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ABSTRACT 
The most of methods for continuous speech recognition 
and understanding are based on models of a priori 
generation of phrases hypothesis using semantic-syntactic 
restrictions in the form of rules or stochastic data. This 
makes worse the processing of syntactically incorrect 
phrases that leads to worsening of understanding 
robustness. In this paper the method for continuous speech 
recognition without mentioned restrictions is proposed. 
This method is based on selection of the words hypotheses 
from the input signal by sliding analysis with the further 
evaluation of phrases hypotheses taking into account 3 
criteria: acoustical probability, probability of inter-word 
time intervals and probability of total duration of a 
posteriori word hypothesis. This method is well 
coordinated with integral idea of speech processing, which 
is investigated in SPIIRAS. It allows to realize the robust 
understanding of continuous speech based on this method. 

1 INTRODUCTION 
The development of continuous speech recognition 
models has been already going on for more than 20 years 
but acceptable decisions, which could be suitable for the 
most important and perspective applications, are not found 
till now. The continuous speech does not have any 
separators, unlike the text. It is the main difficulty of the 
continuous speech recognition. So the problem of the 
word chain recognition is usually decided by the method 
of generation and verification of phrase hypotheses. 

Practically all the approaches to continuous speech 
recognition are based on the principle of composite 
acoustic templates. The essence of the principle consists in 
the following: the hypothetical sequence of words is 
generated from a given vocabulary {V} in one way or 
another. The rules of generation can vary from strict 
syntax to complete enumeration. Every hypothetical 
sequence is compared with the input signal by the 
dynamic programming (DP) method or by Hidden Markov 
Modeling. It is clear that the complete enumeration is only 
possible in very specific tasks, for instance in the 
recognition of the digit sequence [1]. But in cases when 
the vocabulary size is increased to hundreds and 
thousands of words, the speech recognition task becomes 
computationally unacceptable. When the vocabulary 
contains 100 words the number of four-word 
combinations hypotheses will be (100)4 = (10)8. So 
practically certain limitations are used. These limitations 
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sed on strict syntax or stochastic n-gram model [2-
t in this case the model is not capable to deal with 
tically incorrect or stochastically unacceptable 

heses. In order to make the recognition process 
t to distorting factors, the generation model has to be 
estricted and at the same time has to avoid an 
stion. 

ally speaking the presented method is based on 
alternative choosing of word hypotheses within an 
nce, generating phrases hypotheses from these a 
iori word hypotheses, and their estimation taking 
ccount word acoustic likelihood and some time 
a. In our first version two kind of information were 
acoustic likelihood and inter-words time intervals. 
sented now version the third kind of information is 
: a total sum of word hypotheses duration. 

 word template from set V with size of N word is 
ared with the fragment of an input signal by 
cutive shift with the fixed step and DP distance is 
ted for every step. As a result we obtain an 
tes matrix of size NxT, where T is number of steps. 
 get the distance function set of size N. Then it is 

ormed to similarity function set, then these functions 
oothed and the local maximums are selected. It 

s to get a stream of word hypotheses which are 
ned in a given utterance. Then the optimal word 
nce, which corresponds to the input signal, can be 
. However the experience shows that the optimal 
tic hypothesis is far from being optimal according to 
ntegral criterion. Therefore the certain store of 
tic hypotheses is required. 

r a set of phrase hypotheses is formed based on this 
ation. The use of obtained set of acoustic 

heses in understanding process is presented in next 

E INTEGRAL MODEL OF THE 
TINUOUS SPEECH RECOGNITION 
 UNDERSTANDING 
erception of speech message in our model is the 

 of integral interaction of all particular levels of 
ssing. The output of each processing level presents 
et of alternative hypotheses with corresponding 
tes. The possible ambiguities and mistakes 



incoming into the current level (or appearing on it) are 
reduced or excluded in the course of integral processing. 
The result of the meaning recognition is the optimal 
hypothesis according to the minimal integral estimate. 

The structure of the continuous speech understanding 
model is shown in Figure 1. The high level processing of 
the model (semantic-syntactical and pragmatic) is 
described in [5]. In this paper we present a more detailed 
description of the acoustic level of the continuous speech 
recognition. 
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Figure 1: The structure of the continuous speech 

understanding model 

3 THE ELABORATION OF THE 
CONTINUOUS SPEECH RECOGNITION 
METHOD WITHOUT ANY SEMANTIC-
SYNTACTIC RESTRICTIONS 
Continuous speech does not admit simple and unique 
partition into elements (phonemes, words, phrases) as 
these elements do not have obvious physical boundaries. 
Probably they are selected in the mind of a native speaker 
as a result of the complex multilevel process of speech 
recognition and understanding. The numerous attempts of 
preliminary automatic partition of speech have not yielded 
positive results. 

