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Preface

The purpose of this research was to develop a real-time,
continuous speech recognition system. Since many computer
algorithms existed in the AFIT Signal Processing Laboratory
to characterize various aspects of human speech, there was a
need to combine these programs into a viable system.

The system described in this ©paper provides an
interactive means of continuous speech recognition by
computer. The system is speaker~dependent and requires
training wish a 70-word vocabulary prior to word
recognition.

Completing this research would have been impossible
without the assistance of several people. I would like to
thank my thesis advisor, Dr. Matthew Kabrisky, Professor of
Electrical Engineering at the Air Force Institute of
Technology for motivating this research. Also, I would like
to thank MAJ Ken Castor for his encouragement and for
reviewing this document. In addition, a note of gratitude
to my many friends who have put up with me during the highs
and lows of this research. I would especially like to thank
my friend, CPT Michael Conrad (US Army) for his
encouragement and enthusiasm, and for his invaluable typing

assistance.
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A speech recognition system was designed and
implemented to recognize continuous speech in a real time
environment (after training). Several techniques were

incorporated to characterize phonemes as vectors in space.
Through the use of distance rules it was possible to
characterize words by a phoneme representation, which cguld
subsequently be used in word recognition. This approach to
speech recognition offers several possibilities for future
investigations such as varying the Minkowski distances

and applying clustering techniques. The algorithm developed

was modularized on a hierarchical basis and was nser
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IMPLEMENTATION OF A REAL-TIME, INTERACTIVE,

CONTINUOUS SPEECH RECOGNITION SYSTEM

I. Introduction

Speech recognition by computer has seen dramatic gains
in the past five years. Resulting primarily from increased
computer processing power, efficient recognition algorithms
.can perform near real time. However, recognition systems
using these algorithms are constrained to isolated word
recognition and have limited vocabularies of between twenty
and one hundred words. The major emphasis of present speech
research is the development of an algorithm capable of

recognizing natural, continuous speech (6:69).

The goal of speech research is to determine a decoding

scheme similar to that of the human brain. Many continuous
speech recognition algorithms exist, yet none has a
significant word recognition rate. There are three primary

reasons for this, all of which are a consequence of our lack ]

of understanding of how the human brain deals with « the

complex operation of speech recognition. First, the speech 7 :
signal is highly encoded in the brain, and one must acquire - ;ﬂ
.ot '4

an understanding of how such characteristics as intonation, R
» 4

articulation, semantics, and syntax are encoded before one

B
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SAMGEN Rev. 2. 10 7/29/82 at 10: 49 Filename: SAMCONFIG3. SR
., Answers you gave in the SAMGEN dialog are shown in comment lines.
.Your inputs are immediately preceded by a colon (:) and appear

,1n the same order as you gave them to SAMQEN.

; Target operating system type :MRD
i Number of DO/DAC 4300 chassis configured: O
; Fatal ervor handler name S }
; Fatal ervor handler mailbox: -1

DCB. X SAMCO 100 -1 -1

i Number of Analog Subsystem 1

; A/D Con. #1 Device Code :21 Made :AD Fortran ID = IDSQ1

External interrupt handler specified : <NONED>

Number of psges in Dats Channel ares : 16

Specifying & starting address for Data Chennel ares : Y
Data Channel starting address : IBUFF

DCB. M DBS21 D. IDF+D. INF+D. DCH 21
| DCB. 1 DTSQ1 SAINI 14. IBUFF
i DCB?C -1 - -t Dgsat

DCT.M DTS2E 000377 INTSA DSS21

DCB. N 821 D.FIF 21 00 AD
’ DCB. § DBS21 0 AD. I8 AD. IN SAIRT
i

DCB. A

E ;i D/Aa Con. ®#1 Device Code :23 Mode :BD Fortran ID = IDS23

External interrupt handler specitied : (NONED>

Number of pages in Data Channel area : | !
Specifying a starting sddress for Data Channel arvea VY

Data Channel starting address : IBUFO

1
DCB.M DBS23 D. IDF+D. INF+D. DCH 23 !
DCB. I DTS23 SAINI 1. IBUFO

DCB?C ~1 -1 DSS23

DCT.M DTE23 000377 INTSA DSS23 !

DCB. N 823 D.FIF 23 00 8D
DCB. S DBS23 o BD. IS BD. IN SAIRT
DCB. A

i DCB. €

.End of SAMGEN configuration file.

i

Figunre 3. SAM Configuration File
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IDATA2 = (

where sample length is

input. Variable,
conversion values

integer array placed in

sample

the duration in

IDATAY,

are placed.

a labeled

length)*800, (2)

seconds of each audio

specifies the locations where

In FORTRAN, IDATADY is an

common block. The block

label is the same as that given in the SAMGEN <configuration
files.
Octal Value Function
N0N00NOK pulse clock
2000OK DCH ¢clock
40000K internal clock
6D0N000OK external clock
N-1700K start channel 0-15
0~-17K final channel 0-15
Table 3. Octal Values for Bit Setting of IDATAl (1:69)
Configuration files, produced by an interactive dialog

w1 th the program SAMGEN,

and operation nodes.

f1le shown in

For

define operating system hardware

example, SAMCONFIG3 has the source

Figure 3.
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12
The twelve bits in the machine word produce 2 R or +(196
different conversion values. Over a range of 10 volts, this
means that each value increment represents L0245 volts.

Using a one-to-one correspondence between sampled values .and
integer values, the real value for voltage can be determined

by the equation

Real Value = Float(Integer Value)/32768.%*5. (1)

Variables (IDATAx words) are passed to the software
routines to represent channel use numbers, conversion count,
cloak source and storage locations for conversion values.

IDATAL, occupying one machine word, represents clock source

and channel use numbers. There are four clock sources
available to the device: pulse, DCH, internal and external.
Though all four can be used for A/D conversion, only the
external clock is acressed. Channel numbers are given as
starting and ending channels. If both are the same only one
channel is specified. The bit values of TDATA]l can be set
using the the octal values in Table 3. Since an external
~lork and all sixteen channels are wsed, ITDATAI equals
61700K.

IDATAZ, also occupying one machine word, specifies the
total conversion count or the numbexr of data samples. Thus,

using an 800 Hz external <lock, IDATA2 1s computed by




A/D  conversion is performed by making use of the model
+331 Eclipse analog device and independent software
intLerfaces. Though both A/D and ND/A capabilities are
present, only the former is addressed.

The Eclipse A/D conversion device operates using device
op-codes and conversion data buffers. Organized around a
single 12-bit converter and two multiplexers, the device can
accept up to 16 different input signals with voltage levels
in a + 5V range. The conversion values are stored as a

machine word with the bit assignments shown in Table 2.

Bit Assigned Value
a sign
1-11 storage values
12-15 zero
Table 2, Bit Assignment for Control Words

,




f (Hz) Bandwidth(Hz) Approximate Band Coverage
n
- f f
1 h

260D 130 203 3133
390 130 320 460
520 130 459 589
650 130 588 718
780 130 718 848

910 140 843 983 |

{

1N60 160 983 1133 E

1220 180 1133 1313 |
1400 200 1303 1503
1600 220 1494 1713
1820 250 1699 1949
2070 300 1925 2225
2370 340 2206 2546
3035 in3n 2563 3593
4272 1445 3610 5055
35997 2005 5077 70813

A 1
4

DR
> B

S e e Lt e
“ v L et e . P
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Table 1. ASA-16 Analysis Bands (3:12)

11

- . - " e - e » - - -
. P e > L tet et A, -
D A P -,-’-&'- D A e S
SR S AP PP Y, P P Y, Uiy B Yy G P

e 34

.

-~ T
4 - = e . °. . RO LIRS Ltoe . o
-, At e e T Tt e, P SR O] . . .
I PRI TN A PRI . e T e gte e Lt
et ey - . N NI @t e te e o
Py A P BTN GG T G P G UiV S B P .)




Constant voltage level inputs Lo the ASA-16 chip are
maintained by the automatic gain control circuit. Designed
to accept 20 mV to 20 V over a 60 dB dynamic range, the AGC
outputs voltages of 1 V to 4V, peak to peak.

To define band energies, the ASA-16 chip uses sixteen
channels, each composed of a second~order bandpass filter,
half-wave rectifier and a low-~pass filter. Each channel is
sequentially accessed using a sampled-and-held multiplexer.
Table 1 shows the center frequencies and bands associated
with each filter. A TTL crystal controlled 1 MHz clock 1is
used for timing. Since the processor is built on a single

board, both the chip and the board are powered by a common

I+

10 V power supply.

Buffers are used between the chip outputs and the 4331
Eclipse a/D converter inputs, to correct bDC offset and
satisfy the 200kohm termination resistance that each

bandpass filter requires (5:8-41).

10
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The word recognition algorithm developed in this thesis
is based on the output of the acoustic processor designed by
Ajmal Hussain (5). Built on a single board, the processor
conditions the analog speech prior to analog/digital
conversion. This chapter discusses the transformation of
speech trom an analog signal to a set of feature vectors

used in pattern recognition.

Processor

Prior to A/D conversion, the audio signal is precondi-
tioned to preserve frequency components and limit signal
voltage levels, The primary component of this conditioning
process is the ASA-16 spectrum analyzer chip. Figure 2
illustrates what happens to the speech after entering the
system via a dynamic microphone and preamplification.

A preemphasis filter and an active low-pass filter band
limit the audio signal from 200 Hz to 7000 Hz, as required
by the ASA-16 chip. The preemphasis filter, with 6
dB/o:tave gain above 300 Hi, preserves the signal's high
frequency + components. The active low-pass filter then
defines the signal's upper frequency at 7ND00HZ (cutoff

frequency). A 17 dB passband gain provides proper voltage

levels for the automatic gain control ¢ircult which follows.

LIS
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two components of the machine: first, the acoustic
processor (developed by Hussain) which provides a vector
representation of the speech signal, and the recognition

algorithm for determining a phoneme representation for each

speaker, establishing templates for each word in the
vocabulary (Appendix A), and finding words in a continuous
speech phrase. More detailed outlines of these components

are described in subsequent chapters.

The following materials and equipment will be used:

1. Data General Eclipse S/250 Computer,

2, Filter Bank - Acoustic Processor.

Sequence of Presentation

The information contained in this report is presented
in the following manner. Chapter 2 provides an explaination
of speech processing both the digitization and frequency
sampling of the speech signal. Chapter 3 describes the
specifics of word recognition. Next, Chapter &4 is a
synopsis of algorithm design. Finally, recognition results

and appropriate conclusions and recommendations are

presented in chapters 3 and 6, respectively.




® front ends have been developed using fast Fourier transforms
and filter banks. Spectrograms of speech waveforms have

also provided information as to the possible waveform

® characterization using energy components. From these ~.~.
investigations, Seelandt (10) developed a universal feature o _‘
set representing phonemes found in digitized speech. Then, 1

® Seelandt, Montgomery (7), and Hussain (5), suceeded in —. - 4
designing algorithms to recognize both isolated and . {
connected speech by wuse of distance rules and template ;

'Y matching. .. 4

The purpose of this thesis is to combine several

techniques developed at the AFIT Signal Processing

® Laboratory with additional modifications to produce a viable
speech recognition system. A complete system, one in which
analog speech is input and the recognized words are output ,

L) did not previously exist.
Two primary considerations in the design of this system
were modularization and  user friendliness. Modularity
’ provides easy modification to system components, and user
friendliness provides an operational machine which can be

demonstrated by someone who may not be a computer expert.

¢
General Approach
The speech recognition system developed from this
¢ research 1is described in Figure 1. Basically, there are




[r“-q.-ﬂ('v_—\.\"'v‘-v-‘ﬁ'vu--n v R T A T S A e S S S 1 ~ —
i B e - L T g 7 A P —— T ——— Lol con e e o

. b

This means that phonemes at word boundaries are transitional

and do not reveal much word information.

——————— —_——e— e - e ———————

Research reports show extengsive studies in the area of
continuous speech recognition (4). Two methods currently

being used for continuous speech recognition are

segmentation and whole~word template matching. Segmentation
is a means by which the acoustic signal is divided into
unique sound units. After the word has been segmented, an
attempt is made to match the sequence of units to a i{hf

particular vocabulary word. The problem, though, is that

some phonemes are lost in the process of chopping the signal

into time slices. The other method, whole~word template

matching, is means of matching whole word phoneme il_f

representations to the strings of phonemes produced by an

acoustic processor. Problems inherent in this technique due

to the variability of the word's duration when spoken. In
the effort to find a solution some success has been achieved -

through the characterization of a word by phonemes from the R

body of the word. Thus, eliminating transition problems
(4:574).

The development of a speech recognition machine has

been an important area of research at the Air Force

Institute of Technology for several years. Several acoustic
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S

features such as formant frequencies, correlation
coefficients, or linear predictive coefficients for pattern
matching. Once the acoust ~ signal is encoded, templates
are constructed for each word. These templates are
subsequently matched to encoded speech for word hypothesis.
Although proven effective for isolated speech, this method
is difficult to apply to continuous speech recognition which
has wundefined word boundaries and variable word durations.
To remedy this situation, algorithms incorporate partial
template matching techniques. Thus, the object of this
research was the development of a continuous speech
recognition system relying on a universal feature set and

partial template matching.

Scope

The computer algorithm developed in this thesis was
designed to recognize speaker dependent, continuous speech.
Some considerations for acoustic processor error are made by
calculating error statistics and incorporating them into the

word determination phase of the algorithm.

This research was based on two assumptions. First, the
output of the acoustic processor is reliable such that
phoneme choices are consistent best guesses. Second, words

can be defined by an incomplete phoneme representation.

A’ o= o’

@®r .




can hope to perform artificial decoding Second, speech is a
variable signal. Each time a speaker says a particular
word, the phoneme representation of the word differs
slightly. To the human ear, the variation is almost
indistinguishable, but a machine must rely upon
mathematical exactitudes. Therefore, any discrepancies are
magnified in mecanical speech processing. Finally, although
the brain somehow can distinguish the separations between
words, these word boundaries are difficult for machines to
find because the acoustic signal has no apparent pauses
(4:570).

Fast, reliable man-machine communication is becoming a
necessity as computers become integrated into today's
society. Speech, the most natural form of human
communication, seems appropriate in this application (6:64).
Already, current testing onboard :the Air Force's AFTI F-16,
has proven that speech recognition is a definite aid to a

pilot taxed to his physical limits by mechanical tasks.

The major problem in speech recognition lies not in

the characterization of the acoustic signal, but in the
determination of a decision scheme which uses these
characteristics for word recognition. Several decision

schemes have been developed which wuse acoustic signal

Ty T e
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In the figure items worthy of partjnﬁl;lar attention are
the device code number for A/D (IDS21), the number of pages
in the data channel (16 blocks X 1024 words/block = 16384
words) and the data channel starting address IBUFF (area in
common memory) (1:60-70).

To perform A/D conversion, the sequence of software

commands is

EXTERNAL IDS21

EXTERNAL IDS23
COMMON/IBUFF/IDATA3(16384)
COMMON/IBUFO/IDATAO
DIMENSION IORBA(16)

CALL DSTRT(IER).

CALL DOIT[/W)(IORBA,device-id,8,IDATAl,IDATA2,IDATA3,
IER).

