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General characteristics of the dissertation

Topicality of the problem. Design and development of speech recognition
components require great human and time resources and that causes high costs for
this kind of products. Consequently, commercial speech recognition products are
designed for wide-used languages such as English, whereas small languages like
Lithuanian are ignored. The result of all this situation is speech recognition resear-
ch for small languages are specialized in adaptation and modification of solutions
for wide-used languages.

In order to improve this situation, it is necessary to expand Lithuanian spe-
ech recognition research by developing new methodical and technical speech re-
cognition tools, establishing new research trends and applying speech recognition
solutions to practical goals.

Aim and tasks of the work: to propose solutions to increase the accuracy
and efficiency of the word recognition system without modifying recognition and
signal analysis methods. In pursuance of this aim the following issues were dealt
with:

1. Increasing the stability and robustness of word endpoint detection.

2. Creation of word references enabling to increase the accuracy and efficiency
of the recognition.

3. Segmentation of utterances. Potentiality of recognition of utterance phones.

4. Development of an isolated word recognition system and experimental ana-
lysis of proposed procedures and methods.

Scientific novelty

1. The method of the automatic detection of word endpoints.

2. Creation of word reference, using the clustering technique — references are
created minimizaing average distances between utterances (distances are
calculated using the dynamic time warping approach).

3. Two word segmentation approaches are created: maximum likelihood and
minimal prediction error. Words are segmented into phones.

4. Word recognition by phones. A prototype of the word recognition by pho-
nes system was created, using the minimal prediction error segmentation
approach.

Methodology of research includes mathematical analysis, digital signal pro-
cessing, and pattern recognition theory. The word recognition system was built
using Microsoft development environment Visual Studio 6.0.



Practical value. Word endpoint detection, clustering-based training procedure
and segmentation approaches here have been implemented in the word recogni-
tion system Atpazinimas, word segmentation system Segmentacija, and in the web
browser and application control system. The word recognition and segmentation
systems were included in the Lithuanian speech recognition research works by the
programme “Lithuanian Language in the Information Society” for 2000-2006.

Defended propositions

1. The method of automatic word endpoint detection decreases the level of
recognition errors caused by endpoint detection errors.

2. Clustering-based system training procedure increases the recognition ac-
curacy with smaller number of references per word.

3. The developed methodology of word segmentation detects phone bounda-
ries as change moments of the linear prediction model of the speech signal.

4. Experimental results of isolated word recognition and segmentation prove
effectiveness of proposed procedures and methods.

Approval of the work. The main results were published in 6 scientific papers:
2 articles in the reviewed periodical publications from the list, approved by the
Science Council of Lithuania and 4 papers in the proceedings of conferences. The
results were presented in 3 international and 3 national conferences.

The scope of the scientific work. The scientific work consists of six chapters,
the list of literature, the list of publications, and one appendix. The total scope of
dissertation is 124 pages, 35 pictures, 14 tables, and 1 appendix. The dissertation
is written in Lithuanian.

1. Speech recognition systems

The basic speech recognition system consists of three parts: analysis block, a
set of references and classification block (Fig 1).

f References
Speech —»|  Analysis l

«—Classification —» Text

Fig 1. Structure of the speech recognition system

The analysis block analyses speech signal (usually framed) by extracting fea-
tures, i. e. data characterizing the linguistic content of a signal. A set of a stored
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utterance features is called a reference. The classification block classifies refe-
rences according to the distance (similarity) between the reference and analyzed
utterance thus making decisions on the best match.

2. Analysis of the speech recognition systems

The dynamic time warping approach has been chosen for word comparison
in our recognition system. The choice has been made with our notion that dyna-
mic time warping (DTW) is more applicable to isolated word recognition for its
straightforwardness, effectiveness, and lax requirements to training sets.

The chosen DTW approach holds both advantages and disadvantages. In our
opinion, advantages are as follows:

e Plainness of algorithm — the DTW algorithm is simple and readily realizable.

o DTW makes an acoustic analysis avoiding the linguistic analysis — a higher
level analysis like grammatical, syntactical, etc.

e Straightforward integration of higher level analysis stages. The output of the
comparison process could be readily sent for linguistic processing.
However, simplicity of the approach causes some drawbacks. They are:
e Recognition accuracy dependence on the number of references — more word
references yield a higher word recognition accuracy.

e Dependence of utterance analysis duration on the utterance length — a longer
word means a longer word recognition process.

e Dependence of recognition process duration on the total number of referen-
ces. Word comparison is performed with all references successively — more
references mean a longer recognition process.

