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Introduction 

Usage of information regarding syllables in hierarchial systems of speech recognition allows to 
decrease the dependence of such systems on the speaker and on the context [1], and, as a result, to 
improve the quality of recognition. We suggest new method aimed at increasing of reliability of 
component segments allocation in speech signal, the paper considers the elaborated algorithm and 
device realizing the suggested method.  

Problem statement 

In spite of the fact that nowadays there exist numerous commercial systems of automatic speech 
recognition, the problem dealing with elaboration of methods and means of speech recognition 
which are not to be adapted for individual voice peculiarities of the speaker is of paramount 
importance. One of the approaches to the problem of development of speaker-independent 
recognition systems is the application on upper levels of hierarchial system as recognition elements 
of sound tyres phonetic characteristics of which don’t greatly depend on the speaker and context, 
for instance, syllables, semisyllables, voiced, fricatives, pauses, etc. In [2] it has been revealed that 
usage of, for instance, only syllabic information allows already at upper level of recognition to 
reduce 2-4 times the number of candidates to be classified. Such information is the duration of 
syllables and their number in the utterance. One of the main parameters, used for delimitation of 
syllables in  speech signal, is its energy [3, 4]. The kernal of the syllable is determined in the place 
of maxima energy localization, limited by considerable ( 40 or 50 dB) drops of energy. But in some 
papers, for instance [3], frequent allocation by this characteristic, of erroneous syllables, formed by 
high-energy fricative or sonorous sounds was noted. This fact is proved by experimental recordings. 
In [6], the function of “volume”, obtained as weighted sum of amplitudes of signals of 22 frequency 
channels, located in critical bands is used as the parameter for syllable feature allocation. The 
obvious drawback of such method of syllable character formation – considerable material and 
computational expenditures as well as low reliability.  

In order to eliminate the drawbacks inherent to above-mentioned methods, our aim is to develop 
a new method that would improve the reliability of speech signal segments allocation, which 
correspond to speech syllables as well as to develop algorithm and device able to realize this 
method. In the next section of the research we will consider mathematical model enabling to 
determine information characters of component segments. The given model will serve as the base 
for development  of method, algorithm and device intended for allocation of these segments.  

Mathematical model and method of syllable characters allocation from speech signal 

It is possible to reveal the mechanisms of speech signal spectral parameters representation in 
space of invariant characters adding to the processes of peripheral auditory system the processes 
occuring in central hearing system, as it is shown in Fig 1.  
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Fig. 1 Generalized model of hearing system 

 
In generalized hearing system model, presented in Fig 1, spectral analysis unit (SAU) shows 

frequency – selective properties of the model and is a set of filters. Speech signal  is 
transmitted at the input of these filters. As a rule, filters cover frequency band 250-6400 Hz, where 
energy of speech signal is concentrated.  

)(tS

Model of sensor hearing newrons  (MSHN) describes the functionning of hearing newrons, 
connected with hair cells of basilar membrane of the ear. It takes into account such hearing effects 
as dynamic compression of the input signal, its one half-periodic rectification and regulation of 
single amplification. Mechanisms of hearing perception, presented by given models have already 
been studied, however numerous attempts of their application in recognition systems did not give 
desired results. The given paper considers  the improved model of hearing system, taking into 
consideration the functionning of neural network, illustrated by its model (MNN).  

Peculiarities of speech patterns formation by neural network model, having signals y(t) at the 
outputs of neurons have been analyzed in [7, 8]. The analysis, carried out, showed that characters of 
speech signal are to be searched among the elements of autocorrelated matrix of speech signal 
spectral parameters: 
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Proceeding from the results obtained, new method of allocation of component segments 
characters has been developed. Envelope signals in frequency bands ∆1 = 800 – 2500 Hz and ∆2 = 
250 – 540 Hz are used as initial parameters for their formation. The resulting parameter, further 
used for allocation of syllable characters, is obtained by means of correlation method and written in 
the following form: 
 )()()( 21 tUtUtU c ΔΔ ⋅= , (2)  

where envelope energy in frequency band ∆1, and – envelope energy in band ∆2. )(1 tUΔ )(2 tU Δ

Frequency range of the first band filter 3, equal 250-540 Hz, is selected due to the fact, that it 
lacks the energy of high-energy fricative sounds, such as /ш/ and /ч/, which create erroneous 
component nuclei as well as because greater part of energy of all voiced sounds, including vavels is 
concentrated in this range, however, in the given range, the energy of sonorous sounds, such as /л/, 
/м , /н/ corresponds to the energy of vavels, that is why, determination of component segments only 
by speech signal by-passing in the given range will be accompanied by numerous mistakes. Hence, 
frequency range of the second band-pass filter 4, is selected within the limits of 800-2500 Hz, 
where the energy of voiced sounds minimum two times exceeds the energy of sonorous sounds.  

