ ) ;
READLNICHS ) 3
UQL(CHS,FR,CDDE);
END; ' 1
END; |

3 :BEGIN |
WRITE( 'SAMPLING FREQUENCY : ') ‘
READLN(CHS)

VAL (CHS,FS,CODE) ;
WHILE (FS<1000) OR (FS>10000) DO
BEGIN
GOTORY(22,1);
CLREOL
WRITE (47) ;WRITE (479 ;
READLMC(CHS) ;
UAL (CHS,FS,CODE)
END;
END;

4 :BEGIN
WRITE( 'ADC DATA DFFSET : ')
READLN(CHS) ;
VAL (CHS ,0FFSET ,CODE) ;
WHILE (OFFSET<2000) OR (OFFSET>2060) DO
BEGIN
GOTOXY(19,1);
CLREOL ;
WRITEC(H7 ) WRITECH? ) ;
READLM(CHS) ;
VAL (CHS ,0FFSET ,CODE |
END;
END 3

5 BEGIN
WRITELNC 'WINDOW TYPES ARE :');
WRITELM;
WRITELNC'1 : HAMMING A



g

g

WRITELMNI'S : §0Y 3
WRITELHNC'4 = YU ¥
WRITELRM: E)O
WRITE( 'SELECT WINDOW TYFE ¥ L]0
REAGDLMN(CHS Y ;
VAL (CHS , WIND , CODE ) ;
WHILE (WIND<1) OR (WIND>4) DO
EEGIN

GOTOXY (23,803

CLREDQL ;

WRITE (471 ;WRITECHD ;

READLN(CHS ) 3

VAL (CHS ,WIND ,CODE) ;

END :
END ;
tBEGIN
GOTOXY (1,120 ;
CLREOL ;
WRITE('1S PARAMETER SELECTION OUVER ?2(Y/N) & 'J;
CH:=READKEY ;
WRITE(CH? ;
IF (CH='Y') OR (CH='y') THEM GOTO 60;
END ;
tBEGIN

WRITELN( 'STARTING ADDRESS OF THE WINDOW ')
WRITE('COEFFICIENT TABLE IN TMS-32010 PROGRAM'?Y;
WRITEC' MEMORY : 'J3;
READLN(CHS) ;
UAL (CHS ,WPTR,CODE) ;
WHILE (WPTR<17%50) OR (WPTR>2000) DO
BEGIN
GEOTOXY (48,20
CLREOL ;
WRITE(HZ)sURITECHS D ;
READLNC(CHS) ;
VAL (CHS ,WPTR ,CODE ) ;
END ;
END ;

tBEGIN
WRITE('PRE-EMPHASIS (ONsOFF) 3 ')
READLNIPREEMPH) ;
WHILE (PREEMPH<>'ON') AND (PREEMPH<>'OFF') DD
BEGIN
BOTOXY (24,103
CLREOL ;
WRITECHZI ;WRITECHA ) ;
READLNC(PREEMPH) ;
END ;
EMD ;

:BEGIN
WRITE( 'PRE-EMPHASIS APPLIED IS : 'J;
WRITELMC'®IN] = SIN] - A * SIN-11"');
WRITELN('A = APR-8');
WRITELHN;
WRITEC('ENTER APR (0 TO 87 : tys
READLNC(CHS ) §
VAl (CHS ,APR ,CODED ;
WHILE (APR<0) DR (APR>»8) Do
BEGIMN
GOTOXY (26,43}
CLREOL ;




READLNC(CHS) 3
UQL(EHS,APR,CDDE);
END; 91
END ;

10 :BEGIN
WRITEC'IT IMDICATES THE LOWER LIMIT FOR THE');
WRITELMC(' SHORT TIME ENERGY IN THE FIRST FRAME"' 13
WRITELN;
WRITE('ENTER ENERGY THRESHOLD : 'J3;
REGDLMC(CHS} 5
VAL {CHS,ENTH ,CODE Y ;
WHILE (ENTH<O0) OR (ENTH>29%%%) DO
BEGIN
GOTOXY (24,3 ;
CLREOL ;
WRITEC(HZI;URITE(4S D ;
READLNC(CHS) ;
EMD 3
END;