By way of explaination, the first few lines declare both the
device identification numbers and the common areas, After

that, DSTRT performs initialization, and DOIT requests the

conversion operation. Errors are reported by TER values as
shown in Table 4. Any additional error is reported by
IORBA(14). If TORBA(14) does not equal 40000K after
conversion, an external clock interrupt ar a clock

overrun/nnderrun has occurred (1:78-85). A complete listing

of this procedure can be found in the ATOD.FR source code in

Appendix C.
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Value Meaning Value Meaning
2179 | No- LNK routine 1n DCB. invalid DCB. Often 12192 | llcgat conversion coumt -~ more than 255 or less
results from an invahd device-id. 50 check the than | - fur an A/D copvener mode in A2; :
device-ids. The first two characters are 1D, 1he DG/DAC only.
third either S. A. or O. and the last iwo are T [ ]
numben (e.g.. IDS21). 2193 | Asscmbly language only. Attempt (0 move data
chunncl mup while IORB is locked. A task
2180 | No DCB denufier in IORB. invalid DCB. tried 10 change the map while'a request was
Sume caua as 2179, using the window,
2181 Not uscd. This ¢rror should nof accur. 2194 | Aticmpt 1o move data channel map 10 an
2184 | No imtiahzing rovtine for a device thal needs addrexs outside the wh )
iniiahzanon. Same cause as 2179, 2195 | lllcgal conversion count: less than 1 or more >
2185 | Output requesicd 10 3 channcl foe an iilegal than the device allows. o
device (¢.g.. output 10 an A/D coavener). .
2 3 222 wi
2186 | Auempt iosct up a hched IORB array. This 19 :“l:';:;'pz,:;::'d from without 2 strobe T
can happen if 3 sccond DSAN/DSOR call uses : -
the same JORB array argument before the 2197 | Assembi
> - 2 y language only. Atiempe 10 use dawa .
onginal DSAN/DSOR compietes. Ny 1 map while it is being initalized o )
2187 | Unable to find (rcc IORB black in IORB . el
array. Cun kappen if the TORB array was 2198 | Asembly ianguage only. Daca chanael not ®
DIMENSIONed 00 small. A initsalized: use an RMAP call before i .
fuple-operation cail needs § elements + § y ore wsuing ES
mu this mode A2 request. N
elements per operation. .
- 2199 | SAM panic code. SAM couid not transmit
2188 § Mo DCB exists with specificd device-d. Same CIXMT) 10 the calling 1ask on IORB array
cause as 2179, compietion. SAM aborts the program unless
you set up a faial error handling RECeive 1ask
2189 | Atlemm 10 use unsupporied feature (¢.§.. and gave 1 name 10 SAMGEN, as described .
mapped call in unmapped syitem). in Chapter 5, “imual Dualog™. ". :
2190 | Atiempt 10 return bud buffer. Wiil never accur. $2200 1 Eaternal - 1errupt occurred on a stund-alone B
analog converter, aburung the request. This
2191 | An IDATAx argumeni gave an liegai clock error retuens from ISA calls oaly, not from
setung for an A/D or D/ A coavener. DSAN/DSOR culls. .
o
Table 4. SAM Errors (1:82-84) ®
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Vectors are sequentially

TDATA3. Each vector represents a time slice

ordered

sixteen filters have been sampled. The

vector is 25 Hz, or once every

18

40 msec.

in the data

sampling
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rate

array,
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As described in the introduction, word recognition in
continuous speech consists of making a phoneme template,
constructing word templates from the phoneme template, and
matching the word templates to an input phoneme string.

This chapter discusses the process in more detail.

Since as early as 1947, phonemes have been used in word
recognition. Potter, Kopp, and Green (8) found that sounds
had unique spectrograms, and that people wvho they had

trained to visually read these spectrograms could identify

sounds in a word spectrogram. In other words, distinct
phoneme patterns were discernable in word spectrograms. In
1981, Seelandt (1n) investigated digitized speech

spectrograms and the concept of phoneme patterns emerged.
By combining several time slices or vectors of digitized
speech, he produced a set of seventy phonemes. The concept
was carried a step further by Hussain (3) who produced
single-vector sixteen-dimensional phonemes. The method for

phoneme generation developed for this system compares and

w
D
[ad

averages these sixteen-dimensional vectors to produce a
of less than seventy phonemes. The comparison and averaging
continue until a phoneme set is defined. This technique 1is

explained more clearly later in this chapter.

19
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Since they are suited to defining the spatial
orientation of n-dimensional vectors, distance rules are key
to vector metrics. An understanding of vector relationships
allows one to reduce large vector sets and approximate
vector strings by known vectors.

Many pattern recognition algorithms incorporate metrics
based upon Minkowski distances. Table 5 presents some of
these different calculations.

The Minkowski distance between two vectors is computed

’ by the following procedure. The absolute difference between
corresponding vector elements is calculated and then raised
to the Minkowski power. Next, these values ‘are summed and
the resulting sum raised to (l1/Minkowski power). The final
value is the vector score, or the numerical relationship

between the two vectors. This algorithm uses Minkowski -

which empahasizes the effect of any large discrepancies

between compared vectors (3).
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Minkowski 1 D = E 1oX - X : °
1 i,m i,n
i=1
M
z 2%
Minkowski 2 D2 = ( (¢ X, - X, Yy
i,m i1,n
i=1
M
N
Minkowski N D = ( E ( X - X ) )l/,N)
N i,m i,n
i=1]
where N = Minkowski distance m = vector m
M = Vector length n = vector n
i1 = vector element
Table °. Minkowski Distances
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Rabiner, et al. (9) showed that speech vectors in space
terd to <cluster. Using this concept, his research group
tried clustering analysis on phonemes, words, and speakers.
The experiments were successful for isolated word
recognition, but clustering became a computational nightmare
in continuous speech recognition. As a result clustering was
not emphasized in this research. However, some spatial

comparisons are performed.

By visualizing the speech vectors as residing in n-
dimensional space, one can imagine that some vectors lie
closer together than others. Therefore, close vectors can
be used to define'regions of space, or clusters. As
previously mentioned this algorithm redefines nearest
vectors by averaging and weighting. Each vector has an
initial weight of one, and those vectors which are closest

to one another by Minkwoski distance are averaged together

by the equation

(X * weight(m)) + ( X * weight(n))

weight(m) + weight(n)

The highest-numbered vector is deleted and a new weight 1s

assigned to the new vector by

welight(m) = weight(m) + weight(n). (a)
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The resulting

sounds .

Phoneme

phoneme

Template

set of

vectors represents clusters of similar

incorporating the

template is made

above mentioned concepts, a

for each speaker. This template, a

set of energy normalized vectors, represents the most unique

sounds produced by that

(8]

&

Vectlor normal

energy normalization.

all environments

from the audio signal allows

the signal. The

Vector

Vector

Vector

Vector

ization

speaker. The process 1is:

normalization

deletion

comparison

averaging.

consists of noise removal and

Since background noise is present in

first

considered to represcent

Therefor

e, by subtracting

remaining vectors,

except an anechoic chamber, its removal

for better characterization of

vector in each speech file is
the average background noise.
this vector from each of the

the noise is removed. To 1nsure voltage

consistency, a4 noise threshold voltage of 3N.5 millivolts

(corresponding
is set.

voltages

Each ~lement in

above the

noise

to the average laboratory background noise)
a vector 1is checked to insurc
threshold. Tf the value of the
23




element voltage falls below this threshold, the elements
voltage is redefined as zero. Additionally, the vectors are
energy normalized, by dividing each vector component by the

vector's energy, calculated by

These energy normalized v ctors are now considered phonemes.

On the basis of energy thresholding, some vectors are
omitted from the speech file. The energy threshold 1is
determined by finding the average energy per vector over the

test utterance. The equation 1is

500
E = ( E E )/(number of vectors). (6)
AVG m
m=]
Once normalization and deletion have been performed,
the phonemes are compared to one another by Minkowski 9
distanve Lo determine each vectors nearest neighbor. Then,
if the total number of vectors is greater than sixty-nine,
the two nearest neighbors are averaged together using the »
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averaging routine described earlier (sec Clustering, p-29), _-_~}
- 3
and replaced by a single vector which is then energy. o )
normalized. After all nearest neighbor averaging have been _*\ﬁﬁ

completed, a check is made to see if the number of remaining
vectors is less than seventy (the maximum number of phonemes
that the system can handle). If the number of phonemes is
greater than that, the entire comparison/averaging process
is repeated.

The final outcome of this procedure is a set of
vectors, each of which represents a particular phoneme.
This vector set is referred to hearafter as the phoneme
template. Each phoneme is then assigned a number from one

to at most sixXxty-nine.

After the phoneme set is established, it is used to
develop a codebook of phoneme representations for each word
in the given vocabulary (Appendix A). The process

components are:

1. Normalization

2. Phoneme extraction -

. -9

. e )

3. Wword representation by phonemes )

<. Vocabulary creation. '

As is the case in the creation of phoneme templates, the

25
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vectors in the digitized speech of e#ach word are normalized.

At this point phoneme extraction takes place, Each
vertor in the phoneme template is compared to each vector in
the vector string of the input speech. By calculating the
Minkowski «+ distance between a template vector and a string
vector, the «closest (minimum distance) template vector 1is
determined. Then the phoneme number associated with the
template vector is placed in an array, and the process 1s
repeated until all string vectors are represented by phoneme
numbers.

Following the process of string renresentation, the
array of phonemes is compressed to at most ten phonemes 1n
the following manner. First, identical adjacent phonemes
are represented as one phoneme. Then, the distances between
adjacent phonemes are obtained from a distance matrix.
Adjacent phonemes with distances between them of less than
11.0n (distance measures are normalized to 100) are
compressed by deleting the highest numbered phonemes.

The final outcome of this process is a string of
phonemes representative of a vocabulary word. Collectively,
these strings represent the entire vocabulary. Table 6

shows the phoneme represenatations of several words.
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Vocabulary Word Phoneme Represenation
ADVISE 23 34 66 38 52 61 25 37 14 0
BRAVO an 9 10 32 41 36 0 31 0 0
CANCEL 17 16 27 0 29 0o 37 0 0 0
ECHO 13 28 G 45 44 45 31 0 13 0
FIVE 13 0 61 62 26 25 27 36 n 0
FOUR 59 36 58 31 60 31 n o 0 0
WEAPON 7 8 66 40 0 45 0 0 0 n
WEST 40 8 65 66 64 20 20 29 14 0
ZERO 20 1 24 6 5 6 40 31 o 0
Table 6. Word Phoneme Representations

Word Spotting
Word spotting 1s the technique of identifyving words in

continuous speech. ising the phoneme template and word

[2)

templates, speech recognition is accomplished by the

following procedure:

27
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1. Normalization 3
2. Phoneme extraction [ ]
3. Compression
-. Comparison.
[ ]
The procedure for normalization, extraction, and
compression of input speech is identical to that whi1och N
followed in the creation of word templates. Once the 1npat ®
speoch 1 s represented as a string of template phonemes
recognition is attempted.
The recognition scheme, based on the scheme described »
by Hussain (35, is as follows. After having undergone
phoneme representation, the input string of phonemes is
seavrched for two or more ad jacent zZeros. Since zevro 5'
phonemes represent low energy noise phonemes, adjacent zero g
phonemes are considered word boundaries., When two word ;;
boundaries are found, the next step is to establish the .
number of phonemes between the boundaries. lLess than three
phonemes are considered noise, more than eipght phonemes
means that two words have been spoken. ’ .1
One word identification is performed by finding the
distance (Minkowski ) between the the first word template :\ifd
]
phoneme ind the first string phoneme. Subseqnent word i
phonemes are then compared to the string phonemes unt i} a
match (best fit) has been found for each of the word . _‘
)
phonemnaa, The distances are variations betwean word
28 N
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phonemes and string phonemes, and ave considered errovs., r
*
The errors are then summed to obtain the total error by
° 71
M T
®
Zv 4 -y 1
E = ¢ D ) (75
TOTAL m,n ]
i=1
[ ]
where D is Minkowski a, m 1s the string phoneme number, n
-
1S the template phoneme number, and M is the number of
string phonemes. Error calculations are repeated twice by ®
shifting the word phoneme set one phoneme to the right, and
then one phoneme to the left of the original value. Then E
the Lhree resulting error values are averaged. After all of .
the vocabulary words have been matched to the input string,
the word with the smallest average ervor is considered to be
the corrently reacognized word. ". .
For continuous recognition, in which two words exist
side by side, a slightly different error calculation is
nerformed. Phonemes are added to a buffer one at a time. °
. -4
Then, 1fter ten additions to the buffer, errovy statistics B
A K
are caleulated. The algorithm decides at which point the .4
- .4
hest word mateh occurs and chooses this word to be the first ® J
word. A similar calaunlation is performed for the second 1
LY
word, however, in this case the last phoneme of the tirst ]
word 1t nsed a4s the firrst phoneme of the second. Tenlated )
-
29
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Distance Matrix Creation

Seelandt

look up distances between phonemes than

(1N) showed that it is more time efficient

to

to recalculate them.

Therefore, a lower triangular matrix is formed by
calculating the distances between the phonemes in the arravy
PHON. These distance values are stored in the array DTS.
The number of phonemes in the matrix is stored in position
2432, The code for this subroutine was modified from
Hussain's code so that the distance between phonemes are
raised to the power 0.25 and then multiplied by 100, The
resulting matrix is shown in Figurse 6a and 6b. As is the
ase during phoneme template creation, these values are

written to a file called DIST.

both writing to, and reading from, this

file.

