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Dynamical system generated state

Dynamical system signal of / state,genetated in the p environment
Order number of an autoregressive (AR) model

1 -th sample of the generated signal X, (/, p)

Environment

parameters of the autoregressive model

Gaussian random sequence; average EV; =0, and dispersion EV;? =1

Dynamical system operation moment in the new environment
Parameter determining the moment of change () in the dynamical
system environment

Variation boundaries of the parameter (i =1,2,..,N)
Standards reflecting the states of dynamical systems

Standard-forming sub-standards of state-reflecting indications

Matrix describing indications of the standard, and the sample observed

Weight of the distances of features

Distance between the indications of sample x;(/, p, u) , and the standard

Ey(h=1,eeLy)
Zero-crossing rate feature

Signal energy feature

Constants

The amount of (sample) signal-warping frames

Signal window frame length

The quality of recognizing sample x;(/, p, #) in the I-th environment

The amount of properly-recognized samples x;(/, p, 1) in the /-th
environment

The amount of samples under observation x;(/, p, x) in the /-th
environment

The correct solution of the sample recognition

Modeling of sequence for state sample

The amount of states Q;(/ =1,..,L) for modeling sample emergence
The general amount of states Q;(/=1,..,L) for modeling sample

emergence
Sequence of state-generated sample

Sample sequence modeling multiplier

Dispersion of the shortest distances «,(p = 1,.., P) obtained in

4, (p =1,..,P) environment
Average of the shortest distances &, (p =1,.., P) obtained in

4, (p =1,..,P) environment



INTRODUCTION

Relevance of the problem

The sphere of information technology (IT) is undergoing a phase of rapid
development, thus, it offers ceaseless novelty, functional innovations and new
possibilities. The main aim of the field nowadays is success in making IT more
attractive as well as user-friendly, and the pace of the advancement being likely to retain
its stability, the future is believed to bring mobile, easily-navigable and even voice-
guided technological products.

Voice navigation is one of the main perspectives of further progress in the field.
The current use of technology, such as laptops, tablets, smartphones, and other mobile
devices is going to increase. People do already use and are likely to continue using their
IT gadgets in cafes, bus stations, subways, underwater vehicles with particular
atmosphere and in more or less noisy environment. And as voice recognition devices
must successfully operate under different circumstances, it is very important to analyze
the effects of different acoustic environments on acoustic signal recognition devices
exploring the level to which the devices can adjust to the altering operation conditions
successfully.

The dissertation analyzes the problem of acoustic signal recognition devices
operation in non-stationary acoustic environments by providing the theory and
constructive methods for evaluating acoustic attributions of enclosed environments,
which cause errors in sound signal recognition; and for precision in acoustic signal
recognition maintenance when the acoustic signal recognition devices are found in
environments of different acoustic attribution.

The impact of acoustic features of the environment on the quality of the operation
of the acoustic signals recognition device is analyzed. The method of adjusting to
altered circumstances and the implementing algorithms allowing the recognition of the
moment of change in the environment features, and executing adjustment procedures
under new conditions are explored.

In the dissertation, a theoretical model of the situation is presented. In it, the
author indicates the possible ways of describing its constituent parts and reveals the way
the acoustic signals are modeled. Also, the way of evaluating and modeling the acoustic
specifications of the environment in which the recognition device operates is explained.
More, the change in the qualities of speech signals found in the environment possessing
new acoustic features is presented.

Software, based on the usage of the dynamic time warping method, was designed
for conducting pilot researches. The software enables the modeling of various
recognition situations in which both samples of the observed states, and the attributes of
the environments in which the acoustic sound recognition processes take place can be
controlled.

Conducting pilot researches on real speech signals is very expensive and it
requires a great scale of human resources. Thus, the dissertation gives exceptional
importance to acoustic signals that in a way reflect the attributes of speech signals. By
modeling different possible recognition situations and states-generated samples, it is
possible to examine diverse methods of adapting the teaching procedures. This allows to
correctly predict when the model suggested is going to operate well, when it is difficult
to adapt and under what circumstances the adaptation model suggested is not going to



work properly. The answers to these questions are given in the dissertation in the form
of pilot research results.

The effectiveness of the adaption to new environmental conditions method, based
on the usage of recognition signals, is demonstrated in the pilot researches in the
dissertation.

The aim of the work is to analyze the adaptation possibilities of the acoustic
sound recognition device when adjusting to shifting environment conditions, and to
propose a constructive methodology for adapting to the changed environment
conditions.

In order to meet the aim of the work the following aspects are to be fulfilled:

1. To describe the acoustic attributes of the environments in which acoustic signal
recognition processes (training and recognition) take place.

2. To analyze the impact of the acoustic characteristics of the environment on the
recognition device.

3. To analyze the methods allowing to detect the moment of change in the
characteristics of the environment.

4. To analyze the opportunities to operate training procedures of the recognition
device in altered environments.

5. To create a pilot base with the help of which it would be possible to model
various situations of acoustic signals recognition by controlling the acoustic
characteristics of the environments.

6. To demonstrate the effectiveness of the proposed recognition device in adapting
to the method of shifting environment conditions through pilot researches.

Scientific novelty

The following results attained in the dissertation are scientifically new:
1. The method of the acoustic signal recognition system’s adaptation to the altered
recognition conditions has been developed.
2. A software system allowing the examination of various acoustic signal
recognition situations has been created.
3. Researches proving the effectiveness of the created method of acoustic signals’
adaptation to changing environment have been carried out.

Practical significance

The methods proposed in the dissertation allow the functioning recognition

system to adjust to the changing environment conditions retaining the quality of
recognition.
The methodology of the work is based on the experimental research results. The method
of adjusting to altering environment conditions puts an emphasis on the results provided
by the recognition device, rather than on the particularities of operation of the device,
thus, the method can be widely applicable to recognition devices using different
recognition approaches.



It is possible to model various recognition situations, proceeding with the research
work in the field of adjusting to shifting environment conditions, taking advantage of
the software package developed in the dissertation.

Aprobation and publications of the research

The main results of the work were presented and discussed at the following
conferences:
1. Analysis of Factors Influences Precision of Speech Recognition. 14th
International Conference “Electronics 2010”7 May 18, 2010, Kaunas,
Lithuania.

2. Estimation of the Environmental Impact on the Accuracy of Signal
Recognition. The 19th International Conference on Information and Software
Technologies (ICIST 2013), October 10"-11", 2013, Kaunas, Lithuania.

Two publications are referred in scientific databases:

1. G. Ceidaité. L. Telksnys Analysis of Factors Influencing Accuracy of Speech
Recognition electronics and electronical engineering 2010. No. 9(105) 69 -72
psl. ISSN 1392 — 1215

2. G. Ceidaite. L. Telksnys Estimation of the Environmental Impact on the
Accuracy of Signal Recognition. Springer-Verlag CCIS (Communications in
Computer and Information Science) Volume 403, 2013, 261-271 psl. ISBN
978-3-642-41946-1

Statements for the defence

The environment in which the acoustic signal recognition device operates has
influence on the quality of recognition.

In order to ensure the recognition quality in the altered acoustic environments it is
necessary to follow procedures of adjustment to new working conditions.

The adjustment to altered conditions process is influenced by the order of
emergence of the states samples analyzed, and by the physical similarity of the states
samples.

Using the recognition results given by the recognition device in order to control the
quality of the recognition process is seen as appropriate.

The newly-developed methods (APMIA, NMPT, and Elipses) for adjusting to the
alterred conditions open up possibilities to control the streams of altering recognition
CITOrS.

The experimental researches conducted prove the effectiveness of the proposed
methods.



Structure and size of the work

The dissertation consists of an introduction, six chapters, conclusions, and a
references list. The chapters are divided into subchapters some of which include several
sections.

The introduction part of the dissertation describes the subject of the research and
relevance of the topic. The part also involves the formulation of the aim of the work,
description of research methods, scientific novelty, practical significance of the
dissertation, approval of the work, a list of research publications, an overview of the
structure of the work, and the content of the dissertation.

The first chapter gives an overview of the works of the scientists of both
Lithuanian and foreign origin conducted in the thematically-related sphere. The works
carried out in the field of acoustic signals recognition while examining the impact of the
existing noises on the quality of recognition and possibilities of adjustment to them are
analyzed in the dissertation.

The second chapter examines factors exerting influence over the acoustics of the
environments. Also, the method for measuring and describing acoustic environment
characteristics is presented. More, the method for modeling acoustic signals in
environments possessing particular acoustic characteristics is discussed. An
experimental research the results of which demonstrate the impact of the environment
where the device operates on the acoustic signal recognition device is described.

The third chapter gives an analysis of the problem of establishing the moment of
change in the environment conditions. A parameter the observation of which allows the
establishment of the moment of change in the environment conditions is presented.
Methods for generating the observed state samples in the environment are described.
Also, a methodology for evaluating environment conditions is provided.

