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ABSTRACT

The speech recognition system described below is
designed to control application programs run under MS-
DOS on IBM PC AT by separately pronounced words. The
system is realized as a TSR-program interfacing the appli-
cation program via the keyboard buffer.The system uses the
Sound Blaster (or compatible) to digitize speech signal. A
brief description of the system helping blind PC users to
work on PC is given, thereby PC is controlled by voice
commands and the keyboard is voiced.
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1. INTRODUCTION

The system described below is designed to input
into IBM PC AT separately pronounced commands from a
given vocabulary. The system is tuned to the speaker voice
and necessary vocabulary including 100 - 1000 words.

As hardware the Sound Blaster (or compatible) is
used to digitize speech signal. The sampling frequency is 8
kHz, the convertion precision is 8 bits.

The software is written mostly in C-language
(about 95%) and in assembler (about 5% ). There are two
configurations of the system:
- full, with on-line learning, needs about 170 kBytes for
100-words vocabulary;
- small, without on-lin¢ learning, needs about 64 kBytes for
100-words vocabulary.

For each word there are four types of information:
- acoustic information (results of vector quantization),
- text of the word or phrase,
- names of subvocabularies including the word,
- command to execute as a reaction to the pronounciation of
the word.

Interaction of the speech recognition system with
MS-DOS or some application program is based on the
substitution of keyboard input for microphone input so that
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the command in the command-field of the recognized word
is placed into the keyboard buffer. MS-DOS, Borlands C++
or other application program react as if the command were
input from keyboard.

2. ANALYSIS

In the process of the speech signal analysis is used
some specially developed FFT-algorithm (128 points). After
the calculation of energetic spectrum in 65 frequency points
the 29-bands spectrum is defined by grouping some neih-
bouring frequencies (each of the first 17 bands includes only
1 frequency). At the same time are calculated the total
energies in 3 macro-bands; from O to 1 kHz, from 1 to 2
kHz, from 2 to 4 kHz. So the first analysis stage is finished
by logarithming of calculated 29+3 energy values.

On the second analysis stage a moving average is
subtracted from the logarithm band spectrum to emphasize
formants information and then the log-energy curve is
smoothed in some way to take into account possible changes
of formant frequencies from one word pronounciation to
another.

After that on the basis of the 3 macro-bands log-
energies 9 additional parameters are estimated:

- 3 parameters correspond to 3 macro-bands log-energies
given with respect to their maximum values through entire
speech signal being recognized (which allows to exclude
variations due to the changes in the intensivity of
pronounced word or distance to microphone); each of
these parameters reflects relations between the macro-
band log-energies in different time moments;

- 3 more parameters are calculated by subtraction from 3
previous ones their average value allowing to emphasize
information about correlations of macro-bands log-ener-
gies in the given analysis interval;

- 3 more parameters define the speeds of changes of macro-
bands log-energies.

So are calculated 38 parameters from which some
unnecessary variations are removed and some valuable for
recognition information is emphasized.

The analysis ends by quasi linear compression of
calculated vectors sequence. It is made by optimal or quasi-
optimal segmentation into segments of 2 or 3 elements
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using efficient optimization algorithm /1/ or its quasi-opti-
mal version. The sequence of the average for each segment
vectors represents finally the speech signal.

3. LEARNING

To execute learning the speaker pronounces each
word several times (from 1 to 5). After some procedure of
dynamic time warping applied to all utterances and calcula-
ting of the averaged utterance /2/ the vector quantization is
applied to it. If some vector from the averaged utterance is
approximated by the elements of the code book not good
enough and their number does not exceed the predefined
quantity, then the code book is supplemented by this vector.

Not going into details it should be noted that in
order to diminish the volume of the necessary computations
the 2-level vector quantization is used.

Thus the words reference templates obtained as a
result of the learning procedure are represented by the
numbers of code vectors.

4. RECOGNITION

In the process of recognition for the vectors of the
unknown utterance and for the elements of the code book
the distance matrix is calculated. Then is applied one of the
dynamic time warping algorithms taking into account
limitations in changing the pronounciation rate and fining
for variations in the pronounciation rate of the utterance
being recognized and that of the reference template. As
usual minimum of distance defines the recognition answer.

S. THE RECOGNITION SYSTEM FROM
THE USER VIEWPOINT

To make the system function the user has to input
from keyboard the corresponding EXE-name, the vocabu-
lary file name and some parameters defining the functioning
modes.

The parameteres define in particular:

- presence/absence of the intensivity indicator and its place
on the display;

- hot keys allowing to "freeze" recognition, to restart it, to
pass to learning menu;

- the language used in Help-subsystem and all announce-
ments made by the system to the user (by now, russian,
english and french can be used).

When one passes to learning on the display appears
the menu reflecting the current vocabulary contents and the
possible commands list:

- F1: help,

- F2: save current vocabulary,
- F3: load new vocabulary,

- F4: begin learning,
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- F5: begin control recognition etc.