3. Implementation of the recognition system
3.1. Potential improvements of the recognition process

We restricted our study to the improvement of isolated word (utterance) re-
cognition avoiding the analysis of feature sets. We have formulated the following
trends to improve the DTW approach:

e Short analysis units. By choosing shorter units for recognition we can
reduce the number of references — shorter segments occur in the spoken
speech more often than longer ones. A shorter recognition unit results in a
shorter comparison process of references.

e Optimality of the reference set. One of the possible ways to increase ro-
bustness of a recognition system to noise and speaker is enlargement of the
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reference set. An unfavourable outcome of this solution is a longer com-
parison process. Therefore references must be selected in a manner of an
optimal uterrance set.

e Optimization of the comparison process. Every reference is completely
examined, as usual. Considering some references prospectless for the best
match, there should be a possibility to avoid a complete examination of such
references. That should shorten the average utterance analysis duration.

We tried to solve reference optimality and prospectless reference rejection
problems. Using utterance segmentation into phones, we have proposed a shor-
tened recognition unit and a simplified comparison process thereby.

The practical thesis result is an isolated word recognition and segmentation
system KAS. The system has three operation modes: isolated word recognition,
word segmentation, and word recognition by phones. It can operate for any disc-
rete speech pattern — phone, syllable, word, or phrase, therefore we use the term
“utterance” along with “word” to describe a recognition unit.

3.2. Word recognition

Speech input and processing. There are two speech input modes — by mic-
rophone or from the PCM format file. The input signal is processed using a mean
subtractor and a first order high-pass filter.

Word endpoint detection. The next stage after speech signal processing is
word endpoint detection. There were two endpoint detection methods implemen-
ted in the system. The first and simpliest one is the energy threshold method.

The second method is based on detection of abrupt changes in random sequen-
ces. After the signal analysis we have obtained a sequence of signal frame energy
values. We can write

A1:N(,u1,a%), fork=1,2,...,u;
A(k) = Ay = N (p2,03) , fork=wu;+1,...,u9; (1
Az = N (ps,03), fork=us+1,...,K,
here A; and Ag are statistical energy parameters of silence segments before and
after the word, A, is set of word energy parameters, 1; and o; are the frame energy
mean and dispersion, u1 and uo are the moments of abrupt parameter changes
satisfying 1 < uy < ug < K. The moments of change & = [i1, @2] corresponding

to the beginning and end of a word we can find by maximizing likelihood function
of the set of change moments

4 = arg mfbxl(u|x). 2)

In order to reduce the calculating load, we take a logarithm of likelihood and trans-
form it to the sum of functions of one variable

@ = arg max log [(u|z) = arg max 6(ul|x), 3)
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where
O(ulz) = l1(u1]z) + l2(uzlz). C))

The partial likelihood function I;(u;|x) is calculated using the recursive exp-
ression

Li(klz) = l;(k — 1|x) — logb(i) + log b(i + 1)—
2
1 S :
22(7) Zaj(l)m(n —J) | +

with zero initial conditions.

Since the function §(u|z) is a sum of functions of one variable, it could be
maximized using the dynamic programming (DP) principle. Bellman functions
are defined to this end

g1(uzlz) = max Ii(u|r), (6)
p<ui<ug

go(uslr) = max  [l2(uz|z) + g1(uzlz)], o
pH1<us<us

for us=p+3,p+4,...,N.

Change moments (word endpoints) are determined as minimal arguments of peaks
of Bellman functions

4p =min |arg  max  g(n|z)|, (8)
p+k<n<ﬁk+1

for k=2,1; 43 =N.

At the start of calculations we must have initial parameter values. In real life,
they are unknown. Therefore we apply the generalized expectation maximization
algorithm in the likelihood function maximization. The first 11 and last 11 frames
of a signal are taken as silence segments for parameter evaluation. The rest part
of a signal is taken for word. Using the initial parameter values, we calculate the
values of likelihood functions, Bellman functions, and determine new values for
word boundaries. Calculations are repeated while word boundaries are varying.
The algorithm of word endpoint detection is given in Figure 2.