The fourth chapter includes the discussion of three constructive methods with the
help of which the recognition device can easily adapt to and effectively operate in the
new environment. A detailed overview of each respective method’s actions the
fulfillment of which allows the adjustment of the recognition device to the new situation
is proposed.

The fifth chapter describes the software with the help of which the characteristics
of the observed states samples, as well as their sequence of emergence in the
environment during the recognition process is possible to model. With the help of the
software, various recognition situations and ways of adjusting to new situations can be
modeled. This particular software has been used while conducting experimental
researches demonstrating the effectiveness of the method while adjusting to changeable
conditions.

The sixth chapter describes experimental researches that have been conducted.
The chapter also provides a detailed description of the state samples used and the
process of modeling them in environments possessing new acoustic characteristics.
There was an experimental research conducted seeking to establish which of the
processes given in the third chapter should be used in order to identify the moment of
change in the characteristics of the environment within the shortest time possible.
Results and conslusions deriving from the research are provided. Also, an experimental
research analyzing the effectiveness of adjusting to the altering environment conditions
is described. The methods already discussed in the fourth chapter are analyzed
questioning their effectiveness; results and conclusions of the research are presented.



CONTENT OF THE DISSERTATION

1 Evaluating acoustic characteristics of environments

There are numerous factors affecting the sounds traveling within the environment.
Thus, in this particular situation, it is worthwhile to describe the acoustic characteristics
of environments by giving an overview of the acoustic signals’ (sounds’) amplitude
spectral characteristics of the enviroment

S(f) = \/[ ih(k)coszafkj —[ ih(k)sinZ;_zﬂcj

k=—0

2
, (1.1)
Where /(k) — acoustic response signal function of time describing the acoustic

characteristics of environments. Acoustic response signal function /(k) defines the
response y(n) by the signal x(n) within the environment:

y(m)= gh(k)X(n—k) (1.2)
If the signal x(n — k) is of short impulse o(n — k) the function of which is
x(n—k)z&(n—k):{l’ n=k (1.3)
0, n#k
then
Yy =Y h(k)S(n— k) = hk). (1.4)

k=0

The acoustic response signal function /A(k)might be acquired by releasing an
impulse signal d(n) in the environment. Impulse signal &(n)[15] has been used during
the experiments.

m 3 my?
o(n)=4r n*e* i’ (1.5)
27K ,T

Here k ;— the Boltzmann constant, m — gass molecular mass, 7— temperature, 7

— gas molecular speed. The impulse sinal has been generated by shooting a 9 mm

revolver depicted in Figure 1.1.
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Figure 1.1 A 9 mm revolver used for analyzing the acoustic characteristics of the environments

The spectral characteristics S ,(f), Sy(f), Sc(f), S,(f) of environments A, B, C and D
are presented in Figure 1.2:
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Figure 1.2 a) The environments of the experimental research b) Spectral characteristic
S(f;) of environments A, B,C, D.

2 Research on the environment’s impact on acoustic signals

Acoustic signals recognition devices are trained in one particular environment,
thus, happening to operate in a different acoustic environment, their accuracy of the
devices’ operation might be inadequate due to the impact of the new environment’s
specific characteristics. This is illustrated by the below-given example.

A problem in which we deal with the acoustic signal recognition device trained to
recognize acoustic speech signals in the environment A is to be solved (Figure 1.2).
During the time moment #, the recognition device moves from the Environment A to
Environments B, C and D. We are to analyze the impact the change in the environments
has on the accuracy of recognition.

11



Training the recognition system

Two recognition situations were analyzed in the experiment. To train the class a set
of 10 speech signal examples was used. Pattern references signals created in the
Environment A by woman voice at the same time, and different size sets of speech
signal pattern references were used for all training situations

1" training situation. Two first speech signal pattern references were taken from
the set of speech signals for training. Recognizer used the nearest neighbor method to
choose the best signal for training. In this situation we had a recognizer trained with one
Q class pattern reference of speech command.

2" training situation. Six first speech signal pattern references were taken from a
set of speech signals for training. Recognizer used the same nearest neighbor method to
choose five best signals for training. In this situation we had a recognizer trained with
five Q class pattern references of speech command.

The basic environment for training was Environment A (signed EA). One female
utterance was used for training. Recognition process was performed in environments A,
B, Cand D.

Solving the recognition problem

A signal recognition system, identifying separately-uttered speech signals which is
based on the dynamic time scale warping method, was used in the research [23]. Its
operation constitutes three parts: speech signal retrieval, training the class according to
the references and speech signal identification.

Once the speech signal of the speaker gets into the recognition system, it is
processed. At first, initial and final sound boundaries are identified. This is done using
the method of dynamic programming. By using Bellman functions, the most probable
moments of signal change are found — these are then taken as initial and final
boundaries of the speech signal. The rest part of the speech signal is regarded as a signal
of the environment.

The training of the recognizer is based on the closest neighboring sound principle.
From a variety of training examples, a set of examples with smallest distances between
them are selected. Then, the calculation is done in the following manner: firstly,
calculations with all combinations of the possible reference are done; one of the training
utterances is taken as a reference, while the rest are regarded as comparatives. Then, it is
established, which of the training examples shows the best results, i. e. which example
has the shortest average distance to other examples. Afterwards, calculations with twos
of possible references are done — the training examples two showing the best results is
ascertained. The same procedure is carried out with the training examples threes and
fours.

The dynamic time scale warping method is used while establishing the shortest path
to the class reference. Itakura rule is used when examining the path of the signal [23].

Objects of the study

There are 80 speakers of different contingent participating in the research, their
ages varying from 20 to 55 years. Two speech signals states Q,(/ = Kaunas,Vilnius)
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(we denote it as€),(/ =K V)) are analyzed in the research. Every speaker produces
approximately 25 speech signal examples, so all in all there are Q,(/=K)=2910 and
Q,(I=V)=2945 examples. The signals are recorded at the sampling rate 11025 Hz,

using 16 bit mono format.
Results

During the research, two speech signals statesQ,(/ =K,V), 4 different environments

and 80 speakers of different age are analysed. Three types of features were used [23]:

- cepstrum coefficients,
- cepstrum coefficients with mean subtraction,
- autoregressive model coefficients

Two reference training situations are analyzed: in the first one, the states
Q,(I=KV)are trained according to the example of a single reference E, (/, =1,2)

whereas in the second, the states are trained with examples of five references
E, (I, =1,2). Two recognition situations are present. The first one takes place when

both training and recognition of the references £, (/, =1,2) takes place in one particular

environment and in the second situation, training and recognition of the references
E, (I, =1,2) takes place in different environments. Figure 2.1 a, b, ¢ illustrates the

results of the experiment.
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Figure 2.1 Recognition results using a) cepstrum coefficients with mean subtraction features

b) cepstrum coefficients features c¢) autoregressive model coefficients
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Environment A is a reference environment (we denote it as EA); in it, female
speech signals are recorded in order to be used while training the recognition system.
The acoustic speech signals recognition process takes place in the following
enviroonments: A, B, C and D. The environments used in the process of the speech
signals system training process are taken as reference environments, and in the
following work these are indicated as EA, EB, EC, and ED. Figure 2.11 depicts research
results which demonstrate a decline in the recognition quality as training and
assessment environments change.

Conclusion

Having carried out an analysis of environment acoustic characteristics, it was
clarified that the acoustics of environments has a great effect on the acoustic signals
recognition. The impact cannot be minimized or avoided even by adapting various
recognized signal characteristics systems. The results of the research have shown that
the recognition quality declines by 20% when training and recognition take place in
different environments. And yet, although it is impossible to avoid the decline in
recognition quality, slightly better recognition results might be acquired while using
systems of centered cepstrum coefficient characteristics. Thus, it is important to
investigate the potential of acoustic signals recognition devices to adapt to changing
environment conditions.

3 Detecting acoustic changes in recognition environments

The chapter analyzes one of the main problems of the dissertation — determining
the time momentum u identifying the change in environment characteristics. The

recognition device is trained to recognize in the environment 4,(p=1) functioning the
samples x,(/, p, 1) generated by the dynamic system. The samples belong to states
Q,(/=12,.L), in which /=1,2,..Ldescribes a state, p=L12,.P indicates the
environment in which the sample x;(/, p, #) was generated by the dynamic system — x
— is the rank number of sample x=12,..... . During the time moment » the dynamic
system helps to function in the environment 4, (p =2).

The recognition device, once it recognizes the input sample x,(/, p, 1) , returns the
difference - the estimate of the parameter «,(i=1,2,...)- between the two shortest
distances in the environment 4,(p=1) and 4,(p =2) respectively. Depending on this,
the time moment i =« has to be detected. It indicates the recognision device starting to
recognize in the new environmentA,(p=2), generating samples x,(/, p, 1) which
belong to the states Q,(/=1,2,..L) in which /=1,2,..L describes the state, p=12,..P —
the environment in which the dynamic system has generated sample x, (/, p, 1), p being

the rank number £ =1,2,... of this sequence. The situation under discussion is illustrated
in Figure 3.1.

