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Abstract—When evaluating the intelligibility of speech distorted by noise and reverberation, direct or
indirect methods of measuring the speech transmission index are used. However, it remains insufficiently
studied how significantly differ the results of measurements obtained by direct and indirect methods. To
find an answer to this question, the use of a multicomponent test signal consisting of four "elementary"
signals separated by pauses is proposed in this paper. As "elementary" signals, it is proposed to use a
maximum-length sequence, a speech shaped maximum-length sequence, a speech shaped stationary
noise, and a speech shaped amplitude-modulated noise. Use of amplitude-modulated noise allows
estimating speech transmission index by a direct method. Other "elementary" signals make it possible to
estimate speech transmission index by two variants of indirect method. The proposed algorithms and
corresponding computer programs were tested on trial signal models, while the consistency of the
obtained results with the results of previous studies was revealed. The results of the signal models studies
show that both considered variants of the indirect speech transmission index measurement method lead to
underestimated results compared to the direct method. For one of the variants of the indirect method, the
value of the estimate bias is 0.03—0.04, regardless of the interfering conditions. For another variant of the
indirect method, the estimate bias varies from 0.01 to 0.18, depending on the interference conditions.

Index Terms—Test signal; speech intelligibility; direct method; indirect method; noise disturbance;

reverberation.

I. INTRODUCTION

When using the indirect speech transmission index
(STI) measurement method, BS EN 60268-16
standard [1] recommends using an exponential sweep
signal or maximum-length sequence (MLS) as test
signals. A certain preference is given to MLS signals
with a uniform or speech shaped spectrum. This is
explained by the fact that MLS signals are perceived
by the ear as noise and therefore can be used in filled
rooms. Another advantage of the MLS signal with the
speech spectrum is the ability to simplify the
assessment of the effects of both reverberation and
background noise on speech intelligibility.

The specified recommendations of the standard
[1] are implemented in a number of hardware and
software applications, in particular, such as DIRAC
[2], [3], AURORA [4], [5], CLIO [6], NTi Audio
[7]. However, the following questions are relevant:

1) how significantly different are the results
obtained by direct and indirect STI measurement
methods?

2) how significantly different are the results of
STI measurements obtained by the indirect method

using MLS signals with a speech shaped spectrum
from those for MLS signals with a uniform spectrum?

It is difficult to find a clear answer to these
questions in the literature. In article [S], where the
AURORA software application was used for
acoustic measurements, a good agreement (the
difference did not exceed 0.032) of the STI
measurement results by the direct and indirect
method in a wide range of signal-to-noise ratio
(SNR) values from -5 dB to 20 dB was shown.
However, although AURORA provides several ways
to measure STI by an indirect method, it was not
specified in [5] which method was chosen for
experimental studies.

In article [8], the DIRAC software application was
used to compare the results of STI measurements by
direct and indirect methods. Exponential sweep signal
was used in indirect STI measurements. According to
the research results given in [8], STI estimates for the
indirect method at high levels of background noise
can exceed those for the direct method by 0.16. The
shortcoming of the description of the research
organization in [8] is that it is difficult to understand
how the partial (in octave frequency bands) signal-to-
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noise ratios were estimated during STI measurements
by the indirect method.

In article [9], the multicomponent signal
consisting of three sweep signals (the instantaneous
frequency varied linearly from 100 Hz to 10 kHz) of
different durations and a signal in the form of
amplitude-modulated noise was used. A test signal in
the form of amplitude-modulated noise was used to
estimate STI (version STIPA) by the direct method.
All signal components were separated by pauses
lasting 5 s. Measurements were made at different
points in two rooms with a volume of 130,000 m’
and 12,000 m’. In the larger room, STI estimates
obtained by the indirect method mostly exceeded
those obtained by the direct method, with the largest
excess being 0.17. In a smaller room, the difference
in STI scores did not exceed 0.05. The shortcoming
of [9] is the lack of information regarding the method
of estimating partial signal-to-noise ratios during STI
measurements by the indirect method.

In article [10], it is shown that the difference
between experimental estimates of STI obtained by
direct and indirect methods using the DIRAC,
AURORA and NTi systems does not exceed 0.03.
MLS with a pink spectrum, an exponential sweep
signal, and a set of test signals for the implementation
of the direct STI estimation method were used.