DRI IR A CURS
LSO S N A S A

Program TRAIN is capable of
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T TS S .T-r‘f'j—.vﬁj

14337 18648 -1208 643 -3533 -214-14342 13974 -397 -339 -390 -~797 -i1311 -2041 ~232%: -104)
18304 18436 1849 -1164 =709 -400-14080 13900 -406 614 -7IV -1496 -1786 -1490 ~126e -7I7
14328 10600 ~3J78 -1430 -991 -413-14340 13334 -3I76 -63T -¢70 -1068 -1120 -10Q8 -7I¢ -~413
14444 10392 -3970 ~1773 -1092 743143790 13291 -¢01 -792 ~1311 -1789 -1448 -N9
14390 18999 -3042 ~1647 ~1296 -€71-14347 (35408 -1327 ~1P21 ~Q31 -1779 989 -1022
14421 10647 ~2294 -1960 -1447 -1010-14377 134324 -2072 -1000 ~1370 ~1031 -994 -7TH]
14398 10443 -39 ~3221 -1636 -1164-14209 13341 -2TI® -2120 ~16%92 <14 -746 -3
14291 18364 -3004 -3130 -2634 -1347-14193 13403 -2190 -~IWIJ ~1344 ~1484 -930 -1033
14372 16370 ~2477 -330Q -3J19 -1761-14128 13301 -1917 -2129 ~1197 9% -g20 -0
14399 10478 -2140 -3439 -3437 -2483-1299% 13373 -1893 -1968 ~1041 8146 -¢33 -032
14333 (8490 -1042 -319% -2I94 -J132-14131 13397 -1048 -14623 %24 —69% -2V @76
14482 10993 -1769 2994 ~2619 -1491-14011 1380% -1147 644 -301 -427 —452 443
14624 18860 -7 1?7 -o8 ~&=14809 136%) -34 =302 e -99 -137 -243
14309 18498 -2%0 -133 -149 ~G7-14347 19973 -241 -410 ~373 -300 <14 -1539
14316 (0480 -302 -0 487 -110-14330 13484 -~414 -426 =343 -7184 -€10 -2977
14454 10486 ~996 -1174 -1401 -711-14094 19993 -498 -844 933 -1092 -1439 -1377
14490 184406 ~¢91 -1032 931 -497-14398 13613 43D <371 792 ~1243 -2129 -1926
14414 10808 ~792 -104% ~733 <-277-14424 13432 ~368 =371 -431 -Gb4 -1348 -1493

14410 18988 -3I99 -392 -39 -134~14306 13440 -361 -491 =494 -7 -390 -1414 2041 4TI

14314 (8743 -1937 ~-1762 1092 -493-14400 13094 -~GB6 <816 -477 483 -416 -3517 433 -394
144432 18626 ~2990 ~2047 -1907 -1197-14319 13036 ~1190 1036 —4W —$19 -840 660 -734 -418
14323 10479 -2336 ~2066 ~1912 -934-148141 13047 -1019 ~161J -2411 -2073 ~1904 ~-32040 ~-1008 -~1048
14329 (18329 -291F ~2347 ~1P8 -042-14129 13343 ~770 -1343 -2176 ~3038 -314% -2512 -2140 =133
14344 18361 -3900 -AP19 ~1341 -743~14143 13333 -607 -1019 ~1430 -2320 -2098 -1067 ~1699 -1213
14393 18728 -1223 ~2129 -1302 -11960~14431 195929 -64) <633 -306 -J04 ~343 433 <440 -403
14944 18741 =800 <747 =371 -PE~14300 13496 -J13 -349 -4e? -346 401 -410 -8 -327
14314 (8904 -2042 -3134 1831 -1066~143233 19390 -920 -1667 1631 ~1179 ~719 -1447 -1102 -792
14379 18300 -1942 -2999 -3304 ~1631~14230 19427 <1907 1349 -GP1 408 647 -1207 =904 -474
14320 18671 <2066 -2044 ~160% -964~14319 133323 -1227 -051 <37 -494 499 -700 -3%08 -497
14334 18309 -1431 -229% -3087 -243-14290 13790 ~1980 ~1082 -~737 -600 ~349 -718 -~442 -619
14211 16390 -1976 -293] -449% -2197~14089 15379 -24%6 -1469 -1106 ~12I9 -902 -909 -1004 -713
14306 18313 -1943 -2432 <3477 -1914~143210 19347 -1789 -2009 -13231 ~1421 903 -912 -1037 -3%32
14403 10646 -21832 -1078 ~16X) -791-14400 13443 ~109% -1732 ~1140 =773 ~4460 -639 =491 -303
14496 10724 1487 -1236 707 -473-14433 15607 -404 -732 -1094 ~1192 -840 -947 -€X0 -533
14479 10836 -1379 1033 -394 -J40~14346 13480 -J12 -elé -430 -724 -63%3 -1067 -800 -390
14441 18642 -2491 -1779 -9¥7 -333~14339 13449 460 499 234 ~1bb4) ~17]3 -1348 1135 -77®
16999 18627 -3130 -1717 -934 -413~14148 153407 -49% -972 -1334 19643 -1532 -617 -732 -~309

14138 182% -T779 -3I%4 -3077 -33I1-14039 15130 -1444 -1087 -€34 -6I9% -8 -1067 -1076 -481
14121 18100 1993 -2780 -5313 -3360-13%1 13140 -I730 -2007 -1334 -T61 -78Q -i174 =767 -949
13980 10001 -1732 -3628 -9310 ~2J18~13947 (3071 ~4549 2478 -1431 991 749 -100% -~920 -4dd
14382 10440 -~1410 -2134 -IV0D -080-14J72 15394 -1167 ~1678 ~1430 -473 =374 =793 -5338 -3

14318 1079 -930 440 -248 -230-14426 19543 =173 =530 -306 -1002 -1849 -1242 -901 -390
14416 (18721 =737 -390 -387 -~322-14438 (3642 -212 431 -426 -44I -1336 -1308 -62% -30s

14317 (8618 -2T98 -1644 ~212T ~1967-14360 13697 -342 -~331 -497 <~358 -349 =333 -340 -3A¢

14316 18502 -113] 14610 ~2300 -I7TI0=14100 195307 -2908 -1378 -903 -009 <68 -11392 -1774 -914
14410 18993 ~93% -1223 ~171] -3405~14290 13481 2439 -1410 -926 -773 ~763 -1339 -13386 -774
14441 107863 911 ~1123 309 ~368~14434 13049 -203 -~948 -17I4 -Tb4 -334 ~1086 -1344 ~744
14343 18606 -23230 -2294 ~1616 ~909-14428 13377 -844 ~1120 -1490 -1460 -1074 -1431 -1899 -10%2
143219 18420 ~1827 -2373 ~3100 -1336-143%6 15320 ~1081 -1710 -2473 ~1610 -1227 -14%1 -2277 -1343
14244 18439 -1002 -2906 ~I719 -2144-14126 15320 ~11329 -1771 =272 -1431 -~1160 -I3I7 -1142 -734

] o o [} ] [} [} Q ] o ] ] (] ] ] ]
] Q o (-] Q9 ] -] Q Q 9 9 ] ] (-] ] -]
] Q 4] ] o -] o -] o ] -] 4] ] ] -] 9
0 o o o 0 0 0 ° o 0 o 0 ° ° 0 o
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Figure 5. Phoneme Template Voctor Flements
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vectors could have the same nearest neighbor, it is

necessary to find pairs of vectors which are each other's

nearest neighbors. This requires a considerable amount of
time, but it is important for accurate analysis of vector
metrics. After a nearest neighbor pair is found, the vactor
2lements of the lowest-numbered vector are recalculated

using Equation 3 and energy normalized. The weight of =ach
vector is recalculated by Equation 4, and the weight of the
highest-numbered vector is set to zero. The process is
repeated until all nearest neighbor pairs have been found.
These vectors are then compressed by the subroutine CMPRS1,
and the number of remaining vectors is examined. If this
number is greater than sixty-nine, new nearest neighbors are
determined and the averaging process is repeated. This
entire operation process can take anywhere from five to ten
minutes.

After the correct number of vectors has been obtained,
the voltage values are stored in the array PHON and passed
to TRAIN, which has options for writing them to a file
(PHONE) and reading them from a file (PHONE). (Figure 5
depicts the voltage elements for each vector in the phoneme
template file. The vectors are horizontally arranged such
that phoneme 1 is positioned (1,1), 1,2y,

(1,3),0...,(1,16)).
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1 C1er 1 7197 1733 1 7324 1. 7294 L7327 1 1. 7220 1. 72643 1. 7293
] 1 723t 1. 7303 (7273 i 71@3 1. 7283 17312 ¢ 7233 1. 7233 1. 7269
§ L 7238 1 7262 1 7303 1 7282 1 7169 17225 1.7238 1. 7284 1. 7281 1. 7267
) 1 TI% L. 7270 1 7238 1. 7272 1. 7248 1. 7280 1. 72% 1. 7278 1. 7809 17921
| L 7481 L 7427 1. 7948 1. 7939 1. 7496 1. 7491 1. 7499 1. 7424 1. 7904 1. 7677
1 7689 t 7628 1. 7660 1 7698 1. 7643 1. 7636 1. 7608 1. 7483 1. 7181 1.7303
t ~33e 1. 7188 1 7202 1. 7319 1.72%8 1. 7243 1. 7209 1. 72 L. 7199 1. 7278
L 7388 1. 7203 1. 7231 1. 7290 1. 7249 1. 7329 1. 7363 1. 7227 1. 7340 1. 78327
L 7378 1 7268 1. 7279 1. 7282 1. 7318 1. 7429 1. 73% 1. 7326 t. 7397 1. 7360
L 7298 t 7183 1. 7294 1. 7330 17399 1. 7334 1. 7T7Y 1. 7238 L. 7308 1. 7228
. 7332 1. 7388 1. 7318 1. 7307 1. r307 1. 7299 1. 7218 1. 7a8e 1. 7209 1. 7300
I -1 1. 7244 17322 L. 7N 1. 7378 1. 7249 1. 7252 .1, 7338 1. 7203
1 T2 1 7248 1. 7268 1. 7284 L. 7263 1. 7348 1. 717 1. 7219 1. 7336 1. 7917
s TE] 1. 7234 1. 7274 1. 7240 1. 7297 1. rary 1 73M 1. 7602 1. 77 1. 7408
L 7376 1 7338 17297 t. 7220 1. 7294 1. 72% 1738 1. 7410 1. 7569 1. 73%0
t 7930 1. 7974 1. 7993 1 7472 1. 7342 17376 1. 7261 1. 7409 1. 738® 1. 7480 |
L Teg7 1 7831 1. 7349 L 7368 1. 7423 1. 7392 1. 7382 1. 7453 1. 7366 1. 7323 1
1 7223 1. 7201 1. 7283 1. 7274 L7 1. 7301 1. 7282 1. 7202 1. 7273 t. 7320 H
L 7193 1 7209 1. 7320 1. 7301 1. 7260 1. 7262 1. 7310 1. 7278 172 1. 7284
1 TTe7 17192 1. 7280 1. 7298 5. 7247 1. 7232 1.7273 i, 7229 1. 7237 1. 7263
L 7264 17201 17313 1. 7630 1. 7682 1. 7643 1. 7396 1. 7210 -1 1.72%
1 73%0 L 7288 1. 7229 1. 7307 1. 7360 1. 7304 1. 7348 1. 7387 1.73%3 1. 7aa2
1 r2ge 1 7302 1. 7301 1.7194 1. 7239 1. 7320 1. 7339 1. 7987 1. 7387 1. 769"
1 7969 1 7361 1. 7493 1. 7303 1. 71% 1. 7217 1. 7382 1. 714 1. 73R 1. 7206
e ] 1 7283 1. 7299 1. 7288 (729 1. 73% 1. 7431 1. 7933 1. 7824 1. 7973
L 7989 t 7607 1. 7473 1. 7200 1. 7281 1. 7271 1. 7234 1. 7274 1.7333 1. 7309
t 2230 1 7208 1.7322 10 TR 1. 7286 1. 7425 1. 7297 1. 7204 1. 730 1. 7872
! ] 1 Tev2 1.77% 1. 7710 1. 7673 1. 7693 1. 7548 i 7374 1.733% 1. 7323
o 1 7997 L. 787 1. 7308 1. 7293 1. 7402 1. 7339 1. 7258 1. 7210 1. 7273
1 249 L 72% 1 7308 1. 7381 1. 72% 1. 79%0 1. 7460 1. 7300 1. 7387 1. 7429
-573 L 7709 1. 7328 17927 1.792% 1. 7261 1. 7279 1. 7434 1.7333 .77
1 283 1 72% 1. 7283 1. 7283 1. 7335 1. 7344 1. 7920 t. 7427 1. 7449 1. 7430
Ta32 L 7413 1. 7309 1. 7308 1. 73%a 1. 7209 1. 7208 1. 7299 1. 7172 1. 7282
. "zee t 7190 1. 7208 1. 7168 1. 7318 1. 7262 1. 7273 1. 72% 1. 72% 1. 7246
7344 L 719 17283 17193 1. 72% 1. 7229 1.7272 1. 740 1 1. 7201
1 rai18 1 7308 t 7230 1. 7278 1. 7249 1. 277 1. 7218 1. 7200 17113 1. 7481
L) t 7893 1. 7993 1. 807% 1. 7811 1. 7944 t. 7320 1. 7276 1.7223 1. 7381
L Tse L 727 1 7219 1. 7303 1. 7248 1. 7279 17393 1. 7438 1. 7202 1. 7269
P TP 1 7339 1 7394 L 73e8 1 TI% L r3a7 (. 7383 1. 7400 1. 7281 t. 7301
1 7286 1 7206 17277 1722 1.7294 1. vz 1. 7200 1. 7214 1. 7289 1. 7201
R od L 7239 1. 7298 t. 7338 1. 712 1. 737 1. 7299 1. 7387 1. 7391 1.7333
t TI97 17329 1. 7303 1 7ary 1 72% 1. 7274 1. 7398 1. 7270 1. 7219 1. 7270
1 TN 1 7338 1. 7348 1. 7400 1. 7477 1. 7434 1. 7400 1. 7602 1. 7309 1. 7429
t 7324 L. 7399 1 729 1 7286 1. 7278 1. 7362 1. 7263 1. 7230 1. 7292 1. 7262
1 7284 1 7479 17982 1. 7982 1. 79%3 1. 7487 1. 7468 1. 7648 1. 7327 1. 7292
1 7284 1. 7374 1.7313 1. 7270 1. 7are 1. 729 1. 7264 L. 7311 1. 7289 1. 7342
1 7389 1. 7310 1 7329 17N 1. 7334 1. 7243 1. 7308 1. 7333 1. 7347 1. 7421 1
1 7308 . 7309 1 7299 1. 7200 1. 7293 1 vam 1. 0278 1. 718 1 7293 1. 7988
1 7423 1 7481 L 73%0 1IN 1. 7301 1. 732 t. 7 1.7370 1.7432 1. 7998
1 1 766t 1. 7991 1. 7388 1. 7299 1. 7243 1. 72%0 L 7266 1. 7291 1. 7221
ENERGY THRE
1 7339
Figure 4. Energy in Data Vectors
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into the array. Then the average energy of all tLhe vectors
500 vectors = 1N seconds of speech) is calculated for
future use as a threshold. Several alternative energy

thresholds were considered before the average energy was
considered an optimum threshold.
After energy normalizing each vector (by dividing each

's enevrgy), those

vector element by the entire vector
vectors with energy below the threshold energy are deleted.
This is accomplished in the subroutine LOWENERGY which also
assigns a weight of one to each vector prior to deletion.
Deleted vectors are then weighted zero. (This weighting
sy;tem .dramatically reduces the number of calculations
previously used by Hussain to delete vectors). Vectors
with weights of zero are bubble sorted to the end of the
data array and the number of sixteen-dimensional veactors
left is calculated and stored in position IDATA(IDATA2+1)
(See CMPRSI1.FR, Appendix C). If this number is less than
seventy the program returns to TRAIN. Tf not it calls the

subroutine COMPARE, which is a comparison and averaging

routine.

18
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program can digitize. This is especially important to the
various phases of the speech recognition system. A SWAP
calls each program for digitizing ten seconds of speech for
phoneme template creation (ATOD!0), two seconds of speech

for word phoneme represenations (ATOD2), and five seconds of

speech for speech recognition (ATODS). Each program creates
a file (OoUT2,0LUTS5,0UT1O, respectively) in which data
conversion values or integer voltages are stored. The data
are stored sequentially, such that every set of sixteen

integer values represents a vector of speech.
An important requirement for the correct processing of
speech is that the input speech be between +5 and -5 volts.

This level should be checked on the oscilloscope.

A prompt from TRAIN requires the user to input ten
seconds of speech, from which the set of phonemes will be
derived. When the user says a predetermined phrase into a
microphone, ATODI1D produces the file OUTIO containing 500
sixteen dimensional vectors. A call is then made to the
subroutine TEMPLATE, which directs the creation of the
phoneme template. OUTIN is opened and read into a common
buffer in which the sampled data points are stored in the
array IDATA. Then the energy in earh vector is calculated
and stored in the array TENERGY. (Figure 4 is a printout of

this array) Fach vector's energy is entered sequnentially




for use in the system described  herein required a

considerable amount of modifications. Many of Hussain's
individual programs appear as subroutines 1in the current
program, making it necessary to provide strict continuity
among them, and to develop interface routines so they can
become efficient contributors to a unified whole.
Furthermore, Hussain's programs require extensive

interaction between the user and the machine, often with the

human performing tasks which could be better handled
automatically (e.g. the creation of phoneme templates which
involves manually removing undesirable phonemes). Hussain's

results could not be reproduced by other experimenters
because his choice of values for some cvonstants used in the
algorithms was often completely arbitrary (at least the
method for determining them was not revealed). In the
interest of a more scientific approach, an attempt has been
made in this thesis to derive values for these constants
(energy threshold, distance threshold, error constants) from

a more logical basis.