Signal analysis. Two signal analysis methods are implemented in the system:
linear prediction coding (LPC) and linear prediction coding cepstrum (LPCC) ana-
lyses. An autocorrelation method using the Levinson-Durbin algorithm is applied
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in the LPC analysis (of 10th order). The LPCC analysis order is variable in the
range from 2 to 49. The LPCC analysis with mean subtraction was implemented
additionally.

Speech signal

Beginning = 11 fr.
End=K—11fr

Segment energy
parameters
Partial likelihood
functions
Bellman functions
Change moments

oments
changed?

No
Word
endpoints

Fig 2. Word endpoint detection algorithm

References. Two reference creation methods are implemented: the direct and
clustering-based training. The first one declares utterance as a reference without
any additional analysis.

The clustering-based training procedure selects utterances from a set of candi-
dates. The selection criterion is a minimal average distance between the selected
utterances and the rest ones

1
i} = i E in{D;;}|, 9
{ie} argie{lr,’r’}l}{lj# P—m - min{Dy; } ©)
for m=1,2,..., M.

Here m is the number of references, P is the number of utterances-candidates,
{i'5} is the set of m references from P candidates, {17} is the set of all possible

10



reference permutations of m from P, {D;;} is the set of distances between all
possible reference permutations and the rest ones (distances are calculated using
dynamic time warping).

Firstly, all possible single reference variants are analyzed. Utterance having
the minimal average distance to others is declared as a reference. Next, all the
possible couples of references are analyzed, then all the possible variants of three
references, etc. The maximal possible number of references is 5, the maximal
number of utterances-candidates is 10.

Comparison. The stage of signal analysis results in a sequence of feature
vectors. It must be compared with reference sequences in order to get a numerical
assessment of mutual distances (similarities). The sequence of references yielding
the smallest distance is treated as a recognized utterance.

Dynamic time warping based on dynamic programming was used to compare
sequences. As usual, sequences are completely compared. The fast comparison
mode is used. If a partially accumulated distance exceeds the predefined threshold
value, the reference is rejected. Later experiments revealed rejection of about 80 %
of references.

3.3. Utterance segmentation

The second mode of the KAS system is utterance segmentation.

Speech input, processing, and analysis. Speech input and processing are the
same as word recognition mode. A signal is analyzed using the 10-th order LPC
analysis.

Segmentation. Just like word endpoint detection, segmentation is also based
on detection of abrupt change moments in random sequences. In this case, statio-
nary segments of a signal match phones, and change points are phone boundaries.
To this end, we consider a speech signal as a random sequence and describe it as
follows

z(n) =—ai(n)-z(n—1)—--- —ap-x(n —p) +b(n) - v(n). (10)

The model of signal with M change points can be defined as

Ay, forn=1,2,...,uq;
Ao, forn =u; +1,...,us;
A(n) = Ai, for n = Uij—1 —l—l,,uz, (11)
A, forn =wup—1+1,...,un;
Apr41, forn=wup +1,...,N.

Here A is the set of LPC model parameters, M is the number of change points,
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u = [ug,us,...,up] is the set of parameter change moments, satisfying p <
Uy <ug <--- < N.

Two segmentation approaches with a different optimality function have been
developed. The first one, called a likelihood function maximization approach, was
built by finding maximum likelihood of a set of change points

@ = argmax {(u|x). (12)

Similarly as in endpoint detection, we take a logarithm of the likelihood func-
tion and transform it to the sum of functions of one variable, i. e. partial likelihood
functions. Again, the dynamic programming principle is applied and Bellman
functions are calculated

gi(uita|r) = max [gi(vis1 — 1|z), (gim1(visr — 1z) + li(uiyr — 1|z))]
fortr=1,2,....M; ujp1 =p+i+2,p+i+3,....N (13)

under the initial condition

gi(p+i+1lz)=Lip+ilx)+g_1(p+1), (14)
fori =1,2,..., M.