Learning can be executed for one word or for all
words in vocabulary.

The vocabulary field on the display consists of lines
corresponding to words of vocabulary and is divided in
horizontal direction into 3 subwindows:

- subwindow 1: text of a word or a phrase (used as unit, as a
word);

- subwindow 2: names of subvocabularies containing a
given word or phrase;

- subwindow 3: command to be passed to the keyboard
buffer if the corresponding word is the recognition answer.

In any of these subwindows the user can type
desired texts or edit their previous content. To pass to
subwindow 3, e. g., one has to press ALT+3.

To input into the subwindow 3 special or combined
symbols, such as CTRL+Y or "ENTER", one has to press
F7, after that any special or combined key-pressings are
input in the necessary for the system form and displayed in
a special way.

The key F9 opens the menu allowing to clear the
vocabulary or to clear only the learning results (code book
and reference templates). It is possible to change the micro-
phone sensitivity (which is useful when the environment is
too noisy) or the rejection threshold.

To quit the learning menu one has to use F10 or
"ESCAPE", then the system can be used again to control by
voice some application program or, ¢.g., Norton comman-
der.

Simultaniously with the application program
execution the speech signal is input into the memory. If its
intensivity level is less then some threshold the speech
recognition system consumes only insignificant part of the
processor time, but the sitnation changes when high-level
speech signal is registrated. In fact two thresholds are used
to find automatically the begin and the end of speech signal
to be recognized.

6. PERFORMANCE RESULTS

The system was tested independently on 8 speakers
(4 -males, 2 - females, 2 - children). For every speaker 4
utterances of 100 words were recorded, then 2 utterances of
each word were used for learning, and 2 others for recogni-
tion test.

The average performance is:
- for males: 99.5 %,
- for females:  99.0 %,
- for children:  99.0 %.

The male speaker independent variant of the
system was tested too. In the test 2 utterances per word of 4
male speakers were used for learning. For recognition test
were used 2 utterances per word of the same 4 male spea-
kers and 4 utterances per word of the new 4 male speakers.
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The average performance is:
- for "known" speakers: 99.125 %,
- for "unknown" speakers:98.5 %.

The male-female speaker independent variant was
also produced, and though it wasn't tested systematically the
preliminary results for “unknown” speakers seem to be not
worse then 96-97%.

The system is implemented on the IBM PC
AT/386-33, the responce time for the vocabulary of 100
words is about 0.3 s.

7. MEANS OF WORK AUTOMATIZATION
FOR BLIND IBM PC USERS

At present a system helping blind PC users to work
on PC is being developed. The system is based on the new
formalization technology of the sound-aided design of
structured texts /3/ (programs, reports, articles).

The creation of sound interface means is especially
important for the rehabilitation of sight invalids (further
named shortly B-users). The known experience of B-users'
work abroad and in the Ukraine is based on the use of
traditional text editors and programming languages in
combination with corresponding hardware. But the work for
B-users can be made essentially easier if to use specialized
languages and software taking into account specific features
of B-users' work on computers.

Orientation to B-users makes us take into account
the following requirements:

- the application of speech synthesis and speech recognition
means to facilitate the dialogue between the B-user and
computer;

- the limitation of interface language to comparatively small
set of simple instructions;

- the description of text structure (especially of program and
their components) in the language must be quite near to
natural;

- the simple navigation in the structure of created docu-
ments;

- the orientation to wide section of unlearned B-users
striving to master programming;

- the simplicity of relocation to the application domain and
programming target language;

- the automatization of debugging and assembly of program;

- the support of the automatization means of the accumula-
tion of knowledge and experience of text and program
design with the use of suggested technology.

In this technology one of the main phases of the
text design is the creation of structural schemes. The
scheme may be entered with the use of the sound-aided text
editor or entered in the dialogue mode. In the dialogue
mode the system proposes to B-user to include into the
composition scheme only such structures which are
admissable in the surrounding context. It protects from
appearance of errors in document structure, as a rule not
discovered by usual syntactical scanners.
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After the structure has been designed, the synthesis
of the text document is realized. The source file is collected
with the employment of the system as a preprocessor to
Pascal. Then the structure is reflected onto the command
language and elementary conceptions are substituted by the
corresponding program fragments from the application
domain knowledge base.

In this system speech is used for oral dialogue
between B-user and computer. All the keys are voiced, thus
B-user can know what key is being pressed, all system
messages can be output in speech form. From the other
hand, B-user can enter information or control the text editor
or any other subsystem by voice using the speech recogni-
tion system.

8. CONCLUSIONS

The speech recognition system not using any
special processor showed performance good enough to be
practically used to control application programs run on IBM
PC AT under MS-DOS. One of the most promising appli-
cations of the system is the system helping blind users to
design structured texts on IBM PC AT,
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