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The article presents the results of an experimental evaluation of the reverberation time
of the lecture auditorium in the Lviv Polytechnic National University. For their further
analysis a sub-system of batch processing of audio files with a registered response of the room
for excited impulse noise has been developed. To determine the bypass sighal, Schroeder's
method was used and the least squares method was improved by pre-processing of the signal
using the MM method. The influence of the number of neighboring points of the MM method
on the accuracy of the time of reverberation method by the least squares method is
investigated. A comparison of the Schroeder method and the least squares method was made,
which made it possible to establish that Schroeder method is more precise. The average error
of this method for 6 experiments against the Dirac system was 0.02 sec, whereas for the least
squares method it was 0.06 seconds. The developed subsystem of the batch analysis of the
registered response of the premises for pulsed noise made it possible to increase the speed and
efficiency of processing the results of experiments.
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MOPIBHSHHA METO/IIB BUMIPIOBAHHSI
YACY PEBEPBEPAIII

© Menvuux M., Kepnuyvxui A., Jlooyp M., 2018

HaBeneHno pe3yiabTaTH eKCIIEPMMEHTAJNBHOI OLIIHKM 4acy peBepOepauii JekuiliHoi
aynurtopii HauionanbHoro yniBepcurtery “JIbBiBcbka modgitrexnika”. Jasi iX nmoaaabumioro
aHaizy po3po0JieHO MiACHCTeMY MAKETHOrO ONMPAIIOBaHHsI aydiodaiiiB i3 3apeecTpoBaHUM
BiATyKOM nNpuMillleHHs Ha 30yJ:KeHHA IMIyJabcHUM mymoMm. /i BH3Ha4YeHHs OOBixHOL
curLHajgy BukopuctaHo Mmetoa Illlpesepa Ta ynockoHajleHO MeToA HaliMeHIIMX KBaJpaTiB
nonepeAHiM 00po0JEeHHAM CHTHAJTY MeETOAOM 3MIHHOIO cepedHboro. J/lociigixkeHo BILUINB
KIIBKOCTI CYCiAHIX TOYOK MeTOAy 3MiHHOIO CepeJHLOr0 HAa TOYHICTH BH3HAYEHHS 4Yacy
peBepOepanii MeToloM HaiiMeHIIUX KBaapartiB. 3ailicHeHo nmopiBHAHHS Meroay Ilpenepa ta
MeToAy HaliMeHIIMX KBAaAPaTiB, sike HajJ0 3Mory BcTaHoBMTH, 1o Merox Illpenepa €
TouHimum. Cepeansi moxubka WHLOro MeTOAY JIfl IIECTH eKCINePUMEHTIB BiTHOCHO Bimomoi
cepen akyctukiB cucremu Dirac cranoBmiaa 0,02 ¢, HATOMICTh JIs1 METOAY HAaiMEHIIIMX
kBajgpartiB 0,06 c. Po3pobsiena migcucreMa NakeTHOro AaHAI3y 3ape€cTPOBAHOIO BiATYKY
NpUMillleHHs] HA iMIyJIbCHMII IIyM, SIKA JaJ1a 3MOry 30iIbIIMTH MIBHAKOAIIO TA eeKTHBHICTH
ONpalOBAHHSA Pe3yJbTATIB eKCIIEPHMEHTIB Y /ieKijbka pa3iB.

KirouoBi cioBa: 4yac pesepOepaunii, JekniifHa ayauTopis, iMIyJbCHHH IIyM, MeTON
HlIpenepa.

Introduction
Reverberation time is one of the important criteria that determines the acoustic quality of any room.
According to ISO 3741: 2010 [1], reverberation time is the time required to reduce the averaged volume of
sound energy density in a closed environment at 10 ~ (n / 10) times, that is, at n dB after switching off the
noise source. Nowadays there are a lot of systems for determining the reverberation time based on the
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analysis of the registered impulsive response of the room to excitation impulse noise, but they only allow
to process one audio file. To conduct research to improve methods for determining reverb time scientists
need to handle large amounts of files. The task to develop a system that allows automating the process of
batch processing of a large number of audio files is important, and for this purpose it is necessary to choose
the optimal method or to improve the existing ones for the purpose of implementation in the system being
developed.