14
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Figure 3.1 The scheme of the situation analyzed

Evaluating the parameter «; identifying acoustic environment characteristics

While carrying out experimental acoustic signal recognition researches and
looking for regularities which would help to evaluate and characterize signals occurring
in a particular environment, an observation has been made that when the recognition
device, trained to recognize particular signals, is being placed in a specific environment,
where particular conditions prevail, the difference values between the signal observed
and reference characteristics turn out to be very similar. So, when observing objects in a
particular environment, the shortest distances difference values possible to obtain might
be predicted. This regularity might be used as a critical indication while determining the
moment u of the systems changed environment characteristics.

Paremeter ¢, is calculated according to the following algorithm:

Sample x,(/,p,1)€Q,(I=12,.L) is generated by the dynamic system. In it,
[=12,.L describes the state, p=12,..P is the environment in which the dynamic
system has generated the samplex;,(/, p, ), u being the rank number of the sample
M=12,..... getting into the recognition device which is trained to recognize samples of
this kind.

The recognition device is trained to recognize samples x;(/, p, 1£) belonging to the
stateQ,(/ =1,2,..L) . The training is accomplished by providing the training procedure

with reference examples E,(/, =1,...,L,) reflecting statesQ,(/=1,.., L).

Ep(h =1...L) = {e;(h), e (y)sees € ()} (3.1

State references E,,(/, =1,...L;) are compiled from the sub-references ¢,(/;) formed by

the features set.
e,(ll):{Zcr(xz(l,p,,u),Se(xZ(l,p,,u)} (32)

, in whichk =1,..,dn ,#=1,...,h, h being the amount of reference Epy(h =1,...L;) forming
sub-patterns. Zcr(x,(l,p,1)) is the zero-crossing rate characteristic system, it is
calculated as follows:



dn

sen(x' (1, p, ) —sgn(x'" (1, p, )

Zer(x.(Lp. ) =Y 5 (3.3)
1, x*(,p.u)=0
Sgn(x*(l, p,ﬂ))={ . x;k((lz; /2)<0 (3.4)

Se(x,(I,p, 1)) is the system of signals energy characteristics which is calculated as
follows:

SeCx. (0, p. ) = 36 0, p. o)’ (3.5)

During the process of indications formation, signal z=1,..,Z from the state
Q(I=1,...,L) sample x_(I, p,x) is divided into dn parts of d/ signal length. /=12,..L
describes the state, p=1,2,.P environment, in which the dynamic system generates
sample x,(/, p, 1), u being the rank number g =12,..... of this sample.

Sub-reference €;(/;) characteristics set-forming features are discerned within

each partx* (I, p, 1t), k =1...dn of sample signal x_(/, p, 1) by using feature systems.

The feature systems used do not require the recognition system to possess high
scale resources, thus the systems are useful while computing artificial speech signals.
Naturally, it is also possible to use other indications.

The above-discussed states-describing method of reference selection is based on
an assumption that the recognition device is given precise state-defining sample
examples which are taken as reference examples. It is also possible, however, to use a
different method of reference selection - the recognition device is given a few state
describing sample examples by using the recursive reference selection method with the
help of which, selection of the least similar state-descriptive reference examples is
enabled. The procedure includes comparing every reference example with every
already-enlisted one which leads to making a decision about which of the references is
the least similar one, i.e. which demonstrates the biggest difference when comparing
state-descriptive samples. The following is the reference list selection algorithm:

Particular state  €,(/=1,..,L) reflecting referencesE,(/=1,...,L), where

E;(l=1,..)={e;(]),es(]),.....e, ()}, are observed in order to select the least similar state

references. Every reference’s sub-reference has to be compared to the every enlisted
reference. The dynamic time warping method is used for making the comparison. Zero-
crossing rate and short-time energy indications are going to be used.

Initialization:
e() = Ey()
Recursion:
emax(i) = max(E; (I = 1,...),e{(I))
Jkai 1=12,.N
Termination:
E;(1=1,.)=argmax(emax(i=1,2,.),h)
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, when /- is the amount of the selected references and i — is the rank number if
reference comparison iteration.

With the help of this algorithm, as diverse set of particular state reflecting
references as possible is formed during the training process. With the help of the primal
algorithm, provision of only the same or very similar reference examples to the training
system is possible, while by using this particular reference selection method, reference
set can be diversified by adding different examples. In this manner the quality of
recognition in the recognition process is improved.

Figure 3.2 illustrates a scheme of the input sample x;(/, p, 1£) for measuring the
distance A(x,(l, p, 1),¢,(,)), where 1=1,2,..L describes the state, p=1,2,..P describe
the environment in which the dynamic system has generated sample x,(/,p,u) — u

being the rank number #=12,..... of this sample, and / -reference describing state
beingQ,(/=1,2,...,L).

x(,p, 1) FEATURE | e,(x,(L p. 1)

Al (. p.p).€())
| _Semeeraae
EXTRACTION | (;_15 )

;(i(Lpat)

©8000000000000

elxl.p.u))

Figure 3.2 Scheme for calculating distance A(x,(/, p, 1t),e,(1,)) in the sample x,(/, p, 1)

In order to detect distance A(x,(,p,u),E,) of the sample x;(/,p,u)to the
references’ £, describes the dynamic system’s states, the Sakoe-Chiba method [26] in
which A(x;(/, p, 1), E,) is calculated as (/=12,.L state, p=1,2,..P environment, and
4 rank number of this sample) :

1. Feature comparison matrix constituent distance weights (i}, /), in which element i
describes the k-th features of short-time energy Se(x! (I, p, 1)), i =12,..dn and j,

indicates the attributes j; =1,2,..dn of k-th section zero-crossing rate Zcr(xf‘ U, p, 1)

in the input sample X; (I, p, 1), are evaluated. Distance weights 6(i, j;) are calculated
as follows:

O(j,i) = \/ Se(x!' (1, p, 1)) —Se(x; (1, p, 1))’ —(Zer(x" (1, p, i)~ Zenx' (1, p, )}
(3.6)

All feature distances between every sub-reference ¢, (/;) of the observed sample
x,(l, p,u) are evaluated



ACx, (1, p, ), (1) = min(D(j, — Li, =)D(j,.i, ~)D(j, = Li) ]+ 5(iiy)) (3.7)

2. Feature distance A(x,(/,p,u),E,) to the dynamic system state-reflecting
references E, (/, = 1,..,L,) of the input sample x;(/, p, 1) is calculated

A (L ps ), B ) = min A(x, (1, p, ), e, (1)) (3.8)

The acquired shortest distances’  A(x,(/, p,u),E,) estimates are sorted in the

advancing order (Figure 3.3) selecting two least estimates 3, and £, of the distance
A(‘xz (lapuu)aE/) .

B, = min AGx, (1 p. ). E)) (3.9)

By = min(A(x; (I, p, 1), E}) = ) (3.10)

o]

distance

A, (1 p. ). E)
20,000 E)

Al (1, p.p), )

utterances £4(/=1.2,.....L)
Figure 3.3 Scheme for evaluating parameter «;

Having two shortest distance estimates S, and f, allows calculating parameter ¢;
which is the difference between these two estimates:

a,=p-pB,i=12,.. (3.11)

4 Research on recognizers’ adaptation to the variable environmental
conditions

Estimate sequence of the parameter ¢, (i=12,...) (3.11) given by the recognition
device is observed; on the basis of it, the time momentum i = indicating the starting
point of the recognizer operation in the new environment 4, (p = 2..,P). Here /=1,2,..L

describes the state, p=1,2,..P describe the environment in which the dynamic system
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has generated samplex;(/, p, ), u being rank number u=12,..... of this sample
(Figure 4.1).

" ez to
Environment A; (i=1) l changed conditions

Yes

)) A =1, Ne Q=12 1)
)] ) ) EVALUATE ENVIRONMENTAL ~ )
B ———— RECOGNIZER CHANGING MOMENT No—»x(n)(t =1...N e L(s=12,..M)

Environment A;(i=2,3,..)

~

,’])))))) XOE=1- N Q=12.L

Figure 4.1 Scheme of the situation analyzed

Having detect the moment i =u of change in the environment 4,(p=1,2,..,P)
conditions, the recognition device has to adapt to recognizing state €,(/=12,..L)
samples x;(/, p, 1) generated by the dynamic system functioning in a new environment
4,(p=2,.,P). This chapter is going to analyze the methods of the acoustic signal

recognition device adapting to changing conditions. According to the aforementioned,
once the time momentum 7/=wu of change in environment conditions is set, the
recognizer can adapt to newly-created conditions and continue recognition processes.