A common drawback of the above studies is the
use of commercial hardware and software
applications for STI assessment. The software in
these applications is a trade secret product.
Therefore, it cannot be excluded that the developers
could programmatically compensate for the
difference in the results of direct and indirect
methods without notifying users. Another drawback
is the lack of data on the difference in the results of
STI measurements when using different variants of
the indirect method. The existence of these variants
is possible due to the fact that MLS signals with
both uniform and speech shaped spectra can be used
as test signals. Finally, given the somewhat
contradictory results of the above studies,
independent verification of these results is not
superfluous. As for the review [11], its obvious
drawback is excessive brevity, due to which the
question of comparing the results of STI
measurements by direct and indirect methods was
not even considered. The object of this paper is the
development of algorithms for the formation and
processing of multicomponent test signals in the
Matlab environment, which would allow to obtain
"transparent" software and, based on it, to perform
research aimed at eliminating the above mentioned
shortcomings.

II. PROBLEM STATEMENT

According to the full version of the direct STI
measurement method, a set of 14 non-stationary
noises with a speech spectrum, the power of which
varies according to a harmonic law, is used as test
signals. Modulation frequencies of such noises vary
from 0.63 Hz to 12.5 Hz [1]. A shortened version of
the direct method is proposed in [12], where a
segment of a random process with a duration of at
least 16 s is used as a test signal
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where &(7) is speech shaped noise, f(¢) is the law
of modulation of the noise variance with the "base"
period 7, =1.43 s. When using such a modulation

law, the modulation frequency range from 0.7 to
11.2 Hz is covered, which practically coincides with
the modulation frequency range for the full version
of the STI method [1].

According to the indirect STI measurement
method [1], MLS signals are recommended to use as
a test signals. They are, in particular, MLS signals
with a uniform spectrum (variant 1 of the indirect
method, which will be denoted as IN1) or filtered
MLS signals, the spectrum of which is similar to the
speech spectrum (variant 2 of the indirect method,
hereafter IN2). Each of these versions, IN1 and IN2,
has its advantages and disadvantages. Before
pointing out these advantages and disadvantages, we
note that the basis of the indirect method is an
analytical expression [1]

mki = mk rev(F;') : mk noise
jh,f(z) exp(—j2nF1)dt
-0 ‘(1 +107O1SNR:
jh,f(z)dr
0

)
)

where m,,, k=1,...,7, i=1,...,14, are general

modulation transfer coefficients, m,  (F,) are
reverberation modulation transfer coefficients,
moise  are  noise  modulation  transmission

coefficients, 4, (¢) is the result of the room impulse
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response (RIR) A(¢) filtering by k th octave filter,
F, is ith modulation frequency, SNR, is partial

signal-to-noise ratio in dB for k th frequency band.
In the case of IN1, it is easy to calculate the first
factor m,  (F;) of (2). Difficulties arise with the

SNR, evaluation, since the test signal does not

contain information about the speech spectrum. One
way to solve this problem is to use, in addition to the
MLS signal, an additional noisy test signal with a
speech spectrum, because the test signal does not
contain information about the speech spectrum.
When using the IN2 variant, the signal-to-noise
ratio SNR,,k =1,...,7, in each of the seven octave

frequency bands is easier for estimation. For this, it
is sufficient to subject the recorded signal and
background noise to spectral analysis using a comb
of octave filters. However, in the case of IN2, the
h(t) estimate will be distorted due to the unevenness
of the spectrum of the test signal. As a result, the
m, ., (F,) estimate will differ from the one obtained

when using the MLS signal with a uniform
spectrum. Thus, the question arises about the

influence of the estimation error of the m,  (F))

value on the STI estimation results.

Although the authors of [5], [8], [9], [10] claim
they have compared direct and indirect methods, it is
not always clear which type of indirect method, IR1
or IR2, was implemented. In addition, attempts to
compare the results of implementation of IR1 and
IR2 variants are unknown. Finally, the authors of
these papers used commercial software and
hardware equipment for STI measurements, due to
which the algorithms of the corresponding
calculations are "hidden" from the researchers.
Therefore, the purpose of the paper was developing
of such test signals and algorithms for their
processing, which would make it possible to make
the comparison of STI estimates obtained by direct
and indirect methods as transparent as possible.