After the analog speech has gone through the
preprocessor, 1t is converted to a digital signal by one of
three programs: ATOD2, ATODS , and ATODI1O. The numbers 1n

the program titles indicate how many seconds of speech each

16
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V. RESIULTS

From the very start, this research effort was hampered
by time constraints. The thesis report which scrved as a
starting point for this particular investigation was
incomplete and contained vague documentation making it
necessary to do some preliminary analysis in order to define
what had already been accomplished. This coupled with the
sheer magnitude ot the task of developing a complete,
operational speech recognition system where none had existed
previously, resulted in the expiration of available time
before a thorough quantitative evaluation o>f the system's
performance could be made. Such an evaluation would require
the «compilation of large amounts of data and systematic
tuning of parameters in search of the optimal setting for
the control dials. The fine tuning, although important, is
not really essential to the validation of this system as
"operational®”, and so the discussion in this chapter wil)
focus on the performance of the different components and the
way they are integrated intLo the system.

The programs developed by Ajmal Hussain (5) provided
the foundation for most of this research effort. (The major
thrust of the present treatment is to take the vdrious

individual parts of the puzzle provided by Hussain(53) and

others (1n) (7) and combine them into a complete speech
recognition system.) However the adaptation of his programs
35
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closeness, value until there are at most ten phonemes left
in the string. [An aside: Low energy vectors are considered
noise and are represented as zero. Two adjacent zeroes are
compressed to one zevro, and one zero by itself 1is ignored,
as are all zeroes appearing at the begining of the string
(5).]) Tine array SOUND, containing these phonemes, is then

entered into the appropriate location in the matrix VOCAB.

®
After all of the vocabulary words have been processcd,
PRINTREP prints the words along with their phoneme
< representations.
Recognition
@ After completing the training phase, TRAIN enters the
recognition mode. It asks the user to input five seconds of
speech through the dynamic microphone. Then the program
® swaps to ATODS for A/D conversion and creation of file OUTS.

Next, TRAIN passes the phoneme template (PHON), the distance
matrix (DIS), the vocabulary words (WORD), and the phoneme

word representations (VOCAB) to subroutine SPEFCH. The

conversion values are read into a buffer, where the vectors
are normalized (NORMALIZE) and the phonemes are extracvted
y (EXTRACT) . The CMPRS . subroutine compresses adjacent
phonemes , and RECOG calls Hussain's speech recopgnition

algorithm. The recognized word strings which result are

printed on both the screen and the line printer.




equation

location = m(m - 1)/2 + n. (8)

A call to PRINTDIS provides a printout of the distances
between phonemes, normalized to 100.

After these two steps are completed, TRAIN determines
phoneme representations for the words in the vocabulary.
Vocabulary words are flashed onto the video screen, one at a
time. A swap to ATOD2 enables the A/D conversion of two
seconds of speech. Conversion values are subsequently stored
in the file, 0OUT2.

Next, REP is called to read the eight blocks (2048
conversion values) into a buffer. As in TEMP, every 16
values represents a vector .of sampled speech. After
normalization (NORMALIZE), phonemes are extracted (EXTRACT)
from the speech file. This means that the speech file is
represented as a string of 250 phonemes. CMPRS goes through

the phoneme string comparing each pair of adjacent phonemes.

’
If the two are identical, they are compressed into one, if
they are dissimilar the distance between them is examined,

. and in the case of a distance within the threshold, the
phoneme having the higher number is deleted from the string.
Tf the distance lies outside the threshold, no 4ction is

' taken and the next pair of phonemes is examined. CMPRS
continues reducing the phoneme string by increasing the

33
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calculation.

Creating a phoneme template requires digit:i:zed speech
input and numerous calculations and comparisons. TRAIN
requests that the user provide 10 seconds of input speech. A
swap with TRAIN calls ATODI1O, which performs the A/D
conversion and stores the data conversion values into a file
named OUTIO. Then TEMPLATE reads 16 blocks (8192 conversion
values) from the file into a buffer. Every sixteen
conversion values represents a sixteen-dimensional vector of
speech. The vectors are no malized (NORMALIZE), checked for
low energy (LOW ENERGY), and compressed (CMPRS1) by removing
the low energy vectors. A comparison and averaging routine
called COMPARE finis each vector's nearest neighbor vector.
Subsequently, the two nearest neighbors are averaged and,
following compression (CMPRS1), a new set of vectors is
defined. This process repeats until a maximum of sixty-nine
vectors is left. (Seelandt (10) showed 70 phonemes was a
viable number for characterizing sounds in speech). These
remaining vectors are stored in the array PHON for future
se. The value PHON(1121) is the total number of vector
phonemes.

Next, TRAIN calls DISTANCE, which creates a lower
triangular matrix of the distances between phonemes. The
matrix is stored in array DTS, in which the location between

two phonemes m and n (where m>n) an be found by the

W T
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V. Softwars Design
b
b
! The computer algorithms designed for use in this thesis
3 were designed modularly on a hierarchical basis. The
L motivation for this was the requirement for ecase in system
>
s
: modification. The various components can be changed to
1 accommodate various methods of phoneme template vreation,
) word representation, and continuous speech recognition.
E Therefore, this thesis provides a valuable tool for future
research in this area.

Having two phases (training and recognition),

components.

Appendix C.]

The primary driving program of the system

together. This chapter provides a discussion

Training is accomplished through subroutine

PR IR AL SR Y
Bedion B B b B

is TRAIN.

it ties all

of the components of a speaker-dependent recognition system

of these

[NOTE : In addition to the main speech recognition
algorithms, several support algorithms were written for a/D
conversion, file manipulation, and creation of a vocabulary

of words. The source codes for these algorithms arve in

calls from

and a word

separate

4
- the program TRAIN. In other words, TRAIN has a training mode
’..
L in which a phoneme template, a distance matrix,
- phoneme template are made . Each mode is
. 11
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word recognition is then performed as described above.
L Finally, error statistics are calculated for the entivre
string. For continuous recognition the entire process is
repeated by choosing the second best guess for the first
k word, then the third best guess and so on. Folowing the
final iteration, the string having the least total error is
accepted as the correctly recognized sequence of words. The

entire process repeats for the next phrase indicated by a

set of adjacent zeroes.

@
Time Alignment
Because phonemes are compared on a one-to-one basis
after compression, word duration is ignored and time

alignment is unnecessary.
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Distance Matrix (continued)
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Word Phoneme Representation
P Once the phoneme template and the distance matrix are “'
formed, the system can start making word phoneme i
representations. TRAIN reads from a file the list of -'
H. vocabulary words and stores them as Hollerith strings in the -i
array named (appropriately) "JORDS. The vocabulary used in
this thesis is that shown in Appendix A. TRAIN's next step
is to loop through the vocabulary words to find the phoneme e
representation of each.
The user is prompted to enter two seconds of speech by
...

saying the word which appears on the computer video screen
during the allotted time window. A swap to ATOD2 produces

the file OUT2 containing the 125 digitized speech vectors.

TRAIN then calls the subroutine REP, which controls the
procedure -« for finding that word's phoneme representation.

As was the case in the creation of phoneme templates, the

data vectors are normalized and the low energy vectors are
deleted wusing the previously determined threshold. Each

data vector is then compared to the complete set of phoneme

®
vectors by calculating the distance between the data vector
and each of the phoneme vectors. After this the phoneme l}ﬂ
vecbLor whose distance calenlation produced the smallest -
L
value is used to represent the string vector. This is
repeated for the entire string of speech vectors, forming an ”b
array of numbers representing the closest phoneme vectors., -
®
This string is then compresesed (CMPRS) by replacing :
43 T
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° identical phonemes with a single phoneme and deleting the L
: ®
highest-numbered adjacent phonemes whose distances are below s
the threshold distance, which is 10, A check is made to see DRSO
P if the resulting string has a maximum of ten phonemes. If T
®
not, the distance threshold is increased by 0.5 and the
strin is compressed again. (Note: the choice of 10 as a
8 g
® distance threshold is arbitrary as is the <choice of a -
)
maximum of ten phonemes for word representation. A
maximizing routine could probably be incorporated here to
e more accurately determine the values for these limits). .
]
Figure 7 shows the string of numbers representing the input '
speech vectors, before and after compression. .
o S
®
PS o i
— 0o 0 o
0 000 0 0O0ODOOOGOOQO®OOOOO0 00
gggonmu““uoooooooos:s:szuuuex L
26362626262929272931370000002020201‘0008
000000000000000000000000 -
OOOOOOOOQ___OOOOOOOOOOOO0000 R
¢ 74 663832612937 14 0 0 0O 0 0 0 0 0 0 0 0 0 0 0 0 O
BB e 0000 00000000000000CGOO" ®
0000000000000000000000000
0000000000000000000000000
0 00 00COOO OO OOOOO0OOO0O0OO0OO0O OO0 9 00
0000000000000000000000000
¢
]
Figure 7. Phoneme String Before and After Compression :,t
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After the phoneme representations for alil the f}

vocabulary words have been found, they are placed in the L -

array VOCAB. TRAIN then writes them to the file VOCABUL,

| and reads them from the same., TRAIN also prints the .‘ﬂqj
a SR
vocabulary words, along with their phoneme representations ® S

4

on the line printer. Figure 8 shows an example of this :

]

printout. 4
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from TRATN

48

N T —— e o —
) NP ————— - —y
1
i
.
. 4
B
ADVISE 23 3446 38 %2 61 2% 37 14 O T ———— 07
AFFIRMATIVE %8 & 8 52 43 28 21 0 O O )
AFT 16 45 25 45 25 0 O O O © - -
AIR-TO-AIR 2 39 33 22 14 16 47 22 43 0O e
AIR-TO-SURFACE 23 33 3 14 22 14 O O O O ' -
ALPHA I7 62 41 41 %4 12 3 0 3 O S
ARM 43 41 &1 62 43 2% 7 O 13 0O DR
BACKBPACE 11 &1 16 WV 37 14 29 14 13 O -
BEARING 47 34 7 & W 16 0 O O O - 7
BRAVO 40 9 10 32 41 3% O 31 0 O - -]
CANCEL 17 16 27 0 W 0 I7 0 O O : R
CHAFF 13 14 19 A7 33 &% 2% 27 13 O -
CHANGE 14 159 14 43 47 34 16 14 13 O ®
CHANNEL 14 13 0 16 22 16 22 0 O O
CHARLIE 135 87 7 W 7 43 A4 46 43 O |
CLEAR 4 64 43 47 48 35 43 0 O O :
CONFIRM 21 7 & 44 37 0 O O O O
DEOREES 37 21 22 2 % %7 W O0 0 ©
DELTA 30 38 43 39 12 % 36 63 W O
EAST 13 0 37 0 20 9 O 13 O ©
ECHO 16 28 O 43 44 45 31 O 13 ©
EIOMT 1 17 46 0 O O© O O O ©
ENTER 97 17 16 0 230 43 0 0O O O
FAULT 12 41 34 39 12 0 37 0 O O
FIVE 13 0 61 62 26 2% 27 3 O O
FLARES 44 38 48 3 23 43 13 14 15 O
FORWARD 39 12 40 37 0 37 O 13 0 O
FOUR 39 36 %8 31 & 31 O 0 O O
FOXTROT 41 26 62 27 29 14 %7 13 O O
FREQUENCY 2 48 2 17 37 0 0 O©0 O O
FUEL 1 23 95 46 31 &0 31 13 0 O
UM 28 44 25 43 29 27 O O O O
HEADINGS 27 o4 34 38 20 16 47 2 20 O
HUNDRED 2% 28 0 30 0 O O O O O
KNOTS 27 54 92 26 61 O 20 29 20 O
LOCK-ON 39 42 93 41 12 44 27 29 27 O
MAP O 0 0 @ 0 o 0 o0 o0 ©
MARK 12 42 33 42 2 &6 36 21 13 O
MILES 29 66 12 20 29 20 13 O O O
MINUS 62 43 26 6% 16 43 20 13 O O
MISSEL 43 22 49 46 63 20 29 31 I1 O
NEOATIVE 22 34 35 47 0 0 O O O 0
NINE 27 46 43 26 239 2@ 16 % O O
NORTH 31 36 12 39 12 &4 31 0 13 O
NOSE 28 38 7 ©8 32 37 14 29 20 O
ONE 31 50 12 42 39 2% 27 36 0 0O
POINT 13 36 12 11 12 2% 27 20 0 o
PROFILE 44 8 10 40 31 12 41 2 37 0O
RADAR 21 22 234 3% 34 17 28 12 36 O
RANGE 21 33 34 17 18 24 0 14 i3 O
REPORY 59 36 40 32 31 21 O© O O o
RHAW 391 12 34 41 23 W O O O O
SEARCH 20 0 46 484 & 30 0 14 13 O
SELECT 20 0 31 o0 31 23 7 O O O
SEVEN 20 20 O 43 64 25 28 O O O
81X 20 63 22 33 34 47 20 29 20 ©
ane 27 31 37 20 29 20 1 20 37 O
SOUTH 13 0 37 0 28 25 2 O 13 O
STATION 37 20 %7 2 14 1% &3 13 0 O
STRAFE 20 29 0 21 22 33 34 47 2 O
TAIL . .. 439 39 44 A7 2 19 28 3 O O
TARCET 36 12 43 34 43 7 & 0 2 o0
THOUSAND 29 34 26 42 61 41 12 31 20 O
THREAT U 22 33 46 49 64 28 O 13 O
THREE A!W & S 33 4 2 0 37 O 0
TWO 13 0 29 14 0 1 2 4 0 O
WAYPOINT 31 38 234 35 34 17 36 14 13 O
WEAPON 7 B 6 40 0 435 0 O O O
WEST 40 B 43 66 b4 20 20 29 14 O
ZERO 1V 1 24 & 3 & 40 3N 0 o0
Figure 8, Word Phoneme Representations
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TRAIN enters the recoginition mode after the training » 4
session is completed, and prompts the user for a five second
input of speech. Once again a SWAP call is used for A/D

conversion and a file (OUTS) is written to contain sampled

data points. The governing subroutine SPEECH then calls the R

necessary routines to read the data into the common buffer, J

normalize the data vectors, extract and compress the phoneme
number string, and finally, perform speech recognition. All
the steps prior to recognition are the same as those in word
phoneme representation, with the exception of compression.
Here, compression occurs only once, as there is no minimum
number of phonemes required. The system is now ready to
enter the recognition mode.

The method for recognition has alredy been discussed
(see Word Recognition). Figure 9 shows a string of

phoneme numbers representing five seconds of input speech.

The second string represents the same speech vectors after

compression has been performed. The zeroes represent points

’
of low energy. If a zero appears alone, it is ignored in the h
RS
recognition phase. If two are side-by-side, the recognition -
routine recognizes it as a word boundary, and stavts
counting the number of subsequent phonemes. If less than
two phonemes are counted, the rountine decides that it has -~
made a mistake and starts counting again at the next o
LI
boundary. If it counts more than nine at!jacent phonemes, it
+9 *
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Assumes that more than one word is present, so it goes into

U Y ST TS U

the continuous recognition mode.
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Figure 9. Phoneme String of Five Seconds of Speech,
Before and After Compression

To perform word recognition, phonemes are compared to
string numbers and the best fitting vocabulary words
determined, based on the distances between phonemes. The

algorithm's best guesses are printed on the video screen and

line printer attached to the Eclipse.

identify ambient noise as "EIGHT".