4.1 Method for identifying the moment of change in features (APMIA)

The method is compiled of two parts. Part one - identifying the moment u of
change in the environment conditions and adapting the device’s training procedure to
the changed conditions. Part two - refining the recognition device’s training procedure
by adding new state sample examples that have emerged in the environment.

Experimental researches have shown that training the recognition device to
recognize one signal of particular state is not a condition of adequate training. Thus, the
recognizer has to be exposed to several additional state samples. Given below is the
modelled algorithm basing on which enables us to solve the analyzed problem of
adapting to changing conditions.

1. Initial recognition conditions for the recognizer are formed:
1.1 Recognition device is trained to identify state elements x,(/, p, 1) generated by

the dynamic system. In the eqution, /=1,2,..L. describes the state, p=1,2,..P states

the environment in which the dynamic system has generated sample x,(/, p, 1), u

being the rank number z#=12,..... of this sample.

1.2 Features identifying environment 4,(p =1,2,...P) under discussion are defined.
2. State element x,(/, p, 1) generated by the dynamic system and that needs to be

identified is given to the recognition device.
3. Recognition device operates on the following:



3.1. State €,(/=1,2,..L) belonging to the observed sample x;(/, p, 1) is determined;
3.2. According to the present environment 4,(p =1,2,..P)identifying data, it is
estimated whether the observed state sample x;(/, p, 1) has been generated in
the same environment 4, (p =1,2,..P) .
3.2.1. If the environment A,(p =1,2,..P) characteristics’ change momentum
u is not estimated, decision on recognition is made (the procedure goes to
point 4).
32.2. If the environment change momentum u is estimated, then the
procedure of adapting to new conditions follows (fulfilling point 5).
4. Recognition result is drawn. The signal is assigned to a particular state.
5. Adaptation to the changed conditions procedure is carried out.
5.1. The impact of the environment A,(p=2,.P)over the observed sample

x,(/, p, 1t) is subdued.

5.2. Features 4,(p =1)of the primal environment condition are assigned to the
acquired signal (procedure of signals’summation is carried out, i.e., the
environment is added up to the observed signal).

5.3. The acquired signal x,(/, p=1,u)is returned to the recognition device for
establishing its state.

5.4. Having identified the state / of the signal state, the procedure of recognizer’s
adaptation to new conditions is carried out:

54.1.  State Q,(/=12,..,L) describing reference list E,(/, =1,...,L)) is
specified.

54.2. Environment 4,(p =2,..P)identifying parameters are specified. Le.,
the parameter’s ¢, change boundaries & and & in the environment
4,(p=2,.P).

6. Once new dynamic system generated samples x;(/, p, t) x,(I, p, 1) emerge and are
identified, procedures of specifying the training process of the recognition device
are carried out without establishing the moment # of change in environment
conditions.

6.1. The quality of the recognition device identifying states Q,(/=12,...,L)is
observed.

6.1.1. If the worsening of the recognition quality is detected, the procedure
of state samples list comparison is carried out - comparison of state
samples list of the reference signals defining particular dynamic system’s
state element is conducted. The least state-resembling element of the list is
eliminated.

6.1.2. In case the worsening in the quality of the work of the recognition
device is not detected, the work is proceded.

6.2. Reference list is updated specifying it with several examples of signal samples
in the new environment 4, (p = 2,..P) .

6.2.1. The change boundaries & and & of the parameter ¢; are examined:

6.2.1.1. If the criterion is satisfied, reference list is specified.
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6

6.2.1.2.

6.2.1.3. If the criterion is dissatisfied, specification of the reference list is
not conducted.

2.2

The rank number of the samples list x of the signal x,(/, p,u)

observed is evaluated. In case it exceeds the previously-set value, for
instance, 30 and more, the boundaries & and &g of the environment

identifying parameter ¢; are recalculated.

6.3. Decision over recognition is made.

Below given (Figure 4.2) is the scheme of the previously-discussed algorithm
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Figure 4.2 A model of the adaptive signal recognition system

Individual constituent parts of this model adaptive to changing recognition conditions
are going to be discussed further in the chapter.

4.2 Constant specification of the training system (NMPT)

Acoustic signals of speech possess very distinctive qualities. Thus, it is very
difficult to use artificial sound-forming methods, as none of the artificially-created
signals is likely to reflect the real signal characteristics. Several additional factors must
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be paid attention to willing to retain the quality of recognition, making decisions and
building on the results given by the recognition device. It is recommended to store all
the correctly-recognized signals in the additional “signal storage” information of which
would be adaptable to state reference list specification. Below given is a scheme
illustrating the way a recognition system conducts the recognition of original acoustic
speech signals.

) x(,p.)eQ(=12...L

. N SIGNALS

Pt | pecoenizer |2 DECISION Y DATABASE
x,(,p. 1)

Figure 4.3 A model of correctly-recognized signals

A scheme presents the model when a signal x,(/,p,u)in which /=12,.L
describes the state, p=1,2,..P - environment, and x is the rank number, belonging to
the particular state Q),(/ =1, 2,..., L), gets into the recognition device. The device, basing
on the examples of state references from the training procedure and on the procedure
itself, returns the solution of the recognition problem.

Recognition device can make solutions of three kinds:

e Recognition solution has been accepted,

e Recognition solution has been declined,

e Recognition solution cannot be accepted due to a variety of possible
reasons; when the result is dubious, it is discarded trying to repeat the
recognition procedure with the state signal of a subsequent sample.

If the recognition result is accepted, the signal recognized is referred to as an
example belonging to a particular state this enabling it to be transferred into the signals
storage database where it will afterwards be used as an example during the training
procedure. If the recognition result is declined, the recognition procedures are
continued.

This algorithm helps the recognition device to adapt to a particular situation, but
there is always a possibility that during every review the necessary state
Q,(I=1.2,...,L) defining sample x_(/, p, 1) might be eliminated from the reference list.

4.3 Method for identifying the moment of change in features and check
dependence ellipse area( Ellipses)

The method of Ellipse adaptation operates similarly to the method of evaluating
the moment u of change in conditions of the environment; the difference between the
methods being the following: before making the recognition problem solution
d, :x,(l,p, i) € (I =12,..,L), the shortest distance @ to reference samples x_(/, p, 1)

of states ,(/=1) and €(/=2) is measured checking wheter function f,, (I, p,x)
incorporates it.
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Figure 4.4 A diagram of Ellipse method adaptation to the changing conditions

In this case Ellipse serves as a classificatory with the help of which it is possible
to evaluate whether the result given by the recognition device is correct, or not. Thus,
the quality of the recognition process might be improved by evaluating the ellipse
boundaries belonging to a particular state of the initial recognition moment, and by
drawing the state identification result owing to these boundaries during the recognition
process. It is also not complicated to adapt ellipse function in the new environment — it
is possible to recalculate it if the data is present.

It is recommended to calculate function of a new ellipse by carrying out
transformations on turning point and impulse (Figure 4.6).

L S

Cir)=dv 1 &

E=ioih

N

Figure 4.6 A model of Ellipse transformation

Since the pairs of observation are present, i.e. we have the shortest distances to states
Q,(/=1)., andQ,(/ =2), regression equation can be used for evaluating data

dependence [43].
fxX)=kx+e 4.1

, in which & - straight’s direction coefficient, 8 - describes the size of direction angle, & -
the segment intercepted by the straight in the Oy axis [43].
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k=1g(0) (4.2)

The foci coordinates (xf), y(’]) of the coordinates’ system of the ellipse transformed are
calculated [43]

n
r__ 1
Xo = ;Zx,- 4.3)
i=1
V=13, (4.4)
i=1

, in which xare the distance values situated in the X-axis, and y, are the distance

values situated in the Y-axis.
Having evaluated dispersions o, o, of the data sample, with the help of which the

breadth of data distribution can be measured, ellipse’s big and small half axles 5" [43]
are calculated.

o,
%
a== (4.5)
b'=—=x
> (4.6)
Ellipse equation is formulated:
PERNG:
te—=1 4.7
22 b2 “.7)

, where the foci £, F; of ellipse are externalized

22, 2
a’=b"+c",

Fl-e0) Flc) 49

4.4 Measures for evaluating algorithm effectiveness

Seeking to evaluate the effectiveness of the algorithm of the recognition device
analyzed to adapt to changed environment conditions, measures for evaluating the
quality are determined:

-The speed of adapting to the changed conditions

-Recognition quality in the new environment

-Evaluating the moment of change in the environment

-The amount of the recognizer’s recognition errors
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4.5 Reasons for the lowering recognition quality

Several factors can influence the lowering in the recognition quality of the
recognition device after adaptation to new environment conditions:

- The moment u of change in the environment conditions was not determined in due
course. Consequently, the recognition device does not know that the adaptation to new
conditions has to be started.