III. SET UP OF THE STUDY

A. Variants of multicomponent test signals

To speed up and simplify the execution of model
and experimental studies, it seems appropriate to use
multi-component test signals consisting of a
sequence of "elementary" test signals and pauses.

For example, three-component test signal “even
spectrum MLS, speech spectrum noise, modulated
speech spectrum noise” (Fig. 1a) is convenient for
comparing the results of STI evaluation by the direct
method and IN1. Indeed, after calculating the cross-
correlation between the recorded room response and
the MLS signal, a sharp high spike will be obtained

at the beginning of the received array, which is
convenient for determining the beginning of the first
signal and the boundaries of other two signals against
the intense background noise.

A two-component signal “speech shaped MLS,
modulated speech spectrum noise” (Fig. 1b) is
convenient for comparing the direct method with IR2.

However, proposed in this study the four-
component test signal “even spectrum MLS, speech
spectrum noise, modulated speech spectrum noise,
speech shaped MLS” (Fig. 1c) is appears to be the
most promising from the point of view of saving time
and convenience of research.

IN1
f ) \ direct
MLS | Nspch, | AMspcy |
a)
IN2 direct
‘ Ml-ssgch AMsgch
b)
IN1
(ﬁl—\ direct IN2
MLS | Nspch AMspCh | MLSspch
c)

Fig. 1. Three-component (a), two-component (b) and

four-component (c) test signals

This variant of the test signal significantly
facilitates the end-to-end comparison of STI
evaluation results by the direct method and both
variants of the indirect method, IN1 and IN2.
Moreover, when the individual components of the
test signal are separated by relatively small pauses
(lasting a few seconds), we can talk about conducting
tests in practically unchanged conditions over time.
Note that pauses between individual signals are
required to estimate background noise parameters.

B. Choice of test signal parameters

The parameters of the test signal should be
chosen, in particular, taking into account the
expected reverberation time of the premises where
speech intelligibility measurements are planned. If it
is planned to carry out measurements in classrooms
of educational universities and in offices, the
reverberation time in the vast majority of cases does
not exceed 1 s. Therefore, the duration of the pauses
between the components of the test signal can be 2 s,
which will ensure the presence of intervals lasting 1 s
in the pauses, where the background noise
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interference prevails over the reverberation. Such
intervals with background noise interference are
needed both for estimating signal-to-noise ratios
SNR,,k=1,...,7and for estimating the integral

signal-to-noise ratio SNR .

According to [1], the duration of modulated noise
with the speech spectrum used when using the direct
STIPA method should be 15-20 s. In our studies, an
accelerated direct STI measurement method similar
to the STIPA method [12] was used, according to
which the duration of modulated noise with the
speech spectrum should be at least 16 s.

The duration of an elementary test signal in the
form of stationary noise with a speech spectrum in
these studies is 4 s, which is sufficient to ensure the
accuracy of STI measurements by IN1 method, close
to the accuracy of the direct method under conditions
of predominant noise interference [13].

The duration of MLS signals should be chosen
taking into account the level of the side lobes of the

0
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Sample number «%10°%
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autocorrelation function, which should preferably be
no greater than minus 40 dB [1]. Graphs of the
autocorrelation functions of MLS signals with a
uniform spectrum are shown in Fig. 2.

It can be seen that for the number of samples
L=2"~1 of the MLS signal, the maximum level of
side lobes is close to -48 dB, while this level

decreases to -54 dB for L=2"—1, for the sampling
frequency F§= 44100 Hz. For research in this paper,

L =2"" —1 was adopted, therefore the duration of the
MLS signal with a uniform spectrum is close to 6 s.

For MLS with the speech shaped spectrum, the
duration of the signals must be significantly
increased due to the fact that the reduction of the
frequency band leads to an increase in the level of the
side lobes of the autocorrelation function. It is shown
in Fig. 3 the graphs of the autocorrelation functions
of MLS with the speech shaped spectrum.