While perfoming the operation of envelope multiplication  and  in resulting 
temporal function the of curve sections in the region of voiced sounds takes place due to correlation 
of their energies in both ranges, and erroneous maxima of energy, caused by the presence of 
considerable portion of fricative sounds energy in the band of 800-2500 Hz, are eliminated by their 
multiplication by practically zero value of fricative sounds amplitude in the band of 250-540 Hz. 
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Algorithm and device for syllable characters allocation 

In accordance with the description of the device intended for component segments allocation the 
algorithm of its operation includes the following steps: 

1. Input of speech signal. 
2. Filtration of the signal by means of two Batterword band filter of the fourth order in operation 

bands 250 – 540 Hz and 800 – 2500 Hz correspondingly. 
3. Detection of filters output signals in order to obtain enveloping. 
4. Multiplication of enveloping output signals of the filter. 
5. Differentiation of the resulting signal. 
6. Comparison of the results obtained with positive and negative threshald voltages and 

allocation of logic signal. 
7. Formation from the obtained signal, logical signals for positive and negative half-periods of 

differentiated signal. 
8. Allocation of syllable segments and syllable centres by means of logical addition and 

multiplication of the obtained logic signals correspondingly. 
Scheme of the algorithm is given in Fig 2.  
Such denotation are used in the algorithm: 
 ff1 = filter (p1,p2, s) and ff2 = filter (p3,p4., s) – functions of filtration in frequency bands ∆1 = 800 – 

2500 Hz and ∆2 = 250 – 540 Hz correspondingly; Ug1 = abs (ff1), Ug2 = abs (ff2) – envelope signals 
in indicated bands.Other designations are explained in the description of operation of character 
allocation device. 

The device intended for allocation of component segments in speech signal operates in the 
following way (see Fig 3). 

Speech signal is detected by acoustic sensor, then it is transformed into electric signal and is sent 
to the input of the amplifier. Electric signal, amplified to the value, sufficient for operation of 
further stages, enters the inputs of two band-pass filters having the bands ∆1  = [p1;p2] = 800 – 2500 
Hz і ∆2 = [p3;p4] = 250 – 540 Hz. Amplitude detector, the input of which is connected to the output 
of the band-pass filter, allocates   envelope of speech signal in 250 – 540 Hz band. Amplitude 
detector, the input of which is connected to the output of the second band-pass filter, allocates  
envelope of speech signal in 800 – 2500 Hz band. Voltages  and , sent on the inputs of 
signals multiplier are multiplied, and as a result of multiplication at the output of multiplier voltage 

, appears, it equals: 

2gU

1gU

1gU 2gU

nU

21· ggn UUU = . 

Frequency bands of the first and second band-pass filters are selected so that as a result of 
realization of multiplication operation only the energy of voiced sounds is correlated this bands to 
elimination in envelope  maxima, corresponding to sections of high energy fricative sounds. 
This voltage passes to the input of differentiator 9, characters generator 8 (Fig 3), at the output of 
which voltage  is generated, being proportional to the derivative of voltage . Voltage passes 
to the first inputs of threshold circuits 10 and 11. Positive threshold voltage  passes to the 
second input of threshold circuit 10, and negative threshold voltage  passes to the second input 
of threshold circuit 11,  and  are selected so that 

nU

ngU nU

1nU

2nU

1nU 2nU 5021 ≈= nn UU  mV, false operation of 
threshold circuits due to background noise while transition across zero values of  is eliminated. 
Clipping signals are obtained from the outputs of threshold circuits 10 and 11, these signals are 
reduced to standard levels of digital signals. They are sent at the inputs of  ABO 12 circuit, at the 
output of which digital signal . . Fronts of signal that passes to the input of T trigger with direct          
. 

ngU

лU
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ff1 = filter (p1,p2, s) 
ff2 = filter (p3,p4, s) 

Envelopes obtaining 
Ug1 = abs (ff1),Ug2=abs (ff2)

 
Un=Ug1·Ug2 

 
Ung=∂Un 

│Ung│<│Un1│ 

 
Uл= „1” 

 
Uл= „0” 

UГ =UТ1^ UТ2, 
UГ =UТ1+ UТ2 

End 

Fig. 2 Algorithm of syllables character allocation  
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dynamic control 13 each time reverse it into opposite state, and as a result, digital signal  is 
formed at the output. T trigger with reversed dynamic control 14, is bridged by drops of input signal 

 and generates signal U  at the output. Signals U  and U  are sent at the inputs of 
coincidence circuit 15, at the output of which short pulses U are formed, they localize the centres 
of composite nuclei in the word. These pulses are sent at the first input of ABO 16 circuit, as well 
as at the output of the device for allocation of component segments in the word, being character 

 for determination of voiced sounds centre location in a syllable. Digital signal is sent to the 
second input of ABO 16 circuit. This signal is united, by means of circuit ABO with the signal U , 
as a result, signal  is generated at the output of circuit 16, signal  allocates segments in a 
word, corresponding to location of syllables in a word. Duration of the signal  and the number 
of signals  are used by recognition system for classification of the vocabulary by the subsets, 
formed according to the given characters.  
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For testing of the suggested method the experiment was carried out, during the experiment 650 
syllables were segmented using the above-mentioned method. Statistic processing of experimental 
data enabled to calculate the reliability of the given method, it is 96.4 %, whereas the reliability of 
other methods applying the equivalent test sample is 76%. 

Conclusions 

The suggested method and algorithm, intended for syllables character allocation, based on 
improved model of human hearing system, enables to improve the reliability of speech signal 
segmentation into composite segments and determine such characters as duration, location and 
number – application of such characteristics allows to increace recognition rate, reducing the 
number of alternatives for search 2-4 times, as well as to improve the reability of the device. The 
developed device, realizing the given method, is more reliable and is less complex as compared 
with already existing ones, and can be used for development of autonomous systems of speech 
recogninion. 
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Fig. 3 Functional diagram of generator of segment boundaries of syllables 
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