Figure 10 shows a sample phoneme string before and
. i [ ]
after compression, along with the algorithm's best guess. o]
- =
In this example, the word spoken was "ONE" and was spoken by Tl
N
the system's trainer (a female). The computer recognized '_.{i
" " ’ N .
the word correctly as ONE™ | but then apparently went on to oo 1
R
L
" 4
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Figure 11 shows a similar event; however, in this case
the word was "AIR-TO-AIR," spoken by a male speaker. The
minor inaccuracy of the machine's recognition ("CLEAR
CLEAR") in this case can be attributed to the fact that the
system had not been retrained to the male speaker's voice.

Another male speaker trained the system and entered the
word "AIR-TO-AIR". Both his phoneme string before and after
compression are shown in Figure 12, along with the computer
algorithm's best guess.

Similar tests were performed for continuous speech
recognition. The female speaker who originally trained the
system spoke the phrase, "ONE TWO THREE." Then, using her
training templates, the computer algorithm recognized "AFT
AFT ONE AFT FUEL AFT THREAT AFT AFT". Analyzing this string
of words, one could expect the word "AFT" to represent
ambient noise. The confusability of "FUEL" for "TWO" and
"THREAT" for "THREE" means that not all the sounds present
in each word are identified or matched. Those sounds with
higher energy are detected, while softer sounds or lower
energy phonemes may be deleted as a result of the energy

threshold.
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In summary, several trials were made using the system
trained by both a male and a female speaker. The machine
obviously has problems dealing with ambient noise, and
nsually associates its best guess phoneme string with "AFT"

or "EIGHT". Also stops and pauses between syllables such as
in "WAYPOINT" appear as zeroes. If the pause duration was
too long the system determined that two words were spoken
instead of one, and an attempt at best fit was made for two
words. The other trend of confusing similar sounding words
reveals that vowels are easily spotted, however, low energy
fricatives are difficult to detect. This could possibly be
remedied by experimenting with voltage thresholding, or the
system might be made to be self adjusting. The limitation
of phoneme representations to 10 phonemes may be too
restrictive, and so can be introducing an excessive number
of errors by taxing the systems's inability to properly
detect words which are not well suited for such a

compression.
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VI. Conclusions

Although ths system has not been thoroughly tested,

several conclusions can still be drawn from the data already

Accumulated concerning this speech recognition system,. In
addition, some specific recommendations can be given for
system improvement. This chapter summarizes these two
areas.

The speech recognition system which was designed and

implemented was speaker dependent and operated near real

time (after training). Several techniques were incorpovated
Lo characterize phonemes as vectors in space. Through the
use of distance rules it was possible to characterize words
by a phoneme representation, which could subsequently be
used in word recognition. This approach to speech
recognition offers several possibilities for future
investigat _on such as varying the Minkowski distances, and
- 1
the application of clustering techniques. j}f‘j
T
The system which was designed was user friendly, ‘j;. {
*
providing a system of recognition which needed little user
interaction. The instructions were kept to 4 minimum and
made rasy to understand, thereby taking a lot of the pguess
work out of trying to nnderstand the programmer's jargon.
56
e e e




The modularity of the system also proved useful by
1llowing easy modification through the use of comment
characters. Any stage of recognition can be changed by
simply altering a4 subroutine. Another advantage to the way

this system was designed is that the variables wh

pi2ssad are kept to a minimum, thus reducing the number of

items which must be accounted for.

ich are

The objective of designing a speech recognition system

capable of operating in real time was met by this

effort. The resulting system uses a phoneme set uni

particular speaker and partial template matehi
continuous word recognition.
Recommendations

Several recommendations can be made for i

system performance. First, the method of

thresholding should be investigated to determine an

research
que to a

ng, for

mproving
energy

optimum

range of threshold values, since the present method allows
some of the low energy vowels and most consonants to be
deleted. Second, word phoneme representations probably
should not be limited to a length of ten. Instead, natural
breaks should be retained. Third, other methods of word
bonndary detection could take the arbitrariness out of the
present system. Specifically, the nse of two adjacent zero

snergy vectors as an arbitrary word-word boundary
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Appendix B: Computer Program Structure Charts

Structure charts are included to provide

a visual
description of the proposed model for this speech
recognition system. The modularity of the system allows

simple modification at any location in the program.

4:;“‘ function

"Function'" -

(PROGRAM) "w.ox"

program name module numbers

Figure 14. Legend for Structure~ Charts
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AFTI-F16 Vocabular

\
_________________ P

appendix A:

Though this spee:h recognition system can accommodate

several different vocabularies, the seventy words below best

T P S G
o

.‘_-.". et A e - . . .« . ,-,'~_ . . a
- WL ALIL A, L L A LR S SR R

CN AL S A SR

represent the vocabulary necessary to a military

environment.
ADVISE DELTA MAP SEVEN
AFFIRMATIVE EAST MARK SIX
AFT ECHO MILES SMS
ATR-TO-ATR EIGHT MINUS SOUTH
ATR-TO-SERFACE ENTER MISSILE STATION
ALPHA FAULT NEGATIVE STRAFE
ARM FIVE NINE TAIL
BACKSPACE FLARES NORTH TARGET
BEARING FORWARD NOSE THOUSAND
BRAVO FOUR ONF THREAT
CANCEL FOXTROT POINT THREE
CHAFF FREQUENCY PROFTLE TW0O
CHANGE FUEL RADAR WAYPOINT
CHARLIE GUN RANGE WEAPON
CHANNEL HEADING REPORT WEST
CL.EAR HUNDRED RHAW ZERO
CONFIRM KNOTS SEARCH
DEGREES LOCK-ON SELFCT

o~ . e

Figure 13.

- e T 0.

AFTI-F16 Tentative Vocabulary (2)
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friendly continuous

by

foundation for future

Lt

This system was intended to present a model for a user

no

means a perfect

system,

studies.
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changed to a more fuzzy determination. Finally, branching
techniques could be used to predict phoneme transitions.

The continuation of this research should not be
difficule. Investigations into energy thresholding should

be made X9) that the system might become self-adjusting.
Additionally, other methods (besides Hussa:in's choice of
Minkowski 4) of distance calculations should be studied to
which will yield the best results. Also, the compression
technique for extracted phonemes could be investigated to
determine an optimum threshold for adjacent phoneme distance
and to see if deleting the highest-numbered vector is really
necessary . Montgomery(8) applied techniques involving
average branching factors for phoneme transitions which
could easily be incorporated into this system. Though
ambient noise was not removed in the manner originally
described, the effect of background noise on encrgy
thresholded vectors is another subject worthy of further

investigation. The choice of vocabulary for this system may

not have been the best suited for it. Perhaps the phonetic
alphabet (ALPHA, BRAVO, CHARLIE,...) would have more
validity as these characters are easily distinguishable,

having been designed for low confusability in the presence
of high levels of background noise. Finally, the entire
system would probably work more quickly if implemented on an

array processor, since most of the calculations incorporate

vector combinatorics.
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Appandix C: Computer Program

The source code for all computer programs and support

routines, written in FORTRAN v, is

included in

this

Appendix. Two macrofiles ATODMC and TRAINMC are used to

load all routines necessary for speech

recognition.

programs appear in the following sequence:

PROGRAM

ATODMC . MC o ittt i et et e oo oo ooosoceceancos

N 6 T S 2

ATODS .FR 4 ittt et e e et ooceseonnnnsanes

ATODIO.FR vttt it e et o nnovesaenness

DISS.FR .1ttt eesoeesossosssssssosaoscse

PHONS .FR ...ttt e it ievnoeeeoncoscsoenooeas

0 S 2 T S

TRAINMC . MC . it ittt ittt e oaasensneesas

CMPRS.FR ¢ ittt it v nsoesnsosnctoceness

CMPRSI.FR ..ttt ittt venanetonaoeeees

COMPARE.FR . ittt vt m et voonneoeoson

DISTANCE.FR ..t vttt onteoenoeennsn

FXTRACT.FR .. ittt it en e osaneenas

.

FINDWORD.FR ... ...ttt enennnnn. .

LOWENERGY.FR . it v it ennveonnnnnnenenn

NEWSCR.FR ............ e e et e e

NORMALIZE.FR ... .. i ittt ittt
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******ATODMC.Mc**************************************t****'k .‘7

Function: load ATOD programs required bv TRAIN.

RAEKRKRAKERARAEARKRRRARRKREAARKARKIRAARAREAARAARAAAARRARRAARARAKR AR A KK

RLDR/P 2/K ATODLO SAMCONFIG3 @SAMLIB® n
RLDR/P 2/K ATODS SAMCONFIG3 RSAMLIBG@ , E
- B -

RLDR/P 2/K ATOD2 SAMCONFIG3 RSAMLIB? L *
4

L B T T L e T TP

- . “e e - -y Te ‘. . - . - - . - - - - . - -
L e A.’ J s e A!.Q_‘L_L PRI - o Yot ’.1-.’ L ﬁf _1}.._- o .._. Y N e e e e .l.-.-...‘- '1'-';' SRR IR VY ‘-..';:'-'.'-.“.‘- e




T e

U T T e —r— -

R R R R R R Y X
C

C Title: ATOD2 .FR

C Author: lLt Kathy R. Dixon

C Date: Nov 84

cC

o Function: performs A/D on Eclipse for 5 sec
C

C Command Line:

C

c RLDR/P 2/K ATOD2 SAMCONFIG3 RSAMLIB?
C

s ok Je K Jovde g ode s e g K de e de e R ek ke ek kok kR vk kT kR %k ok ok ok ko ko gk ek ko ks ok ke ke ke ok

[g)

EXTERNAL IDSZ1 ;external input device

EXTERNAL IDS23 ;external output device
COMMON/IBUFF/IDATA3(16384) ;input data buffer
COMMON/IBUFO/IWAST ;output data buffer

INTEGER IORBA(16),DEVICE

DEVICE=21 ;input device
IDATALl=61700K ;external clock
IDATA2=1600 yconversion count

TYPE"<CR>
* start <BEL><CR>"

CALL DSTRT(TIER) ;initialize A/D drvice
IF(IER.NE.1)CALL ERROR("DSTRT ERROR")

CALL DOITW(IORBA,IDS21,8,IDATALl,IDATA2,IDATA3,IER)
IF(IER.NE.1)TYPE"DOIT ERROR",6 IER
IF(IORBA(14).NE.4OO000OK)TYPE"IORBA(14) RETURN",

* TORBA(1l4)

TYPE"<CR> °
* Stop<BEL><CR>" SIS

CALL DFILW("OUT2",IER) RO
IF((IER.NE.1).AND.(IER.NE.13))TYPE"DFILW ERROR",ITER =

CALL CFILW("OUT2",2,IER)
IF(IER.NE.1)TYPE"CFILW ERROR",6 IER

CALL OPEN(!1,"OUT2",2,IER)
IF(IER.NE.1)TYPE"OPEN FILE ERROR",IER

CALL WRBLK(1,0,IDATA3,8,IER)
IF(IER.NE.1)TYPE"WRBLK ERROR",IER

~1
~3
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CALL CLOSE(!,IER)
IF(IER.NE.1)TYPE"CLOSE ERROR" TER
CALL EXIT
END
78
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c

C Title: ATODS.FR

C Author: 1Lt Kathy R. Dixon

c Date: Nov 84

C

C Function: performs A/D on Eclipse for 3 sec

Cc

cC Command Line:

o

c RLDR/P 2/K ATODS SAMCONFIG3 3SAMLIB®

Cc

LR R s R RS R
EXTERNAL IDS21 ;external input device
EXTERNAL IDS23 ;external output device
COMMON/IBUFF/IDATA3(16384) ;input data buffer
COMMON/IBUFO/IWAST ;output data buffer

INTEGER IORBA(16),DEVICE

DEVICE=21 ;input device
IDATAL=61700K ;external clock
IDATA2=4000 yconversion count

TYPE"<CR>
* start<BEL><CR>"

CALL DSTRT(IER) ;initialize A/D device
IF(IER.NE.1)CALL ERROR("DSTRT ERROR")

CALL DOITW(TIORBA,IDS21,8,IDATA]l,IDATA2,TDATA3,TER)
IF(IER.NE.1)TYPE"DOIT ERROR",IER
TF(TORBA(14).NE.40000OK)TYPE"IORBA(14) RETLRN",

* TORBA(L4)

TYPE"<CR>
* stop<BEL><CR>"

CALL DFTILW("OUTS",IER)
IF((IER.NE.1).AND.(TER.NE.1l3))TYPE"DFILW ERROR",6IER

CALL CFILW("OUTS",2,TER)

-

IF(IER.NE.1)TYPE"CFILW ERROR",IER

CALL OPEN(!1,"OUTS5",2,IER)
IF(IER.NE.1)TYPE"OPEN FILE ERROR",TER

CALL WRBLK(1,0,TDATA3,16,IER)
IF(IER.NE.])TYPE"WRBLK ERROR",IER
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CALL CLOSE(!,TER)
IF(IER.NE.1)TYPE"CLOSE ERROR",TER

CALL EXIT
END
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Title: ATOD10.FR

Author: Lt Kathy R. Dixon

Date: Nov 84

Function: performs A/D on Eclipse for 10 sec.

Command Line:

*
%*
*
*
*
*
*
*
*
RLDR/P 2/K ATOD!O SAMCONFIG3 @SAMLIBA *
*
*
EXTERNAL IDS21 ;external input device
EXTERNAL IDS23

COMMON/IBUFF/IDATA3(16384)
COMMON/IBUFO/IWAST

;external output device
;input data buffer
;joutput data buffer

INTEGER IORBA(16),DEVICE

DEVICE=21 ;input device
IDATA1=61700K : ;external clock
IDATA2=8000 ;conversion count

TYPE" <CR>
stai t<BEL><CR>"

CALL DSTRT(IER) ;initialize A/D device
IF(IER.NE.1)CALL ERROR("DSTRT ERROR")

CALL DOITW(IORBA,IDS21,8,IDATAl,IDATA2,IDATA3,1ER)
IF(IER.NE.1)TYPE"DOIT ERROR",IER
IF(IORBA(14) . .NE.40000K)TYPE"IORBA(14) RETURN",

IORBA(I14)

TYPE"<CR>
Stop<BEL><CR>"

CALL DFILW("OUTI1O",IER)
IF(IER.NE.]!.AND.IER.NE.13)TYPE"DFILW ERROR'",6IER

CALL CFILW("OUTIO",2,IER)
IF(IER.NE.1)TYPE"CFILW ERROR",IER

CALL OPEN(!l,"OUTI!D",2,1IER)
IF(IER.NE.1)TYPE"OPEN FILE ERROR",6IER

CALL WRBLK(1,N,IDATA3,32,1ER)
IF(IER.NE.!)TYPE"WRBLK ERROR",IER

31
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CALL CLOSE(!l,IER)
IF(IER.NE.]1)TYPE"CLOSE ERROR",IER

CALL EXIT
END
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C - -
c Title: DISS.FR
c Author: 1Lt Kathy Dixon
c Date: Nov 84 R
o -
Cc Function: Prints distance matrix from a disk file. ff
c .
C*********************************************************** . 1
{
REAL DIS(2432) 1
]
CALL OPEN(!,"DIST",2,IER) N 1
IF(IER.NE.1)TYPE"OPEN ERROR",IER
READ(1,100)(DIS(I),I=1,2432)
WRITE(12,101)(DIS(I),I=1,2432) ']

100 FORMAT(G11.5)

101 FORMAT(8GI11.5)
CALL CLOSE(!,IER)
IF(IER.NE.1)TYPE"CLOSE ERROR",TER

RETURN
END
813
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C*********************‘k*******t*****************************

@]

C Title: PHONS.FR

C Author: [Lt Kathy Dixon

C Date: Nov 84

Cc

c Function: Reads up to 70 l6-dimensional vectors

C from a file, PHONE and prints them on

c the line printer.