Level (dB)

3 4 5 6 7 8
Sample number x10°
b)

Fig. 2. Autocorrelation functions of the MLS signals for L =2'° —1 (a)and L=2" -1 (b)
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Fig. 3. Autocorrelation functions of the speech shaped MLS signals for L =2" -1 (a, b)and L =2 -1 (c)

It can be seen that for the L=2" -1, the
maximum level of side lobes is close to -37 dB,
although near the main peak (in the vicinity of £ 2 s)
the level of side lobes is smaller and close to —40 dB.
In the case L =2 -1, the maximum level of side
lobes decreases to —40 dB, and at an interval of £ 2 s

in the vicinity of the maximum burst, the level of
side lobes is close to -45 dB. In view of the specified
levels of side lobes, L =2 —1 for research in this
work was chosen. In this case, the duration of the
MLS signal with the speech shaped spectrum for the
sampling frequency F;= 44100 Hz is close to 24 s.
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C. Test signal generation algorithm

The algorithm for generating a four-component
test signal consists of the following stages:

1) generation of an MLS signal x,,.(¢#) with a
uniform spectrum and 7, duration;

2) generation of the speech spectrum MLS signal
Xpsspen (1) With T ¢ duration;

3) generation of a segment x, ., (¢) of Gaussian
speech spectrum noise with 7, , duration ;

4) generation of amplitude-modulated speech
spectrum noise x,,, ., (¢) with 7, duration;

5) equalization of variances of test signal
components:
D[xMLS(t)] = D[xMLSspch (t)] = D[xn spch (l)]
= D[xAMspch (t)],

6) formation of the final test signal by sequential
addition (this procedure is indicated by the @
symbol) of its individual components, with the
insertion of pauses x,(f) of the T, duration
between these components:

xtest(t) = xsil (t) ® xMLS (Z) ® xsi/ (Z)
® 'xn spch (t) ® xsil (t) ® xAMspch (Z)

® 'xsil (t) ® xMLS spch (t) ® xsil (Z)’

7) normalization according to the maximum of
the x,,(¢)signal and recording the result of
normalization to computer disk.

Let's comment on some points of the given list.
The formation of signals with a speech spectrum is
proposed to be performed by filtering primary signals
having a uniform spectrum with a comb of 7 octave
filters.

The power equalization procedure (item 5 of the
given list) is intended to facilitate the calibration of
the measuring system. In the process of such
calibration, the sound level emitted by the
loudspeaker should be 60—70 dBA at a distance of
1 m from the loudspeaker. The power equalization
allows for a correct comparison of the results
obtained using different methods of measuring
speech intelligibility.

The result of synthesis of a four-component test
signal performed according to the above algorithm is
shown in Fig. 4. As can be seen, the total duration of
such a signal is about 60 seconds.

Level

"I

Time. s

Fig. 4. Four-component test signal x,,, (¢)

IV. TRIAL COMPARISON OF STI MEASUREMENT
METHODS

A.  Processing the room reaction signal

The algorithm for processing the reaction y(¢) of
the room to the test signal x__(¢#) consists of the
following stages:

1) perform cross-correlation processing of the
signal y(¢z) and the MLS signal x,,,(¢), as a result
of which the signal z(¢) is obtained;

test

2) search for the maximum spike in the z(#)
signal, the position f,of which on the time axis
indicates the beginning of the room's response to the
MLS signal x,,4(?) ;

3) starting from the time value ¢#,, an estimate
h(f) of the room impulse response (RIR) of the
duration of 1-1.5 s is cut out of the signal z(¢) for
further calculation m, , (F;) according to (2);

4) focusing on the time value ¢,, calculate the
limits values of the three speech shaped signals
(noise y, ., (¢), modulated noise y,, ., (¢) and
MLS )/ e (1) ), after which arrays of relevant data
are cut out of the signal y(¢) for further processing;

5) estimate STI by shortened direct method
[12], using y 41/ e (1) 5

6) estimate the STI by the indirect method of
IN1 using expression (2), while the signal iz(t) is
used for the m,  (F)) calculation, and the signal
Vugpen (1) 18 used for the m, .~ calculation;

7) estimate the STI by the indirect method IN2
using expression (2), while the signal /e (¢) is used
for the m,, (F) calculation, where Ay (f) is the
result of the cross-covariance of the signals
Vasspen (D) and x,, ¢, (¢), and the parameter m, .,
is calculated using the signal y,, ¢ .. (7).

