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Abstract: ' T e =

A natural man - machine communication with word processors
requires the integration of speech recognition technigues. Speech
recognition task is & difficult problem because of its temporal
nature and the possibllity of the presence of neoise. Therefore,
it 1= difficult Lo extract significant features by using the
traditional technigques. artificilal neural -networks introduce
aimple and fast learning techniques for this problem. This paper
introduces the application of a three layver neudral network for
converting spoken @rablic words into Arablc texig. We describe a
suparvised learning method which is based on the well known back
propagaticon technique. The designed network proves itself to be
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speaker indepandant and noise immunse. Word spotting guarantess
invariance under translation in time. A user friendly word proc-
essor should have intelligent interfaces such as the speaker
interface and the hand writing interfacde. In this work we intro-
duce the first interface. It is expected that neural network
based speech-to-text transcription systems zhould have a =ignifi-
cant effect on office automation.

1. Introductioq

Integration of speech input in a word processing environment
would relief the human from tidy typing of latters and introduces
2 user friendly interface. achievirng this geal is not a simple
task due to the wvaristy of technical problems which shguld have
to be solved. The first major problem is that of speaker inde-
pendent and time invariant speech recogniticen. The second problem
is the segmentation of a stream of spoken words. A third problem
is the interfacing of the neural speech classifier with a bilin-
gual Worg processor.

The application of neural rnets for speech classification is
stcill in itz infancy phase. New learning algorithes for neural
networks hawve recently appeared [1-6). Algorithms based on the
use of Artificial Neural Networks (ANNS) are applisd for solving
speech recognition problems such as consonant recogniticon, vowel
recognition, syllable recognition, as well as single word recog-
nition [1-6). Some of these investigaticns have proven the supe-
rigrity of neural nets . compared Lo the use of other technigues.
Burr [1) has performed’ a number of experiments for assessing the
performance of neural networks on recogaition of spoken words.
Results iLndicated that neural networks and nearest neighbor
classifiers perform at near the same level of accuracy. Bauer
and Geisel (2] have showed that multi-layer perceptrons with
feedpack could be used to alleviate the problems of traditional
word recognition techniques. Kowalesky and Strobe [3] have pre-
sented a single hidden layer naural network for word recognition.
They implemented an ecrar back propagation network for perfect
learning of a one speaker voczbulary of 13 words. Their network
iz robust against velecity wvariatlions in the speech data. Plaut
and Yinton [4] have describad the application of neural networks
for learnincrg a set of filters that enable to recognize real
spaech. jhe potential of self organizing maps for solving tranm-
scription problems was demonstrated on the hand of & newural
phonetic typzwriter [L1].

In this investigation we introduce the first steps towards an
Arabic speech filing system. This system ilncludes three major
fields:

1. Meural speech classifier

2. Interfacing classified spoken words with an arabic/Latin
word processor

3. Bilingual word processing

In section 2, we bzain by introducing the sysiem architec~
ture and show the apility of ANN: Tor speech pattern reccognition.
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In section 3, we start by describing the preprocessing phass and
then show the ability of ANNs for fozture extraction. Next, we
describs the back propagation learning algorithm. The neural
network design is then described and its capability for pattecn
classification igs shown. In section 4, we then describe the
interfacing of the neural spesch classifier with a A/L word
processor. The results are then described and summarized in the
final section of this paper.

g;_SVStem Architecture:

Figure 1. shows the block diazgram of speech-to-text tran-
scription system. The speech signal is Low Pass Filtered (LPF)
with a cut-off frequency of about 5 kHz and then captured by a 8-
g8it PCHM speech digitizer (ADC) with 15 Kbytes/sec sample rate.
The spoken word is then passed to the word spotting procedure to
localize the word to be fed into the input layer of the neural
network. After training the neural network on an exhaustive
training set which represents different wvarieties of the ten
Arabic digits, the weighting coefficientz of its synaptic con-
nections are stored in the knowledge base for further classifica-
tion of an incoming word. The classified digit is then interfaced
with the bilingual (Arabic/Latin) word processor [13) which tran-
scribes the word into its corresponding Arabic text (digit or
word}, which is then stored on a Hard Disk (HD).

2. Speech Classification With Ao Artificial Meural Network:

== T A= E=Em RN Ll e

3.1 Preprocessing:

The speech signal is first low pass fTiltered and then spotted
through a sliding window to determine both the starting and
ending points of ‘a word. Preprocessing retains all significant
features of the spoken word. Expariments were conducted to hear
the word after its spotting by a sliding window. A set of &0
overlapping sliding windows with overlap segments of 40 samples
are used. Each segment includes 2043 samples. The sum of absclute
values aof the samplas in a given window is then computed. Hext
the window of interest is selected according to the criterion of
maximum sum of absolute sample values. Prewhitening is then used
for glimination of trend in the apotted word.
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" Figure 1. Block Diagram Of Speech-to-Text Transcription System

3.2 Speech Feature Extraction Using Neural Netwo

<52

Training of ¢ multi layer neural network on the hand of an
exhaustive training set maps all the features of the given spesech
signals into the weighting space. The weighting coefficients of
the synaptlic connections represent the knowledge in the whole
training sa2t and we think that these coefficients represent the
principal components of the trained signals.