Cc
c**‘k********************‘k***********************************

INTEGER PHON(1130)

CALL OPEN(1,"PHONE",2 ,IER)
IF(IER.NE.1)TYPE"OPEN ERROR",IER
READ(1,100)(PHON(CI),I=1,1130)
WRITE(12,101)(PHON(I),I=1,1130)
FORMAT(I6)

FORMAT(2X,1616)

CALL CLOSE(!,IER)
IF(IER.NE.1)TYPE"CLOSE ERROR",IER

[ ]
_

RETURN
END
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C

C Title: REPS.FR

C Author: 1Lt Kathy Dixon

o Date: Nov 84

C

C Function: Reads word phonemes from a file
C VOCABUL.

c

C***********************************************************

INTEGER VOCAB(10,70),NOWORDS
NOWORDS=70

CALL OPEN(!,"VOCABUL",2,IER)
IF(IER.NE.1)TYPE"OPEN ERROR",IER
READ(!,100)((VOCAB(I,J),I=1,10),J=1,NOWORDS)
WRITE(12,101)((VOCAB(TI,J),I=1,10),J=1,NOWORDS)
100 FORMAT(I3)
101 FORMAT(1013)
CALL GCLOSE(!,IER)
IF(IER.NE.1)TYPE"CLOSE ERROR",IER

RETURN
END
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**t****TRAINMC.MC*********************************************** -; S

Function: Loads TRAIN and required subroutines

I EEEEAEEERERERERRRERSRRSSRER R R RER R R R R R AR R RREER R R RRRRERESRES,]

RLDR TRAIN NEWSCR TEMPLATE DISTANCE PRINTDIS REDWRDS REP" e
PRINTREP SPEECH REDBUF NORMALIZE LOWENERGY CMPRS1" e
COMPARE EXTRACT CMPRS RECOG FINDWORD VTYPE~" RN
REDDIS REDPHON REDREP WRTDIS WRTREP WRTPHON R%FLIB® ST

-t o

o

.1 DA A S

] PV, 4

AR,

. . . .
-

'
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c*****************************'k***************************t*

C

C Title: CMPRS.FR

C Author: Capt. Ajmal Hussain

C Modified by 1Lt Kathy Dixon

o Date: Nov 84

c

o Function:

Cc Compresses input speech vectors after phoneme
C extraction.

C

R R R s

SUBROLUTINE CMPRS(IDATA2,PHON,DIS,LIB,ISWITCH,SOUND,J)

INTEGER SOUND(250),LIB(250),PHON(1130),IDATA2,ISWITCH
REAL DIS(2432),LDIS

NOS = (1+ISWITCH)*125 ; no. of vectors for
;pbrocessing
LDIS=10.0 ;5et distance threshold

Do 76 I=1,250

76 SOUND(I)=0
c WRITE(12,35)(LIB(I),I=1,NOS) ;option to write
35 FORMAT(251I3) ;phoneme string to line printer

=

DO 806 K=1,5
DO 809 I=1,((IDATA2/16)-1)
IF(LIB(I).EQ.0)GO TO 807
IF(LIB(I+1).EQ.0)GO TO 807
TF(LIB(I).EQ.LIB(I+1))GO TO 807

N=LIB(I)

PaLIB(I+1)

IF(N.GT.P)GO TO 810

Q=Y

N=pP

P=Q ,

810 IF(DIS(((N*(N=-1))/2)+P).GE.LDIS)GO TO 807
IF(LIB(I).LT.LIB(I+1))LIB(I+1)=LIB(I)
IF(LIB(E).GT.LIB(I+1))LIB(TI)=LTB(T+1)

807 CONTINUE

809 CONTINUE

806 CONTINLUE
J=1

DO 805 I=t,(IDATA2/16)
IF((LIB(I).EQ.0).AND.(J.EQ.1))GO TO 805
IF((LIB(I).EQ.N).AND.(LIB(I-1).NE.D0))GO TO 805
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IF(LIB(I).EQ.LIB(I+1))GO TO 805
LIB(J)=LIB(I)

J=J+1
805 CONTINUE
DO 808 L=J,(IDATA2/16)
808 LIB(L)=0
IF(ISWITCH.EQ.1)GO TO 1001 ;check to see if
LDIS=LDIS+0.5 ;need to compress
IF(J.LE.10)GO TO 1001 ;to 10 phonemes
GO TOo 1 . ;threshold
1001 DO 900 I=1,250 ;store word phonemes N ‘i
900 SOUND(I)=LIB(I) ;jinto SOUND f. o
1000 CONTINUE R
C WRITE(12,35)(LIB(I),I=1,NOS) ;option to print S
;phonemes on line printer
;after compression
RETURN
END
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RETURN
END
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Title: CMPRS1.FR
Author: 1LT Kathy Dixon

Based on subroutine by CAPT Ajmal Hussain
Date: Nov 84

Function:
Deletes vectors with weight 0.

IZEEEREESREEREEEEEREERSERREERES R R R R R RRR R RS R R ER R R RRRE]

SUBROUTINE CMPRS) (IDATA2,IWEIGHT,IWGHTT)
COMMON/IBUFF/IDATA(8192)

INTEGER IDATA2 ,IWEIGHT(500),IWGHTT(500)

DO 1 I=1,500
IWGHTT(I)=0

DO 2 I=]1,IDATA2,16 ;check vector components
IF(IWEIGHT(INT((I+16)/16)).EQ.0)GO TO 2

DO 3 K=0,15
IDATA(J)=IDATA(I+K) ,replace deleting vector

J=J+1 ;with next vector

IWEIGHT(M)=IWEIGHT(INT((I+16)/16))
MaM+1

CONTINUE
DO 4 I=M,500

PO 5 K=1,16
IDATA(C((I-1)*16)+K)=0

IWEIGHT(I)=0

DO 6 I=1,500
IWGHTT(I)=IWEIGHT(I)
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C

c Title: COMPARE.FR

c Author: 1Lt Kathy Dixon

Cc Nearest phoneme code derived from

C CAPT Ajmal Hussain

C Date: Nov 84

C

Cc Function:

c Compares normalized data vectors. Finds each

c vector's nearest vector. Averages two vectors,
cC replaces lowest numbered vector with new vector,
C sets vector components of second vector to 32000.
C

c***********************************************************

SUBROUTINE COMPARE(IDATA2)
COMMON/IBUFF/IDATA(8192)
INTEGER IDATAS5(500) ,NOVECT,IDATA2,TEMP4,IDATAb

REAL DIFF(300)
DOUBLE PRECISION REAL TEMP,TEMPI

TEMP=0
TEMP1=9.0E6N
IDATA6=IDATA(IDATA2+1)*16

DO 104 J=1,IDATA6,16
DO 102 K=1,IDATA6,16

IF(J.EQ.K) GO TO 103

DO 101 L=0,15
101 TEMP=TEMP+(FLOAT(IDATA(J+L))-FLOAT(IDATA(K+L)))**4

IF(TEMP.GE.TEMPLl) GO TO 103
TEMP1=TEMP

IDATAS(CINT((J+15)/16))=INT((K+15)/16)
DIFF(INT((J+15)/16))=TEMP

103 TEMP=0

102 CONTINUE

TEMP1=9.0E60
104 CONTINLUE
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N

10

TEMP=0

KKK=0
NOVECT=IDATA(IDATA2+1)

Do 107 I=1,NOVECT
IF(DIFF(I).GT.TEMP)TEMP=DIFF(I)

DO 108 I=1,NOVECT
DIFF(IL)=(DIFF(I)/TEMP)

DO 111 I=1,NOVECT
J=IDATAS5(I)
TEMP=DIFF(I)

DO 2 JJ=1,NOVECT

K=0

TF(IDATAS(JJ).EQ.I)TEMPI1=DIFF(JJ)
IF((TEMP!.EQ.0).0OR.(TEMPI.EQ.100))GO TO 2
IF(TEMP1.LT.TEMP)K=JJ

IF(J.EQ.K)GO TO 10

CONTINUE

GO TO 111

DO 15 KL=1,16
TDATA(((I-1)*16)+KL)=(IDATA(((I-1)*16)+KL)

* +IDATA(C((J=-1)*16)+KL))/?2

IDATA(((J-1)*16)+KL)=32000
DIFF(J)=100

DO 20 JJJ=1,NOVECT
IF((IDATAS(JJJ).EQ.I).AND.{(DIFF(JJJ).NE.10N))

* DIFF(JJJ)=0

111
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CONTINUE
CONTINUE

DO 222 I=1,NOVECT
IF(DIFF(I).EQ.100)KKK=KKK+1

IDATA(IDATA2+1)=IDATA(IDATA2+1)-KKK

RETURN
END
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C***i**ﬁ*ﬁtt*****************i***********i******k********!if
c - 3
c Title: DISTANCE.FR L4 ;
C Author: Capt. Ajmal Hussain _j-“-
C Modified by 1 Lt Kathy Dixon {;'ﬂ;g
c Date: Nov 84 IR
o e
c Function: ’;' 4
C Finds Minkowski 4 distance between phonemes in 1
c phoneme template. o]
C
C**k*******************************ﬁ**i**i***i**ititt*tt*tﬁ*
SUBROUTINE DISTANCE(PHON) '. 3
w_ . -
4
REAL DIS(2432)
INTEGER PHON(1130)
DOUBLE PRECISICN REAL TEMP, TEMPI
DO 10 I=1,2432 ;zero distance matrix ";’“’1
10 DIS(I)=0. B
N .4
TEMP=0 DENEN
TEMP1=0 -
I=1 e
DO 31 J=1,(PHON(1121)*16),16 ’b 1
DO 32 K=1,(PHON(1121)*16),16 R
IF(K.GT.J) GO TO 35 ]
DO 33 L=0,15 RO
"33 TEMP=TEMP+(FLOAT(PHON(J+L))-FLOAT(PHON(K+L)))**4 S
;M=-4 calculation § -t-;
IF(TEMP.GT.TEMP1)TEMP1=TEMP ;find largest distance ’ _:
DIS(I)=TEMP ;store distance 9
I=I+1 yincrement DIS N _q
35 TEMP=0 - =
32 CONTINUE e
31 CONTINUE ®
DO 34 I=1,(((PHON(1121)*(PHON(CI121)=-1))/2) N 1
* +PHON(1121)) N
34 DIS(I)=((DIS(I)/TEMP1)Y**N_ 25)Y*100N ;normalize DIS to }};‘w;
i TEMP1 el
DIS(2416)=PHON(1121) ;store no. phonemes R
o ]
CALL WRTDIS(DIS) :
RETURN RSN
END RUBEREN
LI
S
92 -1
=
e A N e L e e N N D L L L S




(St A AN SO S A ol el Sel e A aidi U AR SR S e -ttty L ———_—— D o ot i . g o

Rk Rk kR Rk Ak k kR ko kA kA Rk kkkkkkkkkkk sk khkkkdehkkkdk ok k ]
o — ]
c Title: EXTRACT.FR ®
cC Author: Capt. Ajmal Hussain O
C Modified by 1Lt Kathy Dixon - -
C Date: Nov 84 j B
Cc - ;i
C Function: = e
1
- Y

Extracts phonemes from input speech file. ;.

O 0

CRARAAKRRA IR R ARARARRI R A A AR AR A AR AR AR Ak AR AR ATk Rk h ok kkkkhk

SUBROUTINE EXTRACT(IDATA2,PHON, IENERGY,ENRGY,LIB)

- -
COMMON/TIBUFF/IDATA(4096) " 1
INTEGER LIB(250),PHON(IL30) L
REAL IENERGY(S500),ENRGY e
DOUBLE PRECISION REAL TEMP,TEMPI ]
- e
DO 1 I=1,250 *
1 LIB(I)=0 y2ero array to hold ff{;-i
;extracted phonemes RSSO
TEMP=0 )
T=1 S
M=0 1;_~,4
TEMP1=9.0E60 =
DO 87 L=1,IDATA2,16
IF(IENERGY(I).LT.ENRGY) GO TO 801 ;check energy

;ythreshold

DO 86 K=1,(PHON(1121)*16),16

DO 85 J=L,{(L+15) SRR
TEMP=TEMP+(FLOAT(IDATA(J)~-PHON(K+M)))**4 im-d s
;ydistance Y
85 M=M+1 ;between template . .
IF(TEMP.GE.TEMP!1)GO TO 82 ivector g
TEMP 1 =TEMP . 125}[;
LIB(I)=(K+15)/16 o 4
R
82 TEMP=0 RN
M=0 ;:'.. ..‘_..
86 CONTINUE S
801 TEMP1=9.0E60
87 I=T+1
913
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c Title: FINDWORD.FR e
c Author: Capt. Ajmal Hussain R
c Modified by 1Lt Kathy Dixon L
Cc Date: Nov 84 o
o =
cC Function: o
Cc This routine compares a phoneme string with word b 1
C strings in a library based upon a distance matrix
c to give the word in the library which is the best h
cC match. ’
c o
R R R RS R T R R ." .
SUBROUTINE FINDWORD(PHON,IPHON,VOCAB,MAT,TEMP3 1)
INTEGER I,J,K,L,M,IPHON(250),LIB(700),NOWORD
INTEGER VOCAB(10,70),PHON(1130)
DOUBLE PRECISION REAL TEMPl,TEMP,TEMP3 ’. 1
REAL MAT(2432),PEN : ]
70 TEMP3 = 9.0E 690 ;initialize variables . jf
TEMP = 0 S
COUNT = 0
NOWORD=70
J=1
L=0
po 1 I=1,70
DO 2 K=1,10
LIB(J)=VOCAB(K,I)
2 J=J+1
1 CONTINIE
o start comparison e
[ ]
DO 71 M = 1,(NOWORD*10),10 ;library, each word a 1
;jmaximum of 10 phonemes B
no 72 X = -1,1 ;shift phoneme string one phoneme ‘:
;left, none and one phoneme right to 1
saccount for error in first phoneme K ) ]
ystring ,j
Do 73 I = 1,10 ycompare phoneme at a time for each fi
;jword in library :ﬁ
4
IF ((I+K).EQ.0) GO TO 71 ;skip first phoneme when @

;string shifted left one
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j
;Phoneme
C if both phonemes zero error value unchanged '. o4
IF ((LIBR(M+I-1).EQ.0).AND.(IPHON(I+K).EQ.N)) GO TO 71 L
C if both phonemes not zero add distance between :f;;'i
c phonemes to error value Mot o
®
IF ((LIB(M+I-1).NE.O).AND.(IPHON(I+K).NE.O)) GO TO 74 '
c if one phoneme zero only add penalty to error value .
P=LIB(M+I-1) - 1
PEN=0 ° J
DO 135 JJ=0,15 - 3
133 PEN = PEN+ (FLOAT(PHON((P*16)-JJ))**4) :;
PEN =((PEN)**0.25) "
K
L J
TEMP1 = TEMP+PEN L
GO TO 75 ]
Ta N = TPHON(I+K) .find distance between o
;phonemes from -
P = LIB(M+I-1) ;distance matrix ';"""""4
IF(N.GE.P) GO TO 76 B 1
Q = N
N = P
P = Q
76 TEMP1l = MAT(((N*(N-1))/2)+P)
73 TEMP = TEMP + TEMPI ;add distance to L
COUNT = COUNT + 1 S
73 CONTINUE ,average error value R
;and find word R
TEMP = TEMP/COUNT ;match with minimum ]
,error value ®
IF(TEMP.GT.TEMP3) GO TO 77 1
TEMP3 = TEMP
L = M o
77 TEMP = DN ;initialize variables fii -
;for next word [ ) j
COUNT = 0 ]
T2 CONTINUFE ]
71 CONTINUE N
.
RETURN ]
EXD 9 -
96
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c Title: LOWENERGY.FR