- While adapting, the reference list is specified training the system according to
examples belonging to another state. A solution to the problem could be a constant
revision of the reference signals list.

- Selecting the boundaries & and & defining environment features - in case the

boundaries are selected incorrectly, it is very difficult to evaluate the moment u of
changed environment conditions. Faulty reference list training is also possible.

5 Research on recognizers’ adaptation

5.1 Modeling state (I =1,2) generated samples in environments A,(p =1,2)

In the research state €,(/=K/4) samples x,(/,p,u) signals with
Q,(/=KN,KI2,KI3,KI5,KI6,KIT) in respect to samples x,(/, p,u) are going to be
analyzed. State €, (! =KI1,KI2,KI3,KI5,K16,KI7) samples x,(/,p,u) functioning in
the environment 4, (p =1) are defined in equations:

State Q,(/ = K/1) sample x,(/, p, ) in the environment 4,(p =1) is defined:

x,(LL 1) =—=1.19x_, (L1, ) +0.74x_, (L1, 1) +v,(i =1,...,n) (5.1)

, its spectral density function S,,s(f;) is defined:

1 2
S -
WD w62
14 1.1911025 —0,74¢ 11025
State Q,(/ = Ki2) sample x,(/, p, ) in the environment 4,(p =1) is defined:
x(2,L 1) =—1.18x,,(2,1, 1) +0.85x,, (2,1, ) + v, (i =1,...,n) (5.3)

, its spectral density function Sy,;,(f;) is defined:
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1 2
S )=
w2 (/) 11025 o i

1+1.1811025 —0.85¢ 1025

State €,(/ = KI3) sample x,(/, p, ) in the environment 4,(p =1) is defined:
X, (3,1, 1) =—0.143x,, 3,1, 1) + 0.801x, , B, L, t) +v,(i =1,...,n)

, its spectral density function Sy,;(f;) is defined

1 2
Ses(f)) =
k() = 11025 -2, i, [

1+1.1431105 —(.801¢ 1025

State (/= K/4) sample x,(/, p, ) in the environment 4,(p =1) is defined:
x,(4,1, 1) =-1.24x, (41, ) + 0.831x,, (4,1, ) + v, (i =1,...,n)

, its spectral density function Sy, (f;) is defined

1 2
S )=
s (/) 11025 T TP

141.241105 —0.831¢ 11025

State Q,(/ = KI5) sample x,(/, p, 1) in the environment 4,(p =1) is defined:
x,(5,L, 1) =—-0.957x,, (5.1, 1) +0.767x, , (5,1, s) +v,(i =1,...,n)

, its spectral density function S,5(f;) is defined

1 2
N )=
) =T1053 e

1+0.957110%25 —0.767¢ 119

State Q,(/ =K16) sample x,(/, p, ) in the environment 4,(p =1) is defined:

x,(6,1, 1) =—=0.75x,,(6,1, 1) + 0.61x,, (6,1, ) + v, (i =1,...,n)

, its spectral density function Sy,(f;) is defined
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1 2
S )= .
ko) =102 -2, i, (.12)

14075105 —0.61e 102

State Q,(/ = K/3) sample x,(/, p, ) in the environment 4,(p =1) is defined:
X, (7,1, 1) =—=0.6x,_, (7.1, 1) + 0.65x, , (7,1, t) +v,(i =1,...,n) (5.13)

, its spectral density function Sy;,(f;) is defined

1 2
S )= .
BT e s (5.14)

1+0.615 —0.65¢ 1%

States’ functioning in the environment A4,(p=1) samples x(/,p, ) spectral

density functionsS,(f;), when /=KIl,KI2,KI3,KI4,KI5,KI6,KI7 are given in Figure
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Figure 5.1 States’ Q, (! = KI1,K12, K13, K4, KI5, K16, KI7) functions in the environment
A,(p =1) spectral density function comparison. The following sample X, (/, p, 1) pairs are
compared: a) Q,(/ = KI4,KI1) ,b) Q,(I =KI4,KI2),c) Q,(I = KI4,KI3) ,d)
Q,(I=KI4,KI5) ,e) Q,(I=KI4,KI6) , ) Q,(I = KI4,KIT)
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State Q,(/ = KI/1, K12, K13, KI4,KI5,K16,KI7) samples x,(/, p, 1) functioning in the

environment A4, (p = 2) are defined in equations:

State Q,(/ = KI1) sample x,(/, p, ) in the environment 4,(p =2) is defined

e (12,00) = —0.995v, +0.82v, |
e -1.99x, , (1,2, ) +2.592x, , (1,2, 1) = 1.663x, (1,2, ) + 0.666x, , (1,2, 11)

(5.15)
, and its spectral density function Sy, (f,) is defined
1 4
Sen(f) =
an(f) 11025 -2, -4 -6, w10

141.991125 —2,592¢ 11025 41.663¢ 1025 —0,666¢ 125

State €, (/= KI1) sample x,(/, p, #) modulations in the environment 4,(p =2) are

given in Figure 5.2.
Environment p=2 Kl1 in the environment p=2
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Figure 5.2 State Q,(/ = K1) sample x,(/, p, ) modulations in the environment p =2

State Q,(/ = Ki2) sample x,(/, p, ) in the environment 4,(p =2) is defined:

X, (2,2, 1) = —0,99v, +0.875v,
(22,1 —1.98x,,(2,2, ) +2.694x, ,(2,2, 1) —1,742x, (2,2, 1) +0.765x,_, (2,2, 11)

(5.17)
, and its spectral density function Sy, (f;) is defined.
1 4
S )= 5.18
R T T E—a—— 61

1+1.98"125 —2.694¢ 11055 11,7423 11025 —(,765¢ 125

State Q,(/ = K/4) sample x,(/, p, ) modulations in the environment p =2 are given in

Figure 5.3.
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Figure 5.3 State Q,(/ = K/2) sample x,(/, p, 1) modulations in the environment p = 2

State €,(/ = KI3) sample x,(/, p,4) in the environment A4,(p =2) is defined:

~0.4715v, +0.8505v, ,

x,(3,2, 1) =
{3.2.4) —0.943x, (3,2, 1) +1.8154x,_,(3,2, 11) — 0.7695x (3.2, 12) +0.7209x, , (3.2, 12)
(5.19)
, and its spectral density function Sy,;(f)) is defined:
1 4
S =
ws(1) 11025 -2, —jat, -6, -8, [*

1+0.9431195 —1.8145¢ 925 +0.7695¢ 5 —0.7209¢ 110>

(5.20)

State €, (/ = KI3) sample x,(/, p, 1) in the environment 4,(p = 2) are given in Figure
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Figure 5.4 State Q,(/ = KI3) sample x,(/, p, ) modulations in the environment 4,(p =2)

State Q,(/ = K/4) sample x,(/, p, ) in the environment 4,(p =2) is defined:

~1.02v, +0.8655,
—2.04x,_, (4,2, 10) + 2.723(4.2, 10)x, , (42, 1) +1.7808x, (4,2, 11) +0.747%, (4.2, 11)
(5.21)

X, (4.2, 1) =

, and its spectral density function Sy,,(f;) is defined.
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1 4
S )=
(/1) 11025 _24, —jart, -, s,

142.04 1955 —2.723¢ 11025 41 .7808e 11055 —(.7479¢ 11025

(5.22)

State Q, (/ = K14) sample x,(/, p, ) modulations in the environment 4,(p =2) are

given in Figure 5.5.
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Figure 5.5 State Q,(/ = K/4) sample x,(/, p, 1) modulations in the environment p = 2

State €,(/ = KI5) sample x,(/, p,4) in the environment 4,(p = 2) is defined:

~0,8785v, +0,8335v, ,

x. (5,2, 1) =
(5:2.40) —17557x, (5,2, 1) + 2.4326x, (5.2, 11) — 1. 4TAN5,2, 11)x, 4(5,:2, 11) +0.6903x, (5,2, 11)
(5.23)
, and its spectral density function Sy,(f;) is defined.
1 4
S )=
ws(f) 11025 -2, -j4, -jo, -,

1+1.7557 1925 —2.4326¢ ' +1.4749¢ %% —0.6903¢ 192

(5.24)

State Q,(/=KI5) sample x,(/, p, ) modulations in the environment A,(p=2) are
given in Figure 5.6.
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Figure 5.6 State Q,(/ = K/5) sample x,(/, p, 1) modulations in the environment 4,(p =2)

State €,(/ = KI6) sample x,(/, p, 1) in the environment 4,(p = 2) is defined:
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~0,775v, +0,755v, ,

x(6,2, 1) =
—1.55x, (6,2, 1)+ 2.11x, (6,2, 1) — 1.163x, (6,2, 12) +0.549%x, (6,2, 11)
(5.25)
, and its spectral density function Sy,(f;) is defined.
1 4
Se(f) = .
s(f) 11025 -2, -4, -6, AN (5:26)