Now, change points (phone boundaries) can be found

4; = min |arg max gi(klx)| , (15)
p+Hi<k<ait1
foreo=M,M —1,...,1; 4pr41 = N.

In reality, the number of change points and model parameters is unknown. We
use the expectation maximization approach again. The number of change points
and initial model parameters are defined by the user — he marks the places of likely
stationary segments. The number of change points is the number of selections
minus 1 and the parameters are computed at the selected places from the analysis
frame length segments.

The second developed segmentation approach is the minimal prediction error app-
roach. In this case, the optimality criterion for change points is prediction error

4 = arg max E(x|u), (16)

here E(x|u) is a negative prediction error. This expression is resolved into the
sum of partial prediction errors and the dynamic programming principle is app-
lied, Bellman function values are calculated. Change moments are found using
(15). The utterance segmentation algorithm is given in Figure 3.
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Chosen frames| Speech signal

LPC model
parameters

Partial likelihood /
error functions

Bellman functions
Change moments

oments
changed?
No

egment
boundaries

Fig 3. Utterance segmentation algorithm

3.4. Utterance phone recognition

Utterance segments (segments mostly correspond to phones, so hereafter we
will call a segment as a phone) can be presented for recognition. By segmenting
utterances before recognition we could organize the recognition of utterance pho-
nes. That is the idea of the third mode of the system KAS.

The number of phones is finite for any language. Hence, ideal utterance seg-
mentation into phones would result in the number of references equal to the num-
ber of phones (or its multiple). In fact, a stable segmentation is hardly achievable,
therefore the number of references will be lager than that of phones. But we still
can expect it to be smaller than the number of phones in the training set. Beside,
there is a theoretical possibility to recognize unknown utterances.

Secondly, a phone is a few times shorter than a word. It means that

e The analysis of one reference would be shorter.

e The memory required for reference storing would be smaller.

We have determined phones as stationary segments. We have followed the
same assumption on phone recognition and have chosen the analysis frame of the
phone length. This resulted in that
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e The classification was reduced to the comparison of mutual vector distances.

e The amount of memory required for reference storing was decreased, every
phone is represented by one feature vector.

The algorithm of utterance phone recognition is given in Figure 4.

Speech signal

Signal processing

Segmentation

Signal segment
analysis

Classification

Trans-

cription

Phone references

Fig 4. Utterance phone recognition algorithm

4. Experimental test of the system

The aim of experimental tests is actual evaluation of recognition and segmen-
tation accuracy. The following processes have been analyzed: word endpoint de-
tection efficiency, effect of word endpoint detection and system training on the
recognition accuracy, segmentation efficiency and utterance phone recognition.

Experimental environment and data. All experiments were done by compu-
ter. Optimality of the system working parameters (analysis frame length and shift,
analysis order, preemphasis coefficient, threshold values) was not the aim of exper-
iments and they were established according to the author’s practical experience.
All utterances were recorded using various computers under different acoustic con-
ditions. The vocabulary consisted of 111 words pronounced by 5 men and 5 wo-
men. The total number of utterances was 9102. The speakers were labelled with a
letter (M — woman, V — man) and one-figure serial number (e. g. 1).
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Analysis of word endpoint detection. The target of analysis — accuracy of
word endpoint detection using both methods. The energy threshold method was
used at the threshold value 0,05. The difference between detected by method and
manually marked endpoint larger than 20 % of word length was registered as de-
tection error. The graphical test results are presented in Figure 5 (DP stands for
the endpoint detection method proposed by us, and ET for the energy threshold).

6,8 %

5,2 %

Errors, %
(=) [\S) e (o)) o]

DP T (0,05)
Method

Fig 5. Accuracy of word endpoint detection

As we can see, the accuracy of the energy threshold method was a little bit hig-
her, but the difference was insignificant. In general terms, results of both methods
should be qualified as average. However, the DP method has a few advantages over
the energy threshold. Firstly, there is no need for parameter adjustment. Secondly,
the DP method is more robust to an increase of the signal-to-noise ratio (SNR) and
only at high SNR values (20 dB and more) its accuracy is lower.

Word recognition analysis. The aim is to estimate effect of word endpoint
detection and system training procedure on the isolated word recognition accuracy.