C Author: Capt. Ajmal Hussain

C Modified by Kathy Dixon

C Date: Nov 84

C

C Function:

C Checks energy normalized vectors for energy less
C than a particular threshold. Sets vector weights
c to 0.

c

C***********************************************************

SUBROUTINE LOWENERGY(IDATA2,IENERGY,ENRGY,IWG)

INTEGER IDATA2,IWG(500)
REAL IENERGY(500),ENRGY

COMMON/IBUFF/IDATA(8192)
K=0

DO 1 I=1,500
1 IWG(I)=1

DO 2 L=1,(IDATA2/16)

IF(IENERGY(L).GE.ENRGY) GO TO 2 ;check phoneme
IWG(L)=nD ienergy
K=K+1

2 CONTINUE

IPATA(IDATA2+1)=(IDATA2/16)-K :store no. of

,REMAINING VECTORS
RETURN
END
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a Title: REP.FR o
C Author: 1Lt Kathy R. Dixon o
C Date: Nov 84 .
c
C Function:
C Creates phoneme representation of a word.
C Stores representation in array, SOUND.
C
CrRRAR KA ARRRRR ARk Ak AR R R AR A kR R AR R AR Rk Ak A AR Ak kkh ok kokkokokod ok kk

SUBROUTINE REP(ENRGY,PHON,DIS,SOUND)

b

COMMON/IBUFF/IDATA(A4096) 4
INTEGER PHON(1130),SOUND(250),LIB(250),IDATA?2
INTEGER TISWITCH,ISTOP,IFILE
REAL DIS(2432),TENERGY(500),ENRGY i
]
IDATA2=16N0 ,conversion count .
IsTOP=8 ;1last block to read R
TFTLE=2 yfile to read N
ISWITCH=Q ;switch to reduce input R
,phoneme string to max 10 j
CALL REDBLF(IFILE,ISTOP) ;read data from file "o
. 4
CALL NORMALTZE(IDATA2, TENERGY) ;normalize vectors RN,
e
CALL EXTRAGT(IDATA2,PHON,TENERGY,ENRGY,LIB) ;extract ST T
;phonemes e ]
- -
® 4
CALL CMPRS(IDATA2,PH2N,DIS,LTB,ISWITCH,SOUND, J) 4
,compress phoneme string ‘
R
RETILRN -
FEND
L
- 1
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r
C Title: REDWRDS.FR

c Author: lLt Kathy R. Dixon

C Date: Nov 84

r

r Function:

c Reads vocabular: words from a file, WORDS.
r

(***********************************************************

SUBROUTINE REDWRDS(NOWORDS,WORD)
INTEGER WORD(7,70),NOWORDS

CALL OPEN(!,"WORDS",2,IER)

IF(TER.NE.1)TYPE"OPEN FERROR",TER

READ(1,100)(WORD(1l,I),I=1,NOWORDS)
100 FORMAT(S14)

CALL CLOSE(!l,TER)

IF(TER.NE.I)TYPE"CLOSE ERROR",fIER

RETURN
FEXD

i
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C

[ Title: REDREP.FR

Cc Author: Kathy Dixon

C Date: Nov 84

C

c Function: Reads word phonemes form a file.

C

CREA I AR AR R AR KRR AR KRR AR KRR R R AR R AR R R AR R ARk Rk k Rk Rk Rk kk ok k k& k k&

SUBROUTINE REDREP(NOWORDS,VOCAB)
INTEGER VOCAB(10,70) ,NOWORDS

CALL OPEN(1l,"VOCABUL",2,IER)

IF(IER.NE.1)TYPE"OPEN ERROR",IER

READ(!,100)((VOCAB(I,J),I=1,10),J=1,NOWORDS)
100 FORMAT(I3)

CALL CLOSE(!,IER)

IF(IER.NE.1)TYPE"CLOSE ERROR",IER

RETURN
END

109
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C*********************************************************** ;

c _

c Title: REDPHON.FR ’

c Author: Kathy Dixon -

C Date: Nov 84 ..

¢ )

c Function: Reads 70 l16-dimensional vectors Rt

C from a file PHONE. LA

C ’ 1

CRE KRR AR RA KRR AR KR KA R AR R AR AR R AR AR AR I AR KA KRR AR R ARk ARk Rk k k&

SUBROUTINE REDPHON(PHON)

INTEGER PHON(1130) . ;
'

CALL OPEN(1l,"PHONE",2,IER) AR

IF(IER.NE.!)TYPE"OPEN ERROR",IER ' 1

READ(1,100)(PHON(I),I=1,1130)

100 FORMAT(I6) : R
CALL CLOSE(!l,IER) - K
IF(TER.NE.1)TYPE"CLOSE ERROR",TER ) 9
RETURN if*i
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) d
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c***'k*t*****************************************************

Title: REDDIS.FR o
Author: ILt Kathy Dixon ]
Date: Nov 84 :;»;-ﬁ

[ INe]

OO 0N

Function: Reads distance matrix from a disk file.

IE R R A SRR EREEEE SRS R R EE R EREER R E R R R R R R R R R R R R R R ERRRRRRAR R R R R ’

e lNe]
i

SUBROUTINE REDDIS(DIS)
REAL DIS(2432) ’ '-J

CALL OPEN(!,"DIST",2,IER) e )
IF(IER.NE.1)TYPE"OPEN ERROR",IER
READ(1,100)(DIS(I),I=1,2432)
100 FORMAT(G11.5) ]
CALL CLOSE(!l,IER) -
IF(IER.NE.1)TYPE"CLOSE ERROR",IER - 3

RETURN
END

-l

9
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C

(o] Title: REDBUF.FR

C Author: 1Lt Kathy R. Dixon

C Date: Nov Ra

C

C Function:

C Reads A/D data from a file.
g***********************************************************

SUBROUTINE REDBUF(IFILE,ISTOP)

INTEGER IFILE,ISTOP

COMMON/IBUFF/IDATA(8192)

IF(IFILE.EQ.10)GO ToO 8 ;read OUTI1O
IF(IFILE.EQ.5)GO TO 7 ;READ OUT 5

CALL OPEN(1,"OUT2",2,IER)
IF(IER.NE.1)TYPE"OPEN ERROR",IER

GO TO 9

8 CALL OPEN(1l,"OUT10",2,IER)
IF(IER.NE.1)TYPE"OPEN ERROR",IER

GO TO 9
7 CALL OPEN(I,"OUTS5",2,IER)
IF(IER.NE.1)TYPE"OPEN ERROR",IER
9 CALL RDBLK(1,0,IDATA,ISTOP,IER)

IF(IER.NE.1)TYPE"RDBLK ERROR",IER

CALL CLOSE(1,TER)
IF(IER.NE.l)TYPE"CLOSE ERROR",IER

RETURN
END
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po 182 I=1,10 ‘
CALL VTYPE(REJ(Z,I),WORD) ol -
GO TO 79 .
174 W=W+U .
VaW-1
GO TO 171

[
o]
19

179 . TOT(Y)=TOT(Y)/X -
Y=Y+1
X=1
FLAG=1
v=1
w=1"
GO TO 171 -

1000 RETURN
END ) T
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c CONTINUOLS RECOGNITION e

177 v=1
w=1
X=1
Y=1
FLAG=0

PRRFIT G SN

DO 176 I=1,10
TWORD(I)=0

Ll
~N o~
o -

TEMP3=9.0E60 ®

DO 173 I=1,10

TWORD(I)=WRD(V)
V=V+1 .
IF(I.LE.2)GO TO 173 . CN

1
CALL FINDWORD(PHON,TWORD,VOCAB,DIS,TEMP,L) Zafpi;
IF(Y.LE.1)GO TO 180 4

IF((L.EQ.REJ((¥-1),(Y-1))).AND.(FLAG.EQ.1))GO TO 186
180 IF(TEMP.GE.TEMP3)GO TO 173 > 1

TEMP3=TEMP
T=1 |
t=1I - Co
GO TO 173 FAFRASIRN

.0

186 FLAG=0 L

173 CONTINUE o
- "~y

. n

REJ(Y,X)=T . _q

1

1

TOT(Y)=TOT(Y)+TEMP3 Sl
X=X+1 ‘ ST
IF((W+U).LT.S)GO TO 174 1
IF(Y.LE.&4)GO TO 179 Co

TOT(Y)=TOT(Y)/X -]
s=1
TEMP3=9.0E60 °

DO 181 I=1,Y SR
IF(TOT(I).GE.TEMP3)GO TO 18]
TEMP3=TOT(I) .
z=1 T
181 CONTINUE
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Cc Title: RECOG.FR o

c Author: Capt Ajmal Hussain

C Modified by 1Lt Kathy Dixon

c Date: Nov 84

Cc

cC Function:

Cc Performs continuous speech recognition. Prints

C recognized string on video screen and line printer. 1

C

CRAAR IR R KRR R KRR KRR KRR KK RRIRRARRRR RN AN KRR AR AR AR AR A AR AR AR AR AR k&

SUBROUTINE RECOG(PHON,VOCAB,WORD,DIS,LIB,J) - 1

INTEGER LIB(250),VOCAB(!0,70),J,K,I,L,M,N,P,Q,R,S,T
INTEGER U,V,W,X,Y,2,TWORD(10),WRD(250),REJ(10,10)
INTEGER FLAG,WORD(7,70),PHON(1130)

REAL DIS(2432),TOT(S5)

DOUBLE PRECISION REAL TEMP,TEMP1,TEMP3

LEN1=2
LEN2=9

po 188 I=1,70
DO 188 K=1,10
188 REJ(K,I)=0

DO 187 1=1,5
187 TOT(I)=0

R=1
S=1

DO 175 I=1,250 RS
WRD(I)=0 ST

~EN
Ut 19

—

79 IF(R.GE.(J+1))GO TO 1000 R
IF(LIB(R).EQ.0)GO TO 170 P
WRD(S)=LIB(R) T
R=R+1 =
S=S+1
GO TO 79

170 IF(S.GT.LEN1)GO TO 178
R=R+1
GO TO 79

178 IF(S.GT.LEN2)GO TO 177
CALL FINDWORD(PHON,WRD,VOCAB,DIS,TEMP,L)

CALL VTYPE(L,WORD)

N j
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c Title: PRINTREP.FR L
c Aithor: 1Lt Kathy R. Dixon -
C Date: Nov 84 T
c o )
o Function: e
) C Prints table of vocabulary words and associated =
Cc phoneme representaition PR
C
CRAR KRR KRR A AR KRR KRR AR KR RR AR R KRR A RRR KR KA AR ARRR AR AR AAR R R AR ARRR
SUBROUTINE PRINTREP(WORD,VOCAB,NOWORDS) ]
\ -
INTEGER WORD(7,70),VOCAB(10,70),NOWORDS »
WRITE(12,100)(WORD(1,I),(VvOoCAB(J,I),J=1,10), R
* I=1,NOWORDS) SR
100 FORMAT(2X,S14,10X,1014) R
w
RETURN ! .
END Lo
—

) P .
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]
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K=820
DO 502 I=41,DIS(2416)
WRITE(12,58)
WRITE(12,54)1
DO 503 J=1,40
WRITE(12,54)CINT((DIS(({I*(I~1))/2)+J))))
5073 CONTINUE
502 CONTINUE
WRITE(12,59)
WRITE(12,51)1I0P
WRITE(12,58) o ‘
WRITE(12,58) .
WRITE(12,55) Ce
DO 505 I=41,DIS(2416) - ]
WRITE(12,54)1 L
CONTINUE
DO 506 I=41,DIS(2416)
WRITE(12,58)
WRITE(12,54)1 -
DO 507 J=41,DIS(2416) =
IF(J.GT.I)GO TO 507
WRITE(12,54)CINT((DISC((I*(I-1))/2)+3))))
507 CONTINUE
506 CONTINUE

i
ol
5

PRSI

ot

500 RETURN
END

.
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C Title: PRINTDIS.FR

c Author: Capt. Ajmal Hussain

o Modified by 1Lt Kathy Dixon

C Date: Nov 84

c

Cc Function:

C Prints lower triangular distance matrix.

~

CRARIXRA Rk KAk ATk Rhhkhrhrhhhhhhkhhkhhhhhhhhhhhhhhkhhhhhhhkhkhithi

SUBROUTINE PRINTDIS(DIS)
REAL DIS(2432)

I0P=1

L=DTIS(2416)
WRITE(12,51)I0P
FORMAT(S0X,"MAT",12)
WRITE(12,58)
IF(DIS(2416).LE.40)G0 TO
L=40

WRITE(12,55)
FORMAT("+",3X,2)

DO 53 I=1,L

WRITE(12,54) I

CONTINUE

FORMAT("+" ,13,2)

K=1

DO 56 I=1,L

WRITE(12,58)
WRITE(12,54) 1

DO 57 J=1,L

IF(J.GT.I)GO TO 57
WRITE(12,54)(CINT(DIS(K)))
K=K+1

CONTINUE

CONTINUE

FORMAT(1X)
IF(DIS(2416).LE.4N)GO TO 500

51

52

(W1

Ut
[ V1]

~

[1 V] 1 )

0 D

WRITE(12,59)
FORMAT("1")
WRITE(12,51)T0P
WRITE(12,58)
WRITE(12,58)
WRITE(12,35)

DO 301 I=1,40
WRITE(12,54)1
CONTINUE
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Title: NORMALIZE.FR
Author: Capt. Ajmal Hussain

Modified by Kathy Dixon

Date: Nov 84

Function:

Normalizes sixteen dimensional vectors

of digitized speech.

ChRrhkhhkhkAhkhhkhkhkhkhhhkhhhkhhhkhkhhhkhkhkrRh kAR kAR AR AAAX AR A AR Ak Ak k% Kk kK

[}

SUBROUTINE NORMALIZE(IDATA2,IENERGY)

COMMON/IBUFF/IDATA(8192)

INTEGER IDATA2
REAL IENERGY(500)
DOUBLE PRECISION REAL TEMP

TEMP=0
K=1
J=1
L=1

DO 5 I=1,(IDATA2/16)
TEMP=0

DO 2 J=K,(K+15)
TEMP=TEMP+FLOAT(IDATA(J))**2
CONTINUE

TEMP=(SQRT(TEMP)/32000)
IENERGY(I)=ABS(TEMP)

DO 4 J=K,(K+15)
IDATA(J)=FLOAT(IDATA(J))/TEMP
K=K+16

RETURN
END

99
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C -
o c Title: NewScr »

Cc Author: Lt Allen -

c Date: Dec 82 2

c g

C Function: .
PY C This routine erases the screen by typing 24 -

cC blank lines. )

o}

C Compile command:

C FORTRAN NEWSCR

o}

CRAR IR AR AR KR IR KRR AR KRR AR KA KRR AR IR KA R AR R ARk Rk Rk ke h ok k ok ok k& -

SUBROUTINE NEWSCR

DO 10 I=1,24

TYPE
( 10  CONTINUE ’
s RETURN
2 .