Scientists Wallace Sabine, Manfred Schroeder, Leo Beranek, Tim Mellow and others [2-3] made a
significant contribution to the creation of methods for calculating reverberation time. Each of these methods
allowed to improve the accuracy of calculations, but at the same time each of them has its advantages and
disadvantages. In this regard, the efforts of modern researchers are aimed at clarifying the calculated formulas of
reverberation time [4], as well as the study of methods of determining of the signal bypass for finding the
reverberation time and developing systems in which these methods are implemented [5].

Registering a room response to pulse noise

According to 1ISO 3382-2 [6] reverberation time is measured with a pulse transition characteristic,
which is to change the sound pressure at a certain point of the room as a result of radiation of the Dirac
pulse at another point in the room. In order to reduce the impact of direct radiation the minimum calculated
distance is 2.14 m, in our case, the closest distance from the source of noise to the measuring point is
2.8 m, which meets the requirements of the standard.

The layout of the measuring points and the source of impulse noise is shown in Fig. 1. At each
measuring point, the maximum sound pressure level in dB is specified. As a source of impulse noise,
petards were used. Shots were carried out on the spot where the lecturer is usually placed during the
lecture. The microphone was placed at a height of 1.2 m from the floor where the ears of the listeners
sitting at the desk are located.
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Fig. 1. Layout of measuring points

During the experiments the impulse source generated a peak sound pressure level in which the initial
level of the downturn curve was in all cases greater than 45 dB from the background noise level in the
corresponding band of frequencies when measuring T30 [6].

The following equipment was used for the experiment:

»  four channel sound and vibration analyzer SVAN 958A;
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»  capacitor omnidirectional microphone SV22 1/2 ", measurement range from 10 Hz to 16 kHz,
25 mV / Pa sensitivity allows to measure high noise level;

*  petards (source of impulse noise);

»  Bosch GLM30X laser measure.

All experiments were carried out at room temperature of 22 °C and relative humidity of 45 %.
Fig. 2 shows the process of registering an auditorium response to a pulse source of noise using a
SVAN 958A analyzer.

Fig. 2. Registration of the auditorium response to impulse noise source

Design of a subsystem

The subsystem for analyzing the registered audio files with the response of the room to impulse
excitation was developed taking into account all the requirements of the standard ISO 3382-2 [6].

When developing the subsystem it was taking into consideration that it is necessary to shift by 5 dB
from the peak value, and if the difference between the peak value and the background noise is less than
35 dB, the program will issue an error that the file does not meet the requirements. The subsystem was
developed in the MatLab environment, because this system has sufficient means to solve such tasks. The
development takes into account that audio files may have an incorrect checksum and signalizing an error
when opening in MatLab. Therefore, a function was developed that fixes these files and allows to process
them. The algorithm of the work of the developed subsystem is presented in Fig. 3.

Method of Moving Mean
In the Moving Mean (MM) method, the output data is smoothed by the following rule [7]:

1 8
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where 2N+1 — the number of points that are chosen for smoothing. That is, to the left and to the right of the

current point is N points are selected. The data located at the points close to the boundaries of the segment
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are not smoothed, because there are not enough points to the right or left of the current point at which
smoothing is being done.
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Converting the magnitude of the signal into dB

Use the filter to select the appropriate frequency signal

Finding the peak of the sound pressure level and deviating from it by 5 dB

Finding an approximating direct method of least squares

Finding a Schroeder approximating direct method

Finding the position angle of the approximating line relative to the time axis

Finding the reverberation time
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Fig. 3. The algorithm of the subsystem for determining the reverberation time for audio files

subsystem

where n - number of audio files that need to be processed by the

That is why for analysis in the developed system the time interval bigger than necessary is analyzed
so that the results are not distorted. The whole signal next to the peak value is also cut off since the average
value between the background noise and the peak values greatly distorts the results. The MM method is
used before using the least squares method to find the optimal time interval for analysis. Results of the
determination of the reverberation time had an absolute error 5 times greater without using the pre-
processing of the signal by the MM method results. This results are unacceptable. The conclusion can be
made that the method of least squares to determine the bypass signal in order to determine the
reverberation time can only be used after signals pre-processing.