We offer the approach, which eliminates the procedure of 
preliminary partition of speech and has a number of 
analogies with the processes taking place in neural 
structures. We take into account a hypothesis, according 
to which the brain reflects external influence as a space-
time matrix of excitements [6]. The result of the acoustic 
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nition is the hypotheses subset of the word 
nces (see Figure 2) with corresponding estimates of 
tical probability. These estimates are necessary for 
ollowing integral understanding. Thus phrase 
heses are built on the base of some preliminary 
is of the input signal, which significantly reduces 
number as compared with the generally accepted 
d of hypotheses generation. The size N of this 
heses subset is chosen to minimize the loss of the 
t hypothesis. It is made by experimental way. 
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Figure 2: Continuous speech recognition 

tructure of the acoustic level of the continuous 
h recognition is presented in Figure 3. The input 
, which is extracted by the preliminary procedure of 
terance boundaries determination, enters the module 
rametrical speech presentation. In this module the 
nce of digital samples is divided into speech 
nts. A vector of parameters is calculated for every 
segment. These vectors are transformed into the 
ers of the vector templates by a vector quantization 
que. Thus the base of the parametrical speech 
ption is represented by the sequence of the numbers 
plate vectors. 

nput signal presented in such a manner enters the 
le, which contains n analyzers of the acoustic DP 
arison. Every analyzer performs the sliding 
arison of the corresponding word template with the 
signal. As a result of consequential comparison of wi 
template with separate parts of the signal we obtain 
nction of DP differences Di(t). 

r the function of DP differences is transformed into 
unction of DP similarity Si(t) according to the 
ing rule: 

                                                                  (1) 

er to reduce the probability of the appearance of 
peaks, Si(t) function is undergone the procedure of 
hing. During the following processing only the 
 of the smoothed Si(t) function are taken into 
nt. 

btained information about the peaks of the smoothed 
unction similarity is joined into the data stream, 
 every element is presented by the set of the 
ing parameters: 

 the number of the word template; 

 the moment of the peak appearance; 

 the modified DP estimate of the similarity of the 
word template with the corresponding signal part. 
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Then the phrase hypotheses of limited length are built 
from the stream of hypotheses of diverse words. The 
phrases hypotheses are estimated on the base of 
beforehand calculated estimates of DP similarity, taking 
into account the probability of time intervals between 
peaks and total duration of phrase hypothesis. The second 
and third information types are calculated using the 
methodology of fuzzy sets. 
 Input 

signal 

Feature extraction and vector quantization 

·  ·  · w1 w2 wn 

Calculation of the functions of DP similarity S(t) 

Sliding DP 
comparison 

D(t) 

Smoothing of the S(t) functions  
·  ·  · 

Selection of the peaks in the smoothed S(t) 
functions  

·  ·  · 

Joining information 
about peaks of all S(t) 

functions into the united 
data stream 

·  ·  · 

Generation of phrase hypotheses 

Estimation of phrase hypotheses by acoustic and 
time parameters 

Subset of phrase 
hypotheses 

Acoustic 
templates 
of words 

Recognition 
of word 

hypotheses 
by sliding 

DP analysis 

Estimation of phrase hypotheses by total duration 
of phrase hypothesis 

Figure 3: The structure of the acoustic level of the 
continuous speech recognition 

A set of word sequence hypotheses and their probability 
estimates are obtained at the output of the acoustic 
recognition module of the continuous speech. A subset of 
the best hypotheses enters the following module of 
understanding. 

Thus the represented method allows to recognize of 
syntactically correct as well as incorrect word sequences. 
It makes the method suitable for robust speech 
understanding in contrast to the well-known recognition 
method, which uses stochastic N-gram model. 