1+1.551025 —2.11e 195 +1.163¢ 1025 —(0.549¢ 1195

State €,(/ = KI6) sample x,(/, p, #) modulations in the environment 4,(p =2) are
given in Figure 5.7.
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Figure 5.7 State Q,(/ = K/6) sample x,(/, p, #4) modulations in the environment 4,(p =2)
State €,(/ = KI7) sample x,(/, p, ) in the environmetn 4, (p = 2) is defined:

~0,7v,+0,775v, ,

X (7.2,1)=
—14x,_, (7,2, 1) +2.03x,_, (7,2, 1)~ 1.106x, (7,2, 11) + 0.598x, (7,2, 11)
(5.27)
, and its spectral density function Sy,,(f;) is defined.
1 4
Sk ()=
(/1) 11025 -2, -4, -6 Jap O

14+1.4105 —2,03¢ 1025 41.106¢ 1725 —0.598¢ 102

State Q,(/ = KI7) sample x,(/, p, ) modulations in the environment 4,(p =2) are

given in Figure 5.8.
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Figure 5.8 State Q,(/ = KI7) sample x,(/, p, ) modulations in the environment 4,(p =2)

States Q,(/ = KI1,KI2,KI3,KI4,KI5,K16,KI7) functioning in the environment
A4,(p=2) samples’ x,(1, p, 1) spectral density functions S, (f;),
I =KIN,KI2,KI3,KI4, KI5, K16, K7 are given in Figure 5.9.
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Figure 5.9 pav States Q,(/ = K/1,KI2,K/3,KI4,KI5,K[6,KI7) functioning in the
environment 4, (p = 2) spectral density functions’ comparison. The following state
samples’ x,(/, p, i) pairs: a) Q, (I = KI4,KI1) ,b) Q,(I = KI4,KI2), c)

Q,(I =KI4,K13) ,d) Q,(I=KI4,KI5) ,e) Q,(I =KI4,KI6) , ) Q,(I = KI4,KIT)

are compared

5.2 Research on methods evaluating the moment of change in the environment
conditions

While analyzing problems of acoustic speech signals’, or signals’ of any other
kind recognition device adaptation to changing conditions, it is important to determine
the moment u correctly and in due course - it states when the situation observed
undergoes a change basing on which the recognition device can start conducting
adaptation to newly-created conditions.
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The aim

The aim of the work is to elucidate which of the methods described in section 4.2
would be most appropriate to use for solving the problem analyzed willing to correctly
and in due course establish time moment # when the recognition device shifts from its
primar environment4,(p=1),in  which it was trained to recognize state

O, (I = KN, KI2,KI3,KI5,K16,KIT) generated samples x,(/, p, 1), to new environment
4,(p=23,..,P). The device needs to start operating the recognition process willing to
continue recognition procedure in the new environment A4,(p =2.3,.., P) retaining the
quality  P(x,(/, p, 1)) of recognition (Figure 4.11) demonstrated in the primal

environment 4, (p =1) .

Proceeding of the research

State  Q,(/ = KI1,KI2,KI3,KI4,KI5,K16,KI7) samples x,(/, p, 1) described in
section 5.1 are going to be used in the research. State Q,(/ = K/4) samples x,(/, p, 1)
will be compared to state Q,(/ =K/1,KI2,KI3,KI5,K16,KI7) samples x,(/, p, 1) - state
Q,(/=KI,KI2,KI3,KI4,KI5,K16,KI7) samples’ spectral density function being
S,(f}), when [ =KI1,KI2,KI3,KI4,KI5,KI6,KI7 given in Figure 5.3 — in it / describes
the state of sample, p describes environment in which the state generates the

aforementioned samples, x-decribes the rank number g =12.... of the generated

sample.
A situation in which, during the primal moment of recognition, the recognition
device is trained to recognize state (I =KI1,KI2,Ki3,KI4,KI5,KI6,KI7) samples

x,(/, p, ) functioning in the environment 4,(p =1)and at a particular time moment u,
the recognition device enters environment 4,(p = 2), is modeled. The research is to

determine, which of condition change moment evaluating methods discussed in section
4.2 would be most efficient in solving the analyzed problem of adapting to changing
conditions. According to the specifics of operation, the following methods recording the
moment of signal change have been selected:

- Shewhart method

- Moving average

- Momentary specific occasional elements’ recognition (TSEA)

Figure 5.10 illustrates parameter ¢, estimate sequence acquired during state

Q,(/ =K, KI2,KI3,KI4,KI5,K16,KIT) samples x,(/, p, 1) recognition (the parameter

is discussed in more detain in chapter 3). In the sequence, the methods analyzed are
searching for the environment conditions change moment u. Values of the parameter «;

during the dynamic system’s functioning in environment A4,(p =1) are given in the
yellow background. Values of the parameter «; during the dynamic system’s

functioning in environment A, (p = 2)are given in the white background.
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Figure 5.10.1. Values of the parameter ¢, acquired during recognition process of states
Q,(I = KI1,K12,KI4) functioning in environment 4, (p =1) are given in the yellow
background; the white background illustrates values acquired in environment 4, (p = 2).
Compared are the following state sample x,(/, p, 1) pairs: a) Q, (! = K/4,KI1) , b)
O, (I =KI4,KI2)
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Figure 5.10.2. Values of the parameter ¢, acquired during recognition process of states
Q, (I = KI3,Kl4) functioning in environment 4, (p = 1) are given in the yellow background;

the white background illustrates values acquired in environment 4, (p = 2).
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Figure 5.10.3. Values of the parameter ¢, acquired during recognition process of states
Q,(I = KI4,KI5,K16,KIT) functioning in environment A, (p = 1) are given in the yellow
background; the white background illustrates values acquired in environment 4, (p = 2).
Compared are the following state sample x;(/, p, 1) pairs: a) Q, (I = K14, KI5) ,b)
Q,(I=Kl4,K16) ,c) Q,(I =KI4,KIT7)

Results

Figure 5.11 illustrates the results of the research that demonstrate which of the
methods analyzed consumed the least amount of time while establishing the fact of
change in the primal conditions of state €,(/=KI/l,KI2,KI3,KI4,KI5 KI16,KIT)
samples x,(/, p, 1) observed. This parameter is highly important as when the analysis

takes place in the real situation and real man-uttered sounds are examined, the
recognition device cannot claim for numerous repetitions of particular sounds, thus, the
speed of identifying new environment is also a very important characteristic.
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Assessment to detect the moment of changed
environmental acoustics characteristics
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Figure 5.11 Analysis of detecting a moment of change in enviromental conditions

As it is evident from the data given in Figure 5.11, Schewhart method was least
time-consuming when identifying the moment of change in the conditions of the
environment. The moving average method demonstrated the weakest results as using it
results in either a very slow establishment of the conditions moment, or it does not cope
with the task being unable to determine the moment. Such results have been obtained in
cases O, (I = KI4,K16),Q, (I = KI4,KI5), Q,(I=KI4,Kll) and Q,(=KI4,KI2).
Average results have been demonstrated by the method of momentary specific
occasional occasional elements’ recognition — it is wise to use this method when state
samples carry different characteristics, or their characteristics are of average similarity.

Conclusions

Three methods evaluating the change moment of environment conditions have
been analyzed during the experimental research. A detailed overview of the methods’
operation is given in chapter 4.2. Experimental results acquired have shown that
Scewhart method is the most suitable for solving the analyzed problem of adapting to
changed conditions. This method is fastest in establishing a fact that a change has
occurred in the environment observed. Moreover, methodology of this method’s
operation is easily adaptable to newly-formed recognition situation.

5.3 Research on the effectiveness of methods for adapting to changed environment
conditions

While analyzing the recognition system’s adaptation to changed recognition
conditions, it is of utmost importance to assess all possible adaptive factors. It is
necessary to know under what conditions adapting to new circumstances is very
difficult, and under what conditions adaptation is always possible.

In order to retain the accuracy of the research as high as possible, artificial model
signals are going to be used. These allow the modeling of state elements possessing
diverse characteristics.
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The aim

The aim of the experimental research is to analyze the effectiveness of the
methods APMIA, NMPT, ELLIPSE observing state samples possessing different
features.

Proceedings of the research

The following tasks have to be performed when conducting the experimental research:
- Elements of the observed state possessing various characteristics are modeled.
- The recognition device is trained to recognize the elements of the observed
states.
- Features characteristic to environments in which the research is going to be
carried out are defined. Primal parameters are given to the recognition device.