B.  Algorithms verification on signal models

To check the performance of the proposed

algorithms for generating a test signal x,,(f) and
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further processing the room's response y(¢) to this
signal, four examples were considered, where the
modeling of signals distorted by noise and
reverberation took place according to the expression:

V(1) = X,y O h() +11(2) , 3)

where n(t) is background noise disturbance.

These examples consider four situations:

1) reverberation and noise are absent;

2) reverberation is present, and noise is absent;
3) reverberation is absent, and noise is present;
4) noise and reverberation are present.

It was accepted y(t)~x,,(f) In the first

example. In the second and fourth examples, a record
of the RIR /(¢) for a real room with a volume of 370

m’ and a reverberation time of 0.8 s was used [14].
In the third and fourth examples, stationary white
noise n(¢) with a normal distribution law was used.

The value of the integral signal-to-noise ratio
SNR in the third example was calculated according
to the expression

SNR =D

Xnspch

D,, 4)

where D, is variance of the noise component
-

with the speech spectrum, D, is variance of

background noise. In the fourth example, the SNR
value was calculated similarly to (4) with the
difference that convolution x, ., (1) ®h(f) was used

instead of x, (7).

The results of the evaluation of STI and
E, =SNR, for the specified model examples are
given in in Fig. 5.

As can be seen from the obtained results, both
variants of the indirect STI measurement method
lead to underestimated results compared to the direct
method. The value of such a shift can reach 0.18 for
INT and does not exceed 0.04 for IN2.

The smallest deviation of the IN1 estimate is
observed for low noise levels and low reverberation
time values (Fig. 5a). The largest deviation of the
IN1 estimate can be expected in cases where the
distorting effect of reverberation prevails over that of
noise (Fig. 5b). As can be seen, the bias value of the
IN1 estimate significantly depends on the
interference situation.

As can be seen from the obtained results, both
variants of the indirect STI measurement method
lead to underestimated results compared to the direct
method. The value of such a shift can reach 0.18 for
IN1 and does not exceed 0.04 for IN2.

‘0. T60 =0 s, SNR = 60 dB
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Fig. 5. STl and E, = SNR, for examples 1 (a), 2 (b), 3 (c)
and 4 (d)
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The smallest deviation of the IN1 estimate is
observed for low noise levels and low reverberation
time values (Fig. 5a). The largest deviation of the
IN1 estimate can be expected in cases where the
distorting effect of reverberation prevails over that of
noise (Fig. 5b). As can be seen, the bias value of the
IN1 estimate significantly depends on the
interference situation.

The priority of the IN2 estimate is, first, the bias

insignificance. Second, the bias 1is practically
independent of the interference situation.
The simulation results are in acceptable

agreement with the research results [5], [8], [9], [10],
which indicates the efficiency and correct
functioning of the obtained software.

In the further study on similar model examples, it
would be appropriate to try to optimize the
parameters of the proposed test signal. In particular,
since there are different opinions about the shape of
the long-term speech spectrum [1], [15], [16], it
would be useful to check the stability of the obtained
results to a change in the shape of the long-term
speech spectrum.

Finally, since model (3) is an approximation to
the real effect of reverberation and noise on the
speech signal, it is advisable to conduct experimental
studies in real rooms.

V. CONCLUSIONS

It is proposed to use multicomponent test signals
when comparing STI estimates by direct and indirect
methods. It is shown that when considering two
variants of the indirect method, IN1 and IN2, it is
advisable to use a four-component test signal. Both
the composition of such a signal and the parameters
of its components are substantiated. Algorithms and
computer programs for generating the test signal and
its further processing have been developed.
Performance testing of the developed algorithms and
programs was performed on model examples.

As a result of such verification, it was found that
both variants of the indirect STI measurement
method lead to underestimated results compared to
the direct method. The amount of underestimation
can reach 0.18 for the IN1 variant and does not
exceed 0.04 for IN2. The largest bias of the INI
estimate should be expected in the case when the
distorting effect of noise on the speech signal is weak
compared to the effect of reverberation.

The difference between the STI estimates
obtained by the direct method and the IN2 method is
practically independent of noise and reverberation
conditions. This makes it easy to adjust the STI
estimate obtained by the IN2 method to match it with

the estimate obtained by the direct method. For the
estimation of STI obtained by the IN1 method, such
reconciliation is more difficult to perform, as it is
associated with the need to analyze the ratio of the
contribution of noise and reverberation interference.