11 :BEGIN
WRITE('ENTER TOTAL NO. OF FRAMES TO BE ACROUIRED = ');
READLMC(CHS Y ; .
UAL (CHS,PATZ ,CODED ;
WHILE (PAaT3<1) DR (PAT3:>20) DO
BEGIN
GOTOXY (43,1 ;
CLREOL ;
WRITECHZ I ;URITE (47 3
READLNC(CHS) §
VAL (CHS ,PAT3 ,CODE) ;
END ;
END 3

12 :BEGINM
BOTORY (1 ;1275
CLREOL ;
WRITE( 'ARE ¥OU SURE YOU WANT TO EXIT T
CH := READKEY;
IF (CH='%¥') OR (CH='y') THEN EXIT;
ERD;
ELSE

BEGIN
COTORY (1,12 ;
CLREOL ;
WRITE('IS PARAMETER SELECTIONM OVER ?');
CH := READKEY ;
IF (CH='%') OR (CH='y') THEN GOTO 60;
END ; ‘
END ;
GOTOXY (41,120 ;
CLREDQL ;
WRITEC(H#7);
GOTD 50;

(%% PARAMETER SELECTION DUER #*%5;
60: TEMPENT ENTH aND $0000FFFF;

[}

ENTHL = TEMPENT ;

TEMPENT := ENTH AND $FFFFD00D;

ENTHH = TEMPENT DIV 65536;

CLOCK = TRUNC(FS/5000000%64%564%64) ;

INIT61 := TRUNC(NINI#(100-FR)~100);
PATe t= TRUNCC(C(NINI#PAT3)-(NINI-INIL&1))/INIL&]1);

]




MMFR t= NINI-INIL6&1;
PAT1 = WPTR + 2*NINI;

92
IF WIND=1 THEM
BEGIN
FOR I:=1 TO NINI DO
BEGIN
SCR :1=4096#%(0.54-0.46%COS(2%PI#(I-1)/(NINI-132);
WINMII] := ROUNDC(SCR) ;
END ;
END
ELEE
BEGIN
FOR I:=1 TO NINI DO
WIMLI] 1= 40%6;
END ;

(%% WRITELNC'DOD YOU WANT TO CHOOSE HAMMING LWINDOW 7' ;

READLNCCH?Y ;

IF (CH='Y')OR(CH="y') THEN

BEGIM
WRITELNC('ENTER WINDOW FILE MNaAME')D;
READLNCWFILEDY ;
BSSIGHNIWFILVAR,,WFILED ;
RESET(WFILVARD ;
FOR I:=1 TO NIMI DO
BEGIN

READLMCWFILUAR ,WIMIT1Y ;

END;
CLOSECWFILUARD ;

END

ELSE

FOR I:=1 TO NIWNI DO

BEGIN
WINLI1:=4096;

END;

*HY
IF (PREEMPH='0OFF') THEN APR:=0;

IMILL11:=NINI; INI[21:=0FF3ET; IMIL31:=ENTHL; INI[4]1:=ENTHH;
INILS1:=WPTR; IMIL[61:=TRUNC(HNIMI#(100-FRI 1002 ;
INI[Z1:=NMFR; INI[Bl:=PAaTL;
FOR 1:=1 TO NINI DO
BEGIN '
INILI+81:=WINLIT;
END;
IMIL209]:=CLOCK;
INI[2101:=@AaPR; INI[211]1:=PAT3; INILZ212]1:=PATso;

CLRSCR
FOR I:=1 TO 9 DO WRITELNCINILI1D;
FOR 1[:=208 TO 212 DD WRITECIMNICII," "1);

(*E*¥4%% TRANSFER PARAMETERS TO TMS-32010 ##*kkkkkd®)

PORTI$3191:=INMI[1] AND $000000FF;
24 FLTEST:=PORTL$3201 AND ($2);
IF FLTEST=2 THEN
PORTI$3121:=HICINIL11D
ELSE
GOTO 23
FOR I1:=2 TO 20% DO
BEGIM
FLTEST:= PORTI$3201 AND ($2);