Adaptation situations

The aim of the problem analyzed is to find a method which would help the
recognition device to adapt to changing acoustic conditions of the environment. Four
adaptation situations are going to be analyzed. In all four situations the recognition
device is at first trained to recognize samples generated by two states in environment
A,(p =1)possessing certain acoustic qualities. Then, at a certain time moment w, the
recognition device moves from environment 4,(p=1) to environment 4,(p=2)

which holds different acoustic characteristics.
Results

Results acquired during the experimental research are given in Figure 5.12, Figure
5.13 and Figure 5.14.
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=
N

O1 situation M2 situation O3 situation M 4 situation
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-
T
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Bk &

Recognition accuracy
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Figure 5.12 Recognition results using APMIA method
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Figure 5.13 Recognition results using NMPT method
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Figure 5.14 Recognition results using ELIPSE method

The acquired results and situations’ evaluation analysis have shown that it is most
effective to use different adaptation methods when the level of state similarity is

different.

e  When the distance between classes is small:
- 3" method of adaptation (Ellipse) and 1¥ method of adaptation (APMIA) are

applicable to situations 1 and 2.

- 3" 'method of adaptation (Ellipse) is applicable to situations 3 and 4.
e When the distance between classes is of average length:
- 3" method of adaptation (Ellipse) is applicable to situation 1.
- 1™ method of adaptation (APMIA) is applicable to situation 2.
- 1* method of adaptation (APMIA) and 3™ method of adaptation (Ellipse) are

applicable to situations 3 and 4.

e When the distance between the classes is large:
- All methods of adaptation are acceptable.

Conclusions

Results of the experimental research conducted have shown that recognition
quality improves when the adaptation methods suggested are used. Results of the
research have defined the factors influencing the quality of recognition: the sequence of
state samples’ emergence in the environment, order and similarity of the state samples’

features.
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Recognition quality cannot be improved if features of the state sample observed
are very similar, i.e. if the distance difference acquired during recognition is equal, or
nearly equal, to 0; also, if features of state samples become very similar after entering a
new environment.

If during recognition the state samples observed emerge rarely, it forecasts a very
difficult adaptation to the new environment as the emerging state samples are too few
for the training procedure to be carried out successfully. Thus, the quality of recognition
might worsen.
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RESULTS AND CONCLUSIONS

In the dissertation, the following results have been obtained while solving a

problem of adapting acoustic signals’ recognition systems to altered acoustic
environments:

1.

A theoretical model for adapting acoustic signal recognizer to changed closed
acoustic spaces has been created together with accompanying constructive
methods.

Methods for evaluating acoustic characteristics of environments in which the
training process of acoustic signals’ recognizer, and acoustic signals’
recognition take place have been investigated.

Factors of closed acoustic environments influencing the functioning of acoustic
signal recognizers have been analyzed.

A method using the acoustic signals’ recognition results for establishing the
moment of change in the acoustic environments has been proposed.

Methods evaluating the moment of change in the environment conditions have
been analyzed.

Procedures of recognizers’ control and functioning allowing the devices’
adaptation to altered conditions of operation have been created and investigated.

Experimental database with the help of which investigation of various acoustic
signals’ recognition situations is possible through adaptation to changed
conditions of acoustic environments, has been created.

Practical adaptability of the experimental database created has been
demonstrated.
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Gintaré CEIDAITE

AKUSTINIU SIGNALU ATPAZINIMO SISTEMU PRISITAIKYMO
PRIE PASIKEITUSIU APLINKOS SALYGU TYRIMAS

Santrauka
Tyrimy sritis ir problemos aktualumas

Siomis dienomis IT technologijos spar¢iai tobuléja, pasiiilydamos Zmonéms vis
naujesniy funkcionalumy, galimybiy. Siekiama, kad IT technologijos buty kuo
draugiskesnés, patrauklesnés paprastam zmogui. Taip sparCiai progresuojant, galima
prognozuoti, kad jos greitai bus ne tik mobilios, valdomos vos keliy pirSty pagalba, bet
turés galimybe biti valdomos balsu.

Technologijy valdymas balsu, tolimesnio progreso perspektyva. Su tokiomis
technologijomis, ar tai biity neSiojami, plansetiniai kompiuteriai, iSmantis mobilieji
telefonai, ar koks nors kitas mobilus jrenginys. Zmonés juos naudos visur, visiskai
nesvarbu kur jie bebity. Ar tai buty kaviné, autobuso stotis, metro, ar lietus lyty, ar tai
biity panasi labai triukSminga aplinka. Technologijos privalés s¢kmingai funkcionuoti
esant {vairioms salygoms. Tad labai svarbu i§nagrinéti jvairiy triuk§my daroma poveik{
irenginyje esan¢iam atpazinimo jrenginiui ir galimybes , juos eliminuoti, bei adaptuotis
prie esamos situacijos.

Disertacijoje nagrinéjama garso signaly atpazintuvy funkcionavimo
nestacionariose akustinése aplinkose problema. Pateikiama teorija ir konstruktyviis
metodai vertinimui uzdary patalpy akustiniy savybiy, sukelianciy garso signaly
atpazinimo klaidas bei garso signaly atpaZinimo tikslumo didinimui, atpazintuvams
patekus { patalpas su skirtingomis akustinémis savybémis.

Analizuojama aplinkos akustiniy savybiy daroma jtaka atpazinimo {renginio
atpazinimo kokybei. Disertacijoje pateikiamas adaptavimosi prie pakitusiy salygy
algoritmas. Kurio pagalba galima laiku jvertinti aplinkos savybiy pasikeitimo momenta,
ir mokymo procediirg adaptuoti, prie naujy salygu.

Kadangi nagrinéjami stochastiniai signalai, tad eliminavus aplinkos poveikj, arba
ji prislopinus, galima prarasti svarbios stebimame signale esancios informacijos. Tad
vienintelis geriausias sprendimas $ioje situacijoje, bty adaptuotis prie naujy salygu.
Permokyti atpazinimo jrengini, kad jis sugebéty atpazinti stebimas biisenos realizacijas
apmokytas ne tik konkrecCioje aplinkoje, bet ir sugebéty apsimokyti esant naujoje
aplinkoje.

Disertacijoje pateikiamas teorinis situacijos modelis, kuriame nurodoma, kaip
buty galima aprasyti kiekviena spendziamo uzdavinio sudedamaja dali, ty. kaip
modeliuojami akustinémis savybémis pasizymintys signalai, kaip jvertinamos ir
modeliuojamos aplinkos akustinés savybés, kurioje atpazinimo irenginys funkcionuoja,
kaip pasikeiCia Snekos signalo savybés papuolus, | naujomis akustinémis savybémis
pasizymincia aplinka. Bei aprasomi , kokie papildomi veiksniai itakoja, ar gali jtakoti
atpazinimo kokybg.

Eksperimentiniams tyrimams atlikti, buvo sukurta dinaminio laiko kraipymu
metodu  paremta programiné jranga, kurios pagalba, galima modeliuoti jvairias
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atpazinimo situacijas. Valdant ne tik stebimy bliseny realizacijas, bet ir aplinkos, kurioje
busena funkcionuoja savybes.

Atlikti eksperimentinius tyrimus su realiais $nekos signalais yra labai brangu,
reikalauja labai dideliy zmogiskuyjy iStekli. Tad disertacijoje Sie akustiniai signalai
dirbtinai generuojami islaikant ju savybes. Modeliuojant jvairias galimas atpaZinimo
situacijas, bei biuiseny generuojamas realizacijas galima jvertinti jvairius mokymo
procediiros adaptavimo momentus. Galima pasakyti, kada siilomas modelis veiks gerai,
kada adaptuotis yra sudétinga ir kokioms salygoms esant siilomas adaptavimosi
modelis neveiks. Disertacijoje pateikiami eksperimentiniai tyrimy rezultatai
atsakantysis Siuos klausimus .

Adaptavimosi prie kintan¢iy aplinkos salygy metodo veiksmingumas,
demonstruojamas disertacijoje aprasomi eksperimentiniai tyrimai.

ApraSomi  adaptavimosi prie pakitusiy salygu algoritmai remiasi atpazinimo
irenginio gautais atpazinimo rezultatais, tad $is modelis, néra taikomas tik konkrec¢iam
atpazinimo jrenginiui, bet gali blti naudojamas, kitus atpazinimo metodus
naudojanciose atpazinimo sistemose.

Darbo tikslas ir uZdaviniai

Darbo tikslas—iSanalizuoti akustiniy signaly atpazinimo jrenginio galimybes
prisitaikyti prie kintan¢iy aplinkos salygu, bei pasitilyti konstruktyvia prisitaikymo prie
kintanciy aplinkos salygu metodika.

Uzdaviniai:

1. Aprasyti aplinky akustines savybes, kuriose vyksta akustiniy signaly atpazinimo
procesai (apmokymas ir atpazinimas)

2. Isanalizuoti aplinkos akustiniy savybiy daromg jtaka atpazinimo jrenginiui.

3. ISanalizuoti metodus leidzian¢ius aptikti aplinkos savybiy pasikeitimo momenta.

4. I8analizuoti atpazinimo jrenginio mokymo procediiros valdymo galimybes
pasikeitusiose aplinkose.

5. Sukurti eksperimenting baze, kurios pagalba galima modeliuoti {vairias
akustiniy signaly atpazinimo situacijas, valdant aplinky akustines savybes.