First of all, recognition was analyzed by different word endpoint detection
methods. The recognition threshold for linear prediction coding (LPC) analysis
was 0,7, while for linear prediction coding spectrum (LPCC) and LPCC with mean
subtraction (LPCC) analyses — 0,5. Recognition results are shown in Figure 6. We
can see that recognition using automatic endpoint detection was a little bit more
accurate despite its lower accuracy in the previous experiment.

When analyzing the training influence on the recognition accuracy, the case of
three references per word was chosen. The recognition accuracy, using automatic
endpoint detection and training procedure achieved 96-98 %. In comparison with
a plain recognition the accuracy has increased from 10 % for LPCC to 15 % for
LPC analysis. Furthermore, the accuracy of LPC analysis almost reached that of
cepstral analysis. In a speaker-independent experiment an increase in accuracy
was about 10 % for all the types of analysis.

Segmentation analysis. The objects of analysis are segmentation approaches.
The main criterion for evaluating the segmentation result was the number of distin-
guished phones regardless of the accuracy of phone boundaries. If it was smaller
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than the actual number of phones, then it was treated as an error. Experiments we-
re done with 888 utterances of 8 persons. The segmentation results for likelihood
maximization (LM) and minimal prediction error (ME) approaches are shown in
Figure 7.

100
@I LPC
C_1LPCC
o5l [ E=LpPCC |/
207 g4 a878% 81T %

Correct, %
o]
U\

O

85.4 %
812%
8 ' 778%
75

Endpoints detectlon

Fig 6. Word recognition accuracy with different endpoints detection methods

As we can see, the ME approach overtook the LM approach nearly by 23 %.
Individual speaker results revealed the minimal prediction error approach to be
more stable between different speakers (fluctuation of segmentation results was
about 15 %) than the likelihood maximization approach (results fluctuated at about
55 %).

85.5 %

62,2 %

Correct, %

M . ME
Segmentation approach

Fig 7. Utterance segmentation results

The number of iterations required for final solution was similar for both appro-
aches: 3-6 iterations. A majority of ME approach errors was one phone error, the
difference between the extracted and actual phone number was one. The exper-
iment with segmentation dependance on the recording quality has demonstrated
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higher robustness of the minimal prediction error approach to the decrease of the
signal-to-noise ratio.

Utterance phone recognition. The minimal prediction error segmentation
approach was selected for the analysis of the utterance phone recognition. Exper-
iments were carried out with one speaker’s utterances (111 words). During trai-
ning utterances were segmented and phones were labelled using the Lithuanian
alphabet. References were created in a direct creation manner, regardless of seg-
mentation correctness. The results of utterance phone recognition are presented in
table.

Table. Utterance phone recognition results

. Phone unrecognition errors per utterance, %
AnaySS—5—T—7 1 2 | 3 [ >3 | AN
| tecc | 54 | 216 | 288 | 154 | 252 | 36 |

As we can see, mostly one phone error occured. The level of complete recog-
nition of the whole utterance was above 5 %. There were 2,5 substitution errors
and nearly 0,1 deletion error per word on the average.

In order to decrease one phone error level we applied automatic grammar chec-
king for recognition results. This increased the level of completely correct recog-
nition up to 15,3 % and decreased the level of one phone errors down to 11,7 %.

5. Results and conclusions

Summarizing the results achieved and knowledge obtained the following conc-
lusions are drawn:

1. The method of automatic detection of word endpoint was created. The error
level of 6,8 % was a quarter higher than energy threshold error level. Despite
this fact word recognition accuracy using automatic method was about 3,5 %
higher than using energy threshold. Hence we state that stability is the most
important requirement for the word endpoint detection. Stable and robust
detection allows decrease the level of recognition errors.

2. The clustering principle was applied in system training. References have
been created minimizing the average distance between utterances of the trai-
ning set (distances are calculated using the dynamic time warping approach).
The accuracy of the recognition system trained with 3 references per word
(using clustering) was about 2,5 % higher than the acurracy of the system
with 5 references per word (created directly). That implies that using se-
lection procedures during training process gives 2—3 % higher recognition
accuracy with smaller number of references per word.
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3. Proposed word endpoint method and training procedure reduced the error
level of the word recognition system. The absolute increase of the accuracy
of speaker-dependent word recognition was 10-19 %, in case of speaker-
independent recognition increase was 10—11 %. Thus accuracy of the recog-
nition system can be improved optimizing separate stages of the recognition
process.