3 END

CReh kot hkdh dkded ko sk od ko oddkh ok kokhk kdood ko okkdhodkhdhdkdhkdkddkdkdkdkihksthhk
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C
c -
c Title: SPEECH.FR e
C Author: Lt Kathy R. Dixon R
C Date: Nov 84 ;jrt
C =
C Function: St
C Calls routines to recognize continuous speech. =0
cC ®
LR R R R
SUBROUTINE SPEECH(ENRGY,PHON,DIS,VOCAB,WORD)
COMMON/IBUFF/IDATA(4096) -
|
INTEGER PHON(1130),Vv0oCAB(10,70),LIB(250),S0UND(250)
INTEGER ISTOP,IFILE,IDATA2,WORD(7,70),ISWITCH,J
REAL DIS(2432),IENERGY(500),ENRGY
IDATA2=4000 yconversion value - -
ISTOP=16 ;last block to read ._
IFTLE=5S ;file to read ’
ISWITCH=1 ,compress input string once
CALL REDBUF(IFILE,ISTOP) ,read data
CALL NORMALIZE(IDATA2,IENERGY) ;normalize vectors @
CALL EXTRACT(IDATA?2,PHON,TENERGY,ENRGY,LIB)
;extract phonemes
CALL CMPRS(IDATA2,PHON,DIS,LIB,ISWITCH,SOUND,J) ‘i
;jcompress phonemes ’
CALL RECOG(PHON,VOCAB,WORD,DIS,SOUND,J)
ydetermine words in
,lnput string
RETLRN ;Pprint to screen °
END
.o
@
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C************************'k**********************************
C - -z
c Title: TEMPLATE.FR B
C Author: 1Lt Kathy Dixon
C Date: Nov 84
C
C Function: .
Cc Performs necessary calls to support routines N
C to produce 3 phoneme template from 500 vectors L d
C of input speech. The template is stored in the
c sequentially in the array, -PHON.
C
Chrhkhkhhhhkhh ke kkhkhkhhkhkdkhhkdkhhdhhdh sk ke ks ek k ko &k k s ok %k &
SUBROUTINE TEMPLATE(ENRGY) L
INTEGER PHON(I1130) ,NOVECT,IDATA2
INTEGER WEIGHT(500),IWGHT(500),IWGHTT(500)
REAL IENERGY(500),ENRGY
COMMON/IBUFF/IDATA(8192) o
NOVECT=500
IDATA2=8000 jconversion count
ISTOP=32 ;no. blocks to read .
IFILE=10 ;file to read PY
ENRGY=0 -
CALL REDBUF(IFILE,ISTOP) ;read data into buffer i:ﬁ;;:.
CALL NORMALIZE(IDATA2,TENERGY) ;normalize vectors e
)
> WRITE(12,347)(TENERGY(I),I=1,500) ; option to write R
a7 FORMAT(10G11.5) ; energy values to line T
sbrinter R
DO 88 I=1,500 T
88 ENRGY=ENRGY+IENERGY(I) ®

ENRGY=(ENRGY/500)

CALL LOWENERGY(IDATA2,TENERGY,ENRGY,WEIGHT)
;low energy vectors

TYPE"Calculating template”

1 CALL CMPRS!I(TDATA2 ,WEIGHT,IWGHTT) ;delete vectors

DO 99 T=1,500
99 WETGHT(TI)=IWGHTT(T)
NOVECT=IDATA(IDATA2+1)

113
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TYPE"Number of remaining vectors " ,NOVECT :
IF(NOVECT.LT.70)G0O TO 2 e

CALL COMPARE(IDATA2 ,WEIGHT, IWGHT)
;compare and average
DO 44 I=1,500
WEIGHT(I)=IWGHT(I)
GO TO 1} ;nearest vectors

po 5 I=1,1130 ;zero phoneme array
PHON(I)=0

po 3 I1=1,1120 ;store phoneme template
PHON(I)=IDATA(I) -

PHON(1121)=NOVECT ;5tore no. of phonemes
CALL WRTPHON(PHON) ]

RETURN T
END .
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C**********************************'k************************

c *
o Title: TRAIN.FR *
o Author: 1Lt Kathy R. Dixon *
c Date: Jul 84 *
C *
c Function: *
C This routine drives the system for training *
c and speech recognition for a specified user. *
C *

*

Chhhhhkkhkhkhhkkrhkhkhhhdkhhkhkhhhdkhkhhkrhhhrhkhkhkkhbhkhhhhkrkhkhhhhhk

INTEGER PHON(1130),SOUND(250),VOCAB(10,70) .
INTEGER WORD(7,70) )
REAL DIS(2432),ENRGY

1 CALL NEWSCR ,erase screen )

TYPE" <CR> - "
Welcome to the AFIT Speech Recognition Project.<CR> . R |
<CR> .
Using AFIT studies in speech research, a machine<CR>
was developed to recognize continuous speech.<CR>

Though training is required, the ultimate goal <CR> oo
of this work is to develop a machine which is<CR> - e
speaker independent.<CR> - A
<CR> At
Continue? [Y]"

* % % X * * * X *

4
CALL GCHAR(ICHAR,IER) SR
IF(ICHAR.EQ.78)G0 TO 111 ‘¢~~¢7

CALL NEWSCR

TYPE" <CR>

Press CR, then say the following<CR>
phrases into the microphone after<CR>
prompted by the word, start.<CR> - -4
Only 10 seconds of speech will<CR> :
be accepted.<CR>

<CR>

<CR>

CHANGE FREQUENCY TO THREE FIVE SEVENJKCR>
LOCK-ON TARGET AT TWO THOUSAND MARK<J<CR>
ARM STATION ALFA BRAVO CHARLIE FOXTROTKCR>
MAP AIR-TO-SURFACE MISSLE THREAT"

* % % X X ¥ X X X X% *

CALL GCHAR(ICHAR,TIER)

CALL SWAP("ATODIO.SV",TER) cswap for A/D
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ITF(TIER.NE.l)TYPE"SWAP error " TER ;10 sec speech
CALL NEWSCR
CALL TEMPLATE(ENRGY) ;oreate phoneme template
CALL NEWSCR

TYPE"Calculating distance matrix”

CALL GCHAR(ICHAR,IER)

CALL REDPHON(PHOYXN) }
- p
CALL DISTANCE(PHON) ;create distance matrix ® 1
CALL REDDIS(DIS)
CALL NEWSCR
h.. - ..»_1
TYPE"Printing distance matrix" .
oy
cTe
CALL GCHAR(ICHAR,IER) AR
CALL PRINTDIS(DIS) ;print distance matrix SRR
°

34 CALL NEWSCR T

DO 15 I=1,70
DO 15 J=1,10

15 VOCAB(J,I)=0 ;7ero VOCAR matrix
b s s s
NOWORDS=710 ;no. vocabulary words . )
CALL REDWRDS(NOWORDS,WORD) ;read vocabulary T
;from file RN

TYPE"<CCR>
* Press CR, a word will appear <CR> °

on the screen. Press CR again<CR> b
then say the word. Repeat. " .
CALL GCHAR(TCHAR,IER) RPN
- . s
DO 99 IT1I=1,NOWORDS o
- <
CALI NEWSCR
WRITE(10,100) WORD(1,1IT1) ;write word to soreen

100 FORMAT(2X,S14)

CALL SWAP("ATOD2.SV" , IER) ;swap for A/D

€ e et d e e e e A € e I s e, - e e e . . .
PP ST L et P s S T S T e W R AT ™ e T N T e W T n N ML Ty . =
S A At B T R LS A A A T T A T S N s
PORC S AT IR AP P P AL P WAL PSR VY W A P P W T P N WALy I P A AT Y s o -

. - - .AQ - .
et L e, i 'a e
PRI AN o R WL RPN AL VL UL R WA VAL P S ST L N




T YT Y I T T T T i e Al aath Sal draan: " T T T T T T T ey

TF(TER.NE.1)TYPE "SWAP error" , TER ;3 sec speech
CALL REP(ENRGY,PHON,DIS,SOUND)

DO 63 K=1,10

63 VOCAB(K,II)=SOUND(K) ;store word rep
a9 CONTINLUE

CALL NEWSCR
TYPE"Printing word phoneme representations"”
CALL WRTREP(VOCAB,NOWORDS)

CALL PRINTREP(WORD,VOCAB,NOWORDS) ;print word rep

CALL REDREP(NOWORDS,VOCAB)

CALL NEWSCR

[
A e

o
1
CRK R KA R R AR A KRR AR AR AR KRR KRR A ARKR AR IR AR R R AR ARk Rk kAR Rk kA k k&R e
TYPE" <CR> e
* Training is complete. Testing <CR> :‘"“
* can now be done. An asterisk will<CR> : 1
* appear on the screen. Press CR, <CR>
* then say the test word. The machine's<CR>
* ‘guess will then be typed on the screen.<CR>
* <CR>
* Continue? [Y]"
CALL GCHAR(ICHAR,IER) )
IF(ICHAR.EQ.78)GO TO 111 -
Ty CALL NEWSCR -
®
- <
TYPE" *" irequest speech input -
SR
CALL GCHAR(ICHAR,IER) (R
» R
CALL SWAP("ATODS5.SV",IER) ,swap for A/D SRR
IF(TER.NE.1)TYPE"SWAP ERROR", IER ;3 sec speech S
CALL SPEECH(ENRGY,PHON,DIS,VOCAR,WORD) ;speech TR
yrecognition [ ] .J
S J
:'1
. q
16 R
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TYPE" <CR>

Continue? [Y] "

CALL GCHAR(ICHAR,IER)
IF(ICHAR.EQ.78) GO TO 73

GO TO 77

CALL NEWSCR

TYPE" <CR>

This concludes the session.
End session? [Y] "

CALL GCHAR(ICHAR,IER)
IF(ICHAR.EQ.78) GO TO 111

GO TO 112

TYPE"CCR>
Start again? ([N]

CALL GCHAR(ICHAR,IER)
IF(ICHAR.EQ.89) GO TO 1

CALL EXIT
END

117
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Title: VTYPE.FR
Author:

lLt Kathy Dixon

Modelled after Hussain's WTYPE

Date: Nov 84

Function:

This routine displays

the word specified on

H19 terminal in video on a single line.

SUBROUTINE VTYPE(L,WORD)

INTEGER L,WORD(7,70)
IF(L.EQ.0) GO TO 10
L=(L-1)/10+1
WRITE(12,15)L
WRITE(L12,14)WORD(1,L)
WRITE(10,11)WORD(1,L)
FORMAT(S14)
FORMAT("+",S14,2)

FORMAT(2X,I4)

RETURN
END
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C

C Title: WRTDIS.FR

C Author: Kathy Dixon

C Date: Nov 84

o

C Function: Writes Distance matrix to a disk file.

C

CRARIRAAKEARKR KRR KRKRRKRI R AR AR KR KA I AR AR AR R KRR ARk ok kkkk k kkk &

SUBROUTINE WRTDIS(DIS)
REAL DTIS(2432)

CALL CFILW("DIST",2,IER)
IF(IER.NE.1)TYPE"CFILW ERROR",TER
CALL OPEN(!,"DIST",2,IER)
IF(IER.NE.!)TYPE"OPEN ERROR",TER
WRITE(!1,100)(DIS(I),I=1,2432)

10N FORMAT(G11.5)
CALL CLOSE(1l,IER)
IF(TER.NE.1)TYPE"CLOSE ERROR",IER

RETURN
END
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C -
c Title: WRTPHON.FR ® 4
C Author: Kathy Dixon b
C Date: Nov 84
C
C Function: Writes 70 l6-dimensional vectors to
C a file, PHONE
c ® 1
C*******************************************”***************
|
SUBROUTINE WRTPHON(PHON)
INTEGER PHON(1130)
®
d
CALL CFILW("PHONE",2,TER) 1
IF(IER.NE.1)TYPE"WRTPHON CFTLW FERROR",IER )
CALL OPEN(!,"PHONE",[2,IER)
IF(IER.NE.1)TYPE"WRTPHON ERROR",TER |
WRITE(!,100)(PHON(I),I=1,1130) .o
100 FORMAT(16) o !
CALL CLOSE(!,TER) .
TF(TER.NE.1)TYPE"CLOSE FRROR" , TER }gﬁ'“
RETURN e
END -r-'—sv-v—veJ
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C Title: WRTREP.FR

c \uthor: Kathy Dixon

C Date: Nov 84

C

o Fun«-tion: Writes word phonemes to a file, VOCABUL.
Cc

CRARR AR AR KRR K RARRRRRAKRRA IR AR R RA IR IR AR Rk Ik k ko kdek ok k ok ko ke kk %

SUBROLUTINE WRTREP(VOCAB,NOWORWDS)
INTEGER VOCAB(10,70) NOWORDS

CALL CFILW("VOCABUL",2,IER)

IF(TFR.NE.1)TYPE"CFILW ERROR",TIER

CALL OPEN(1l,"VOCABUL",2,IER)

IF(IER.NE.!l)TYPE"OPEN ERROR",TER

WRITE(!,100)((VOCAB(I,J),I=1,10),J=1,NOWORDS)
100 FORMAT(I3)

CALL CLOSE(!,IER)

IF(TER.NE.1)TYPE"CLOSE ERROR",TER

RETURN
END

R T O T R R N L I RN S S R IR IR I -
.
- L)

T N T N T N e e
SO S PN B




RO TR s S e o T T V—

®
Ci******i*******************t*******************k***********
C
8 Title: VOCAB.FR ”.
e Author: 1Lt Kathy Dixon
(¢} Date: Nov 84 .
c -
C Function: s
C Creates a file of English words. o
¢ °
C Command Line:
C RLDR VOCAB NEWSCR @FLIB?
C
C***********************************************************
INTEGER W(7,70),L ®
ACCEPT"NUMBER OF VOCABULARY WORDS ", L _
TYPE" * * * * . 4
Do 200 I=1,L A
ACCEPT"WORD " L
READ(11,100)W(1,1) N I
100 FORMAT(S14) PR
200 CONTINUE < .
. N R
ACCEPT"PRINT VOCABULARY [Y]" .
CALL GCHAR(ICHAR,IER) .® J
IF(ICHAR.EQ.78)G0O TO 111 1
R
CALL NEWSCR -
WRITE(C10,150)(W(1,T),I=1,L) e
WRITE(12,150)(W(l,I),I=1,L) ® {
150 FORMAT(2X,5514)
1
CALL CFILW("WORDS",2,IER) T
IF(IFR.NE.1)TYPE"CFILW ERROR", TER , -]
CALL OPEN(l,"WORDS",2,IER) ® )
IF(TER.NE.1)TYPE"OPEN ERROR", IER ‘
WRITE(L,100)(W(I,I),I=1,70) S
CALL CLOSE(1,IER) R
IF(IER.NE.l)TYPE"CLOSE ERROR",TER S
111 CALL EXIT . j
END ' :
L
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Roswell, New Mexico. She graduated form high school in Eiil;q
Orlando, Florida in 1977 and attended the University of e g
Central Florida, Orlando, Florida from which she received i
the degree of Bachelor of Science in Engineering in April 5
4

1982. She entered the Air Force on active duty in May 1982 ® i
and received her commission from Officer Training School in }
August 1982. She served as a Project Engineer in the Signal :
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Processing Laboratory, Air Force Institute of Technology b 1

until entering the School of Engineering in June 1983.
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