In the future, it is advisable to optimize the
parameters of the test signal, as well as check the
correctness of the obtained results by conducting
experimental studies in real rooms.
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A. M. IIponeyc, O. O. IBopuuk, A. C. Haiina, M. B. linkoBcbka, O. I1. I'pedinb. BaratokomMmnoneHTHUI CUTHAJ
IJ1s1 IOPiBHAHHS MPSIMOT0 TA HEMPSAMOT0 METONiB BUMIPIOBAHHS iHIEKCY NepeTaBaHHA MOBJIEHHS

Jlnst omiHIOBaHHS PO30IPAMBOCTI MOBH, CIIOTBOPEHOI IIYMOM Ta peBepOepalli€lo, BHKOPUCTOBYIOTh HPSIMUN abo
HEMPSMUM METOMH BHMIPIOBAHHS IHACKCY IepeJaBaHHS MOBJICHHS. [IpoTe 3aiMINaeThCs HEAOCTATHHRO BHBUYCHHM,
HACKIIBKH CYTTEBO BIAPI3HAIOTHCS PE3yJbTaTH BUMIPIOBaHb, OTPUMAaHI IPSAMUM Ta HEMIPSIMHUM MeTofaMHu. JIJIs MonryKy
BIJIMOBi/Ii Ha Lle MHUTaHHS B JAaHiil poOOTI MpPOIOHYETHCS BUKOPHCTOBYBATH TECTOBHU CUTHAJ, IO CKIAJA€THCS 3
YOTHPHOX «CJIEMCHTAPHUX» CUTHAIB, PO3IUICHHX Iay3aMH. B SAKOCTI «eIEMEHTapHUX» CHUTHAJTIB TMPOINOHYETHCS
BHKOPHUCTOBYBATH IIOCITiIOBHICTh MaKCHMAJbHOI JTOBKHHH, IOCIIJOBHICTh MAaKCHUMAJbHOI TOBXHHU 13 CIEKTPOM
MOBJICHHS, CTAI[ilOHAPHUI IIYM i3 CIIEKTPOM MOBJICHHS Ta aMIDIITYIHO-MOAYJIbOBAHHM IIYM i3 CIIEKTPOM MOBJICHHS.
BukopucTaHHSA aMIUTITYHO-MOYJILOBAHOTO IIIYMY JO3BOJISIE OLIHUTH 1HICKC Mepenavyi MOBJICHHS MPSMUM METOIOM.
[HIIi «eJIeMeHTapHi» CUTHAIIN J03BOJIIOTH OI[IHUTH 1HAEKC MepeIayi MOBJICHHS IBOMa BapiaHTaMU HETIPSIMOTO METOTY.
3anporoHoBaHi aJIrOPUTMH Ta BiIMOBITHI KOMII FOTEPHI MPOrpaMu MEPEBIPEHO HA MOACIBHUX MPHUKIAAAX, IPU [EOMY
BHSBJICHO Y3TO/DKCHICTh OTPUMAHHUX PE3YJIbTATIB 3 pe3yIbTaTaMHU IMOMEPEIHIX JOCHTIHKEeHb. Pe3ynbTaTH MpOOHHX
MOJIENTbHUX JOCIIKEHb CBIUaTh, 10 OOWABA PO3MIIAHYTI BapiaHTH HEMPSIMOTO METOAY BHMIPIOBAHHS MPHU3BOIATH 10
3aHIKCHUX PE3YJIbTATIB MOPIBHAHO 3 MPSIMUM METOAOM. J[Js OJHOrO 3 BapiaHTIB HEMPSIMOrO METOMY IS Pi3HHUILT
cranoButh 0,03—0,04 He3aneKHO BiJ 3aBaJIOBUX YMOB. [[Js 1HIIOr0 BapiaHTy HENPSMOrO METOAY PI3HHUII BapiFOETHCS
Bix 0,01 mo 0,18, B 3ay1e)KHOCTI BiJ] 3aBaIOBUX YMOB.

KirouoBi cioBa: TeCTOBHMIA CHUTHAN, pO30IpJIMBICT MOBJICHHS, MPSAMHUM METOI; HENPSIMHH METOM; IIyMOBa 3aBaja;
peBepOepartis.
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