4. The methodology of utterance segmentation was proposed. Two segmenta-
tion approaches were created using this methodology: likelihood function
maximization and minimal prediction error approach. The likelihood func-
tion maximization operated with correct segmentation level of 62,2 %, and
the minimal prediction error approach gave the level of 85,5 %. This su-
ggests that phone boundaries in signal can be detected as change moments
of linear prediction model parameters of the speech signal.

5. The idea of utterance phone recognition has been proposed. Recognition is
performed in two stages: utterance is segmented into phones and then the
extracted phones are recognized. The results of experiments were following:
all phones of word were recognized correctly in 11,5 % of words, one phone
error was made in 11,7 % of words. This way of recognition organization
simplifies the comparison process and gives small recognition unit which
allows to reduce the number of references.

Results revealed that isolated word recognition researches should be directed
towards the improvement of the utterance phone recognition: choice of the re-
cognition unit and signal analysis model, automation of the segmentation process,
optimization of the similarity estimation, and application of linguistic processing.
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Pavieniu Zodziu atpazinimo sistemy kiirimas

Mokslo problemos aktualumas. Atpazinimo sistemy kiirimas reikalauja dide-
liy laiko ir zmogiskojo darbo resursy, kas sglygoja didelg tokiy produkty savikaing.
Todeél komerciniai produktai, kuriuose realizuojamas kalbos atpaZinimas, kuriami
tik dideléms rinkoms, t. y. placiai paplitusioms kalboms. Tuo tarpu kalbos, var-
tojamos nedidelése srityse, liecka be démesio. Toks atsiribojimas lemia ty kalby
atpazinimo tyrimy nykima — tyrimai apsiriboja didZiosioms kalboms sukurty me-
tody ir technologijy pritaikymu ir modifikavimu.

Siekiant sumazinti atskirtj, padidinti prakting kalbos atpaZinimo reik§meg ir jta-
ka Siuolaikinéms technologijoms, biitina kurti metodines ir technines lietuviy kal-
bos atpaZinimo tyrimy priemones, plésti atpaZinimo klausimy tyrimus, ieSkoti ir
formuluoti naujas tyrimy kryptis, bandyti pritaikyti atpaZinimo sprendimus prak-
tiniams uzdaviniams.

Darbo tikslas ir uZdaviniai — pasitlyti sprendimus, kurie leisty padidinti pa-
vieniy ZodZiy atpazinimo sistemos tiksluma bei efektyvuma nemodifikuojant nau-
dojamo atpazinimo ir signalo analizés metody. Siekiant tikslo buvo sprendziami
Sie uzdaviniai:

1. Pasitlyti sprendimg ZodZio riby nustatymo stabilumui ir atsparumui triuks-

mui didinti.

2. Pasiiilyti Zodziy etalony sudarymo metoda, didinantj atpaZinimo tiksluma ir

efektyvuma.
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3. Pasitlyti ZodZiy segmentavimo | garsus metoda. ISnagrinéti ZodZio garsy
atpazinimo galimybe.

4. Realizuoti pasiiilytuosius metodus. Eksperimentiskai jvertinti ZodZiy riby
nustatymo ir etalony kiirimo jtaka atpazinimo tikslumui, segmentavimo me-
tody tiksluma.

Mokslinis naujumas. Disertacijoje pasiiilyta keletas sprendimy, didinanciy
pavieniy zodZiy atpazinimo tikslumg ir efektyvuma. Sukurtas automatinio Zodzio
riby nustatymo metodas. Metodas pasiZymi atsparumu triuk§mui, didesniu nei
energijos slenks¢io metodas, ir leidZia sumazinti atpazinimo klaidy, kylanciy dél
klaidingy Zodzio riby, kiekj. Etalonams kurti pasiiilytas klasterizavimas, minimi-
zuojantis vidutinj atstumg iki klasteriy centry. Sprendimo isskirtinumas — atstumai
skai¢iuojami naudojant dinaminj laiko skalés kraipyma. Toks sistemos apmoky-
mas (etalony kiirimas) leidZia padidinti atpaZinimo tikslumg su mazesniu etalony
kiekiu.