L




PORTI$3191:=LOCINILI1) ELSE GOTO 2;

&1 FLTEST:= PORTL$320]1 AND ($2); o3
IF FLTEST=2 THEN
PORTI$3121:=HICINILI]) ELSE GOTO 4;

END ;
FOR 1:=210 TO 212 DO
BEGIN
= FLTEST:= PORTL$3201 AND ($2);

IF FLTEST=2 THEMN
PORTI$3191:=INILI] ELSE GOTO &;
EMD ;

(kEF%KHREE TRANSFER OF PARAMETERS COMPLETE ####k%%sks)

FRCNT := PATS;
5 CLOSEGRAPH ;
INLINEC($FBY;FLAG :=0;;FLAGZ2:=0;
[:=1;d:=1;
AlLL1,11:=PORTL$3181;
SETINTUECC$F ,@ADCINT Y ;
PORTL$211:=PORTL$211 AND $7F;
PORTC%$201:=%47;
GOTOXY (1 ,1);
CLREOL ;
WRITELNC( 'PRESS aANY KEY TO START'Y;
WHILE HOT KEYPRESSED DD
BEGIN
END ;
CH: =READKEY ;
PORTL$31%91:=0;
WHILE FLAG<>1 DO
BEGIN
END ;
WRITELN( 'ACQUIRING LPC COEFF.FROM TM5-320");:
10: BEGIN
IF FLAG =1 THEN
BEGIHM
FLAG =03
Te=1+1;
IF 1:2%P1 THEN
BEGIM
Jdi=J=+13;
[i=1;
END ; )
IF J»FRCNT THEN GOTO 20;
PORTL$31%21:=0;
END ;
GOTD 10;
EMD
20: FLAGZ2:=1;
I:i=1;
PORTIL$3191:=0;
P IF FLAG = 1 THEHN
BEGIN
FLaG:=0;:
[1=1+1;
IF I:2%NINI THEW GOTO 30;
PORTL$31%91:=0;
EMND ;
GOTO 2%;
30: PORTI$211:=PORTIL[%$211 OR $80;
FOR J:=1 TO FRCHNT DO
BEGIN
ICPTR:=@A0d,11;
EN[J]:=ICPTR";
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BEGIN

IBPTR:=@AlJ ,2%1-11; ‘ 34
FKIJ,I-21:=IBPTR"/32768;
EMND ;

END ;

DISPLAY ; 5

SETCOLOR (BLACK Y ;

CLEARVIEWRPORT ;

CLOSEGRAPH ;

WRITELNC 'DO ¥DU WANT TO RESTART THE MAIN PROGRAM 2133
WHILE WNOT KEYPRESSED DO
BEGIN
END ;
CH :=READKEY ;
IF (CH='Y¥'J) OR (CH='y') THEN
BEGIN
PORTL$3192] = 1;
E0TO %35
END
ELSE
FPORTI$3191 := D0;
CLRSCR;
WRITELNC 'ENMTER MWAME OF THE LPC CODEFF.+ENERGY FILE TO BE CREATED: ');
READLNC(LFILED) ;
ASSIGNILUAR,LFILED ;
REWRITEC(LUVARY ;
WRITELMC(LUAR ,FRCNTJ ;
WRITELN(LUAR ,P) ;
FOR J:= 1 TO FRCHNT DO

BEGIN
FOR 1:=1 TO P DO
BEGIN
WRITELN(LUAR ,FKIJ,I110;
END;
END ;

WRITELN(LUAR ,ENBIG) ;
FOR I:=1 TO FRCNT DO
BEGIN .
WRITELNC(LUAR,ENLIT1 Y ;
END;
CLOSE(LUARY ;
WRITELM( 'ENTER NAME OF THE DATA FILE TO BE CREATED');
READLNC(DFILED ;
ASSIGN(DUAR ,DFILED ;
REWRITE(DUAR) ;
WRITELMCDUAR N ;
FOR J:=1 TO N DO
BEGIN
IBPTR:=@CI2%J-117;
DLJ1:=1IBPTR™;
WRITELN(DUAR,DLJI);
END 3 \
CLOSE(DUAR) ;
END.
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