3.3 Neural Network architecture:

A three layer neural natwork (Fig. 2) is designed and trained
for word classification. The 1nput laver consists of 2048 input
neurons. A single hidden layer 1is proved sufficient for spasch
learning (1-6]1. Twn hidden neurons are proved to be sufficient
for encoding of speech domain knowledge. The output layer has
eleven output Junits for discrimination of the ten spoken Arabic
digits and indication of the nature of ward represeantation in
text ( L ar one). The neural network perform nonlinear transfor-~
mation on its summed inputs and produce outputs between 0. 142 and
0.99 . The output of the ith unit is computed by summing all of
its weighted inputs yj as follows (7-1l17:

xi = Ej yj Nji ........................ (l)

where w.. is the weight from the jth t- the ith unit. Tha sigmoid
function iz then applied to the result of this summation:

yy = L/ eelTxi)y {2)
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Figure 2. Architecture of the Speech Classifier

The input layer (sensor neurons for data acguisition) of the
netwark is made up of 2048 units, each clamped to a single sample
of the spoken word to be learned. The number of output units is
set as eleven. The states of the output units represent the class
of the word presented ito the input layer. An intermediate hidden
laver of twd neurons allows the network to assign the input
nattern to the appropriate output class. The conpnections between
the different neurons measure the degree of correlation betwesen
activity levels of neurons they connect.

3.4 Back Propagation Learning Algarithm:

Back propagation is an iterative learning technique whose
convergence is highly problem dependent [7,10,14,15]. For each
learning c¢ycle, the input layer was clamped to the samples of a
single word from the training set. The activity of each unit was
propagated forward through sfach layver of the network using esqua-
tions (1) and (2). The activity at the output layer was compared
te the desirad autput, and an error Tor each output unit was
calculated as follows:

_ 4 82
E = 0.5 S0 %5 ¥y ¢ = 95, e)  chirni (3)
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where ¢ is an index over cases (input-output pairs), 1 is an
index over output units, y is the actual state of an output unit,
and d is the desired state. The learning procedure minimizes E by
performing gradient descent in the weight space [1].

The error term of eguation 3 is used for updating weights accord-
ing to the layer dealt with. The weight update equation for the
output layer is defined.by [4]

Nokj(t+1)=wokj(t)+ﬂéopkipj ......................... e e o= (4)

The hidden layer weights are updated according to the following
equation [4]

h _.h R
w ji(t+1)-w ji(t)+ao B Ki  reeeeeeseieoan e (s)

The effect of different variables on the learning time is de-
scribed in detail in [12].

4. Arabic Word Processing:

Arablzation of word processors represents one of the basic
milestongs towards reducing the fears of computers as a result of
language barriers. Any computer application that handles Arabic
text must confront two-main classzs of problems [1-2]. The first
class is caused by the cursive interacting mature of the Arabic
le2tters. The computer must take a szequence of isolated Arablc
characters and then connect them according to the context in
which they are written. This process is called contextual format—
ting. Ancother class of problems is the directional layout which
gncounters tha right positioning of Arabic and European languages
on the sama ling.

A bilingual word processor (BLWP) that can intermix right-to-
left Arabic-text with left-to-right text in European languages is
developed. Very complex algorithms are developed Tor both contex-
tual formatting and directional layout. BLWP is a self contained
program that is independent of any other display fonts and gener-
ates its own printer fonts which are down loadable to the buffer
in the attached printer. The most important feature of this word
processor is its 1ndependence of the hardwara.

4.1 Toward 2 More friendly User-Interface:

Conventiconal word processors usually have two user interfaces
at least: the keyboard and the screen. In this paper, interfacing
is extanded to include the speaker, the kayboard and the screen.
The interfacing of the speech classifier with the bilingual word
processor is implemented with a2 dictionary. This dictionary has
the following three entries:

1. Classifier output,
2. arabic/Latin word,
3. aArabic/Latin digit.
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The performance of the spesch-to-text transcriptor is impor-
tant and must be fast enough to avoid frustration. The structure
of the dictionary is thus of great importance. It must allow very
fast searches. Algorithms and data structures for speEesch-to-text
transcription- must be tailored to the properiies of the lanauage
to be processed. Investigation of these areas is going on.

4.2 Principat of Work of Speech—to-Text Transcriptoc :

The wurking principal of a speech~to-text transcriptor could

be summarized Ln the following sequence of pseudo code:

Loop:

Interpretation of either a keyboard character or a speaker word
Processing a character, or transcription of a word to Arabic
text

Show modification
End of loop
Save text

5. Experiments and Results:

=

After preprocessing the signals of the words of the training
set, word spotting 1is hen performed. The criterion for word
spotting is based on the maximum sum of the absolute sample
values 1n &0 overlapping windows. The resulting words are then
fad randomly into the input layer of the neural network. Tha
netwaork 1is trained after 330,000 cycles using the back propaga-
tion technigue. All digits are correctly classified after two
days of continuous training on a 50 MHz, B0486DX2 machins. Train-
ing the network on both the basic Arabic alphabet (28 words) and
the 26 words of the Latin alphabet is going on. The generaliza-
tion of the network shows its capability for speaker independent
word recognitiaon. Figure % shows the signals of ten spoken #rabic
digits used in the study, and the corresponding dictionary
entrieg. A keyword ( spoken SHIFT) is used to determinza if the

dictated word is to be translated as a digit or a text word. This
means that a spoken word is classified as a digit according to
the context of its previous word.

&. Conclusions:

This paper presents research work towards the development ofF
an intelligent Arabic/tatin word processor. An interfacing with a
bilingual word processor is implemented. The applicability of a
multi layer neural network in the design of an Arabic Speech-to-
Text filling system is proved to be succsssful. Preliminary
research showsed encouraging reszults. We have used a two layesr
network for training and speaker independent classification of
ten spoken digits. We intend to complete thz training of the
neural network to classify all the necessary spoken Arabic and
English alphabet characters.
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Figure 3. Speech Signals for ten spoken Arabic digits and SHIFT
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