4 RECOGNITION OF WORD 
HYPOTHESES BY SLIDING DP 
ANALYSIS 
The functioning of the analyzer, which performs 
acoustical DP comparison of the syntagma wi: turn_on, at 
different stages is shown in Figure 4. The phrase turn_on 
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ency landing was sent to the analyzer input. The 
er of acoustic DP comparison of the word wi and 
put signal is the procedure, which determines the 
rity of diverse parts of the input signal with the wi 
template. For this aim a series of consequent shifts 
 wi word template is accomplished from left to right 
ing to input signal. It is presented in Figure 4(a). At 

 step the matching and comparison of the beginning 
ord template and the current part of the input signal 
complished by using DP algorithm, which 

ensates the two-times deformation of the speech 
 The estimate of DP difference is saved and further 
e next shift of the word template beginning is 
med. As a result of such consequential comparison 
 wi word template and separate parts of the input 
 the D(t) function of DP differences is obtained (see 
 4(b)). 

the D(t) function of DP differences is transformed 
e S(t) function of DP similarity according to the rule 

igure 4(c) presents the S(t) function of DP similarity, 
 the local maximums (peaks) of the similarity of the 
rd template and signal parts are clearly visible now 
tunately there are false peaks, too). Therefore in 
moments the wi word was probably pronounced or 
rts similar to the wi word are present in the input 
. 
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e 4: The functioning of the similarity analyzer at the 
ferent stages for the wi word and the input signal 

er to reduce the probability of the appearance of 
peaks, the Si(t) function undergoes procedure of 
hing. During the following processing we will take 
ccount only the peaks of the smoothed Si(t) function. 
as it is shown in Figure 4(d), the similarity analyzer 



of the wi word template detected three peaks at the input 
signal. It means that it has obtained three hypotheses 
concerning the appearance of the wi word template at the 
input signal. 

5 THE ESTIMATION OF THE PHRASE 
HYPOTHESES BY ACOUSTIC AND TIME 
PARAMETERS 
Early in initial version of the proposed method [7] the 
estimation of phrase hypothesis is produced by acoustic 
probability of word hypotheses and time probability of 
intervals between them. However during research it was 
discovered that some part of false word hypotheses is 
appeared due to mistaken matching of template with 
“else's word” or his part. At that the information about 
duration of signal part, which is optimally matched with 
word template during the sliding DP-comparison, is not 
taken into account. At the same time importance of this 
information is obvious. It was made an assumption that if 
the word hypotheses correspond to real word then the sum 
of the corresponding durations of parts will be near to the 
duration of the recorded speech signal. In case of mistaken 
similarity the different deviations of durations distribution 
are probable that has lead to deviation of the mentioned 
sum from the signal duration. 

On the base of such assumption the research was 
conducted, which consisted in the following: (1) obtaining 
the duration of hypothetical words as a result of matching 
of signal parts and word template by dynamic 
programming (DP) method; (2) using this information 
during calculation of the summary duration of the 
hypothetical phrase; (3) elaboration of an estimation 
criteria of phrase hypothesis as a correspondence measure 
of whole duration of phrase hypothesis and the duration of 
input signal; (4) including obtained estimation into the 
generalized estimation of hypothetical phrase. 

DP-algorithm in combination with sliding analysis allows 
to efficiently exactly select the word hypotheses in the 
input signal, i.e. to determine their state in the time and 
durations. 

Construction of the phrase hypotheses is made after the 
processing of the whole signal and detection of the all 
word hypotheses. At that the acoustic probability Pi of 
word hypotheses and the time probability Bj of intervals 
between them are calculated also as in the initial version. 
In this version the probability estimation of the summary 
duration of the hypothetical phrase is added, which is 
obtained in the following mode: (1) the summary duration 
of the phrase hypothesis is calculated by summarizing of 
the durations of the corresponding word hypotheses; (2) 
the measure )( phK τ shows the degree of difference 
between f the obtained duration and the duration of input 
signal. At that the method of “soft” evaluation is used, as 
it was early during calculation of the Bj estimation. Then 
the formula for estimate of phH phrase hypothesis 
consisting L words obtains the following mode: 
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PERIMENTAL RESULTS 
xperimental testing showed that the addition of third 
of information (about total durations of phrase 
hesis) improves the performance from 70% to 74%. 
esearch will be continued. 

NCLUSION 
ew method of continuous speech recognition is 

sed, which is based on the sliding analysis of input 
 and the fuzzy sets theory. Given approach does not 
common accepted methods of the hypotheses 
ation, for instance, “composite templates”, 
ative grammars with using all possible constraints 
ntic-syntactic, stochastic and others). The method 
s to recognize both syntactically correct and 
ect word chains that makes it suitable for robust 
h understanding. 
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