14



In Fig. 4 the results of the smoothing of the signal by means of the MM for 10, 100 and 1000
smoothing points are presented. As one can see from the graph the signal becomes more acceptable for
further processing with the increase of points of smoothing.
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Fig. 4. Smoothing results for different number of smoothing points

The next step was to find the optimal number of points for smoothing. That is why the task was set
to investigate how the total error of reverberation time would change for 6 experiments in comparison with
the Dirac system. From the obtained calculations it turned out that the smallest error is obtained by
smoothing the signal of 2000 neighboring points. The graph of the dependence of the number of adjacent
points for smoothing (Fig. 5). In connection with this 2000 thousand adjacent points for smoothing the
signal have been selected in the system.
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Fig. 5. Investigation of the influence of the number of adjacent points on the total error
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Results and their analysis

To study the accuracy of the subsystem and compare the Schroeder method with the modified least
squares method, the results of the reverberation time T30 for frequency f = 500 Hz and f = 1000 Hz were
taken, which are most often used to assess the acoustic suitability of the room, and sometimes their mean
value is taken. The results of the subsystem data processing and the results obtained from the program

Dirac [8] are presented in Table 1 and Table 2.

Table 1
Time reverberation T30 for frequency f =500 Hz, sec
Experiment # 1 2 3 4 5 6
Dirac system 1.2000 1.2600 1.1500 1.2500 1.2300 1.2300
Schroeder's method 1.2258 1.2345 1.1440 1.2455 1.2203 1.1820
Method of Least Squares 1.2491 1.1679 1.2273 1.3218 1.2513 1.2235
Table 2
Time reverberation T30 for frequency f = 1000 Hz, sec
Experiment # 1 2 3 4 5 6
Dirac system 1.1800 1.2000 1.1100 1.2200 1.1700 1.2300
Schroeder's method 1.1833 1.1593 1.1363 1.2395 1.1713 1.2633
Method of Least Squares 1.2138 1.2611 1.1727 1.2889 1.2435 1.2765

Since we work with roughly identical values, we use only absolute errors to evaluate the correctness
of the work of the developed system and the comparison of the methods. The absolute errors obtained for
the Schroeder method and the improved least squares method are presented in Fig. 6 for frequency 500 Hz
and on Fig. 7 For frequency 1000 Hz.
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Fig. 6. Absolute error for frequency 500 Hz

As one can see from the graphs in Fig.6 and Fig.7 the Schroeder method has got the lesser error. To
better present the difference we determine the sum of the absolute errors of all experiments. The results are
presented in the Table 3.
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Fig. 7. Absolute error for frequency 1000 Hz
Table 3
The sum of absolute errors for 6 experiments in comparison
with the results obtained from the Dirac system [9]

The sum of absolute errors for 6 experiments, [cek]

Schroeder's method

Frequencies, [Hz]

Method of Least Squares

500

0.1195

0.3180

1000

0.1243

0.3464

Analyzing the results of the total absolute error in all experiments, we see that the maximum total
error for the Schroeder method is much smaller than the least squares method and for all 6 experiments is
0.12 sec. This small error is a very good result, because if you divide it into 6 experiments, then the
average error will be 0.02 sec, which confirms the effectiveness of the developed subsystem. Application
of the pre-processing of the signal in the method of least squares made it possible to achieve greater
accuracy of the results. The average error in 6 experiments for the least squares method does not exceed
0.06 sec which is also a very good result.

Conclusions

A subsystem has been developed that allows to investigate the accuracy of methods of inverse
integration and least squares on experimental data. Based on the results of the research, the method of least
squares was improved by using the pre-processing of the signal by the method of the alternating average.
However, even the improvements made it impossible to obtain the accuracy of the Schroeder method in
relation to the Dirac system, which can be explained by the fact that the Dirac system also uses the
Schroeder method. The mathematical and software of the subsystem of automatic estimation of acoustics
of premises by impulse method has been developed.
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