Sukurti du ZodZiy segmentavimo  garsus metodai, grindZiami tikétinumo funk-
cijos maksimizavimu ir prognozés klaidos minimizavimu. Abiejuose metoduose
garsy ribos aptinkamos kaip kalbos signalo modelio parametry pasikeitimo mo-
mentai. Panaudojus maZiausiy kvadraty metodg suformuluota ir realizuota ZodZiy
atpazinimo garsais idéja. Zodis atpaZjstamas 2 etapais: segmentuojamas i garsus,
pastaruosius atpazistant. Toks atpaZinimas leido supaprastinti palyginimo proce-
sq ir sumazinti reikalingy etalony kiekj. Be to, idéja leidZia formuoti tolimesnio
darbo kryptis: tobulinti segmentavimo metoda, taikyti alternatyvius kalbos signalo
analizés ir klasifikavimo metodus.

Tyrimy metodika apima matematinés analizés, skaitmeninio signaly apdoroji-
mo, atpaZinimo teorijos Zinias. AtpaZinimo sistema realizuota C++ kalba, naudo-
jant Microsoft Visual Studio 6.0 programavimo aplinka.

Praktiné verté. Disertacijoje sukurtieji ZodZio riby nustatymo, klasterizavimu
pagristas etalony kirimo metodas ir segmentacijos metodai buvo panaudoti pa-
vieniy ZodZiy ir fraziy atpaZinimo sistemoje Atpazinimas, Zodziy segmentavimo
sistemoje Segmentacija ir interneto puslapiy atidarymo ir programy paleidimo sis-
temoje. ZodZiy atpaZinimo ir segmentavimo sistemos jtrauktos j 2000-2006 m.
programos ,,Lietuviy kalba informacinéje visuomenéje* automatinio lietuviy $ne-
kos atpaZinimo tiriamuosius darbus.

Ginamieji teiginiai

1. Automatinis ZodZio riby nustatymo metodas leidZia sumaZinti atpaZinimo
klaidy, kylanciy dél neteisingai nustatyty riby, lygi.

2. Klasterizavimu pagristas etalony kiirimas leidZia padidinti atpaZinimo siste-
mos tikslumg su mazesniu etalony skai¢iumi.
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3. Sukurtieji kalbos signalo segmentavimo metodai leidZia ZodZiy garsy ribas
signale aptikti kaip signalo tiesinés prognozés modelio parametry pasikeiti-
mo momentus.

4. Atpazinimo sistemos eksperimentinio tyrimo rezultatai patvirtina pasitily-
tyjy sprendimy ir metody efektyvuma.

Darbo apimtis. Darba sudaro 6 skyriai, literatliros ir autoriaus publikacijy
saraSai bei vienas priedas. Disertacijos aiSkinamajj rasta sudaro 124 teksto pusla-
piai su 35 iliustracijomis ir 14 lenteliy.

Pirmajame skyriuje pristatoma darbo tema, darbo tikslas ir uZdaviniai, gina-
mieji teiginiai bei darbo mokslinis naujumas.

Antrajame skyriuje nagrin¢jami kalbos atpaZinimo klausimai ir problemos.
ApZzvelgiama sistemy raida, darbai uzsienyje ir Lietuvoje.

Treciajame skyriuje nagrinéjami kalbos atpaZinimo sistemy elementai — signa-
lo analizés metodai, klasifikacijos metodai, jy privalumai ir trilkumai.

Ketvirtajame skyriuje suformuluoti ZodZio riby nustatymo ir ZodZiy segmenta-
vimo metodai. Etalonams kurti pritaikytas klasterizavimo principas. Suformuluota
Zodziy atpaZinimo garsais idéja.

Penktajame skyriuje pateikti sukurtosios pavieniy ZodZiy sistemos eksperi-
mentinio tyrimo rezultatai. Tirta pasitlytyjy ZodZio riby nustatymo, segmentavimo
metody darbingumas, mokymo jtaka atpazinimo tikslumui. Atliktas preliminarus
7Zodziy atpaZinimo garsais tyrimas.