6. Eksperimentiniais tyrimais pademonstruoti  pasitlyto atpazinimo {renginio
prisitaikymo prie kintanciy aplinkos salygy metodo efektyvuma.

Tyrimo metodai

Teorinei analizei, praktinei realizacijai panaudotos tikimybiy teorijos,
matematinés statistikos, dinaminiy sistemy teorijos, akustikos, skaitmeninio signaly
apdorojimo, bei atpazinimo teorijos Zinios.

Aplinkos akustiniy savybiy analizei atlikti buvo panaudota, patalpy akustiniy
charakteristiky vertinimo metodika. Patalpy akustiniy charakteristiky vertinimui, buvo
naudojamas impulsinis akustis signalas kurj sukelia 9 mm kalibro revolveris. Jo sukelto
impulsinio signalo atsakas buvo perkeliamas | kompiuterj naudojant CoolEdit
programinés jrangos paketa. Gauto signalo spektrinés charakteristikos skai¢iuojamos
naudojant STADIA programing jranga.

Patalpy akustiniy signaly daromai jtakai nustatyti, buvo panaudotas dinaminio
laiko kraipymo metodu paremtas atpazinimo irenginys Atpazintuvas [23] diktoriy istarti
signalai apdorojami panaudojant CoolEdit programinj paketa. Tyrimams atlikti buvo
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surinkta 100 jvairiy amziaus kalbétoju S$nekos signaly pavyzdziy, 10 skirtingose
akustinése savybémis pasizyminciose aplinkose.

Aplinkos akustiniy signaly, stebimy signaly, atpazinimo situacijy modeliavimui ir
aplinkos savybiy pasikeitimo momentui nustatyti, buvo sukurta Matlab aplinkoje
veikianti programiné jranga.

Akustiniy signaly atpazinimui buvo naudojamas dinaminio laiko skalés kraipymo
metodu paremtas atpazinimo jrenginys.

Mokslinis naujumas

1. Sukurtas akustiniy signaly atpazinimo sistemos prisitaikymo prie naujy
pakitusiy atpazinimo salygy metodas.

2. Padaryta programinés jrangos sistema, kurios pagalba galima tyrinéti {vairias
akustiniy signaly atpazinimo situacijas.

3. Atlikti eksperimentiniai tyrimai patvirtinantys sukurtojo akustiniy signaly
prisitaikymo prie kintancios aplinkos metodo naudinguma

Praktiné darbo reikSmé

Disertacijoje pasitlyti metodai leidzia funkcionuojanciai atpazinimo sistemai
kintant aplinkos salygoms prisitaikyti prie ju, iSlaikant atpazinimo kokybe.

Sio darbo metodika paremta eksperimentiniy tyrimy metu gautais rezultatais.
Prisitaikymo prie kintanc¢iy aplinkos salyguy metodui svarbu, atpaZinimo irenginio
pateikiami rezultatai, o ne jrenginio veikimo specifika, tad metodas gali bati pritaikytas
{vairius atpazinimo metodus naudojanc¢iuose atpazinimo jrenginiuose.

Naudojant disertacijos metu sukurta programini paketa, galima modeliuoti
ivairias atpazinimo situacijas ir toliau tgsti pritaikymo prie kintan¢iy aplinkos salygu
tiriamuosius darbus.

Disertacijos struktiira ir turinys

[vade aprasoma disertacijos tyrimo objektas, temos aktualumas, suformuojamas
darbo tikslas, apraSyti tyrimo metodai, mokslinis naujumas, praktin¢ reikSme, darbo
aprobavimas, darbo publikacijy sarasas, pristatoma darbo struktiira, turinys.

Pirmajame skyriuje apzvelgiame kokie nagrin¢jama tematika darbai yra atilikti
uzsienio ir Lietuvos mokslininky. Apzvelgiama $iy mokslininky atlikti darbai. Taip pat
atlickamas atpazinimo jrenginj supancios aplinkos daromo jtakos atpazinimo kokybei
tyrimas. Pateikiama analitiné veiksniy jtakojanéiy atpazinimo jrenginio atpazinimo
kokybés veiksniy , bei Sios klausimg nagrinéjanciy darby apzvalga. Pateikiami metodai,
kurie slopina $iy veiksniy jtaka, pateikiami $ia tematika nagrinéjanciy darby apzvalga.

Antrajame skyriuje nagrinéjami veiksniai jtakojantys patalpy akustika. ApraSomas
metodas patalpy akustiniy savybiy matuoti, bei aprasyti. Pateikiamas metodas
modeliuoti akustiniams signalams konkre¢iomis akustinémis savybémis pasizyminéioje
aplinkoje. Aprasomas eksperimentinis tyrimas, kurio rezultatai demonstruoja, kokia
itaka akustiniy signaly atpazinimo jrenginiui turi patalpa, kurioje jis funkcionuoja.

Tre¢iame skyriuje analizuojamas aplinkos savybiy pasikeitimo momento
nustatymo klausymas. Pateikiamas parametras, kurj stebint galima nustatyti aplinkos
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savybiy pasikeitimo momenta. Aprasoma, kokiais buidais stebimos biiseny realizacijos
gali biiti generuojamas aplinkoje. Pateikiami metodai, skirti aplinkos savybéms jvertinti.

Ketvirtame skyriuje pateikiamas trys konstruktyvus metodai, kuriy pagalba
atpazinimo jrenginys prisitaikyti ir efektyviai funkcionuoti naujoje aplinkoje. Detaliai
nurodomi kiekvieno metodo veiksmai, kuriuos atlikus atpazinimo irenginys gali
prisitaikyti prie naujos susidariusios situacijos.

Penktame skyriuje apraSoma programiné jranga, kurios pagalba galima modeliuoti
aplinkos, bei stebimy buseny realizacijy savybes, modeliuoti juy pasirodymo sekas
atpazinimo metu. Programinés jrangos pagalba galima modeliuoti jvairias atpazinimo
situacijas ir prisitaikyti prie esamos situacijos Sios programinés irangos pagalba buvo
atliekami eksperimentiniai tyrimai demonstruojantys prisitaikymo prie kintan¢iy salygu
metodo efektyvuma.

Sestame skyriuje apraSomi atlikti eksperimentiniai tyrimai. Pateikiamas detalus
naudojamy bilseny realizacijy ir jy modeliavimo naujoje akustinémis savybémis
pasizyminc¢ioje aplinkoje apraSymas. Atliktas eksperimentinis tyrimas, kurio metu
méginama i$siaisSkinti, kurj metoda aprasyta 3 skyriuje t, ikslingiausia bity galima
taikyti, siekiant kuo grei¢iau nustatyti aplinkos savybiy pasikeitimo momenta.
Pateikiami tyrimo metu gauti rezultatai ir i§vados. Taip pat aprasomas eksperimentinis
tyrimas analizuojantis prisitaikymo prie kintanciy aplinkos salygy metody efektyvuma.
Analizuojami 4 skyriuje aprasomi prisitaikymo metodai, ju efektyvumas, pateikiami
tyrimo rezultatai ir i§vados.

Rezultatai ir iSvados

1. Sukurtas akustiniy signaly atpazinimo jrenginio / atpazintuvo prisitaikymo prie
pasikeitusiy uzdary akustiniy erdviy teorinis modelis ir konstruktyviis metodai.

2. Istirti vertinimo metodai akustiniy savybiy patalpy, kuriose vyksta akustiniy
signaly atpazinimo {renginio / atpazintuvo apmokymas ir akustiniy signaly
atpazinimas skirtingose aplinkose.

3. Isanalizuoti uzdary akustiniy aplinky veiksniai, jtakojantys akustiniy signaly
atpazinimo jrenginiy / atpazintuvy funkcionavima.

4. Pasiulytas signaly atpazinimo rezultatu grindziamas veiksnys, kuriuo remiantis
galima nustatyti aplinkos savybiy pasikeitimo momenta.

5. ISanalizuoti aplinkos savybiy pasikeitimo momenta vertinantys metodai.
Pateikiami eksperimentinio tyrimo rezultatai.

6. Istirtos atpazinimo jrenginiy / atpazintuvy valdymo funkcionavimo procediros,
atveriancios galimybes prisitaikyti dirbti prie pasikeitusiy darbo salyguy.

7. Sukurta eksperimentiné bazé, kurios pagalba galima tirti jvairias akustiniy
signaly atpazinimo situacijas, prisitaikant prie pakitusiy akustiniy aplinky
savybiy.

8. Parodytas sukurtosios eksperimentinés bazés praktinis pritaikomumas.
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