Sestajame skyriuje apibendrinami darbo rezultatai, suformuluojamos darbo
iSvados ir jvardijami ateities darbai vystant ZodZiy atpaZinima garsais.

Priede pateikiamas sistemai tirti naudotas Zodynas.

Bendrosios isvados

Atlike pavieniy Zodziy atpaZinimo, naudojant dinaminio laiko skalés kraipy-
mo metoda, tyrima, suformulavg metodo trukumus ir pasidlg¢ sprendimus jiems
pasalinti, gautus darbo rezultatus apibendriname:

1. Sukurtas automatinis ZodZio riby nustatymo metodas, pasiZymintis stabi-
Iumu bei atsparumu signalo kokybés kitimui. Eksperimenty metu gautas
6,8 % klaidy lygis buvo mazdaug ketvirtadaliu didesnis nei energijos slenk-
s¢io metodo. Taciau atpazinimo klaidy lygis naudojant pasitilytaji metoda
buvo iki 3,5 % maZesnis nei energijos slenks¢io atveju. Todél teigiame,
kad svarbiausia ZodZio riby nustatymo savybé — stabilumas. O stabilus ir
triukSmams atsparus Zodziy riby nustatymas leidZia sumaZzinti atpaZinimo
klaidy lygi.

2. Etalonams kurti pasitlytas klasterizavimo principas, minimizuojantis vidu-
tinj atstumg iki klasteriy centry (atstumas skaic¢iuojamas naudojant dinaminj
laiko skalés kraipyma). Sistemos, apmokytos 3 etalonais kiekvienam Zody-
no ZodZiui (naudojant klasterizacijos principa), atpaZzinimo tikslumas buvo
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vidutiniskai 2,5 % didesnis uz sistemos su 5 kiekvieno zodzio etalonais (eta-
lonus kuriant tiesiogiai, be jokios atrankos procediiros). Taigi papildomy at-
rankos procediiry naudojimas mokyme 2-3 % procentais padidina sistemos
atpaZinimo tiksluma su mazesniu etalony skai¢iumi.

3. Idiegus pasialytuosius ZodZio riby nustatymo ir etalony kirimo metodus
nuo kalbétojo priklausomo pavieniy ZodZiy atpaZinimo tikslumo absoliu-
tus padidéjimas buvo 10-19 %, nepriklausomo nuo kalbétojo atpaZinimo —
10-11 %. Taigi kalbos atpaZinimo sistemos tikslumas gali buti padidintas
ne modifikuojant atpaZinimg metoda, o optimizuojant atskirus atpaZinimo
etapus.

4. Pasiulyta ZodZio garsy riby nustatymo metodika, kuria remiantis sukurti du
metodai ZodZiams segmentuoti — tikétinumo funkcijos maksimizavimo ir
prognozés klaidos minimizavimo. Eksperimenty metu tikétinumo maksimi-
zavimo metodo segmentavimo tikslumas sieké 62,2 %, prognozés klaidos
minimizavimo metodo — 85,5 %. Taigi garsy ribos signale gali buti ieSko-
mos kaip kalbos signalo tiesinés prognozés modelio parametry pasikeitimo
momentai.

5. Suformuluota ZodZiy atpaZinimo garsais idéja. Siuo atveju atpaZinimo pro-
cesas vykdomas dviem etapais — Zodis segmentuojamas j garsus, pastaruo-
sius bandant atpazinti. Eksperimenty metu visi ZodZio garsai teisingai at-
pazinti 15,3 % 7odziy, suklysta vienu garsu — 11,7 % ZodZiy. Pagrindinis
tokio atpaZinimo organizavimo privalumas — elementarus dviejy pavyzdziy
palyginimas ir smulkus atpaZinimo vienetas, leidZiantis sumazinti dideliam
Zodynui reikalingy etalony kiekj.

Disertacijos darbo rezultatai parodé, kad tolimesni pavieniy ZodZiy atpaZinimo
tyrimai turéty biiti nukreipti ZodZiy atpazinimo garsais idéjai tobulinti — parink-
ti optimaly atpaZinimo vienetg, signalo analizés metoda, automatizuoti segmen-
tavimo procesa, optimizuoti panasumo jvertinimo procediira lygiagreCiai taikant
lingvistinj apdorojima.
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