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Abstract—Voice control of an unmanned aerial vehicle has a number of advantages if the operator is
indoors. In this case, the distortions of speech commands caused by the influence of noise interference
can be significantly reduced. However, the disadvantage of such control is the negative impact of
reverberation on speech intelligibility. Therefore, it is advisable to perform a preliminary assessment of
speech intelligibility in the room before the session of unmanned aerial vehicle controlling. This
assessment can be performed by the modulation method, using the room impulse response estimate. If a
non-professional quality loudspeaker and microphone are used to estimate the room impulse response,
errors in the room impulse response estimate can affect the results of speech intelligibility assessment. In
this paper, two techniques of equalizing of non-professional quality level audio equipment used in
assessing the room impulse response have been compared. It is shown that a dividing the frequency
response of the “loudspeaker-room-microphone’ system into the amplitude frequency response of the
“loudspeaker-microphone” subsystem provides almost the same equalization quality as a more complex
technique of adaptive filtering. At the same time, studies have shown that such equalization is not
necessary, provided that the frequency response unevenness of the “loudspeaker-microphone’ subsystem
does not exceed 8—10 dB in the frequency range from 100 Hz to 11 kHz.

Index Terms—Speech intelligibility; room impulse response; frequency response equalization; audio

equipment of non-professional quality level.

I. INTRODUCTION

The operator giving voice commands to the
unmanned aerial vehicle (UAV) may be indoors [1].
This location of the operator has its advantages over
the location in the open space, as it significantly
reduces the impact of noise (wind, transport,
combat, etc.) on the intelligibility of commands
given by the operator [2]. However, the
disadvantage of control in the room is the possibility
of a significant reduction in speech intelligibility due
to the effect of reverberation caused by reflections of
sound from reflective surfaces such as walls,
ceilings, windows, furniture etc. [3].

Although headsets are commonly used to reduce
the effect of reverberation [4], there may be a
situation where the microphone must be placed at a
certain distance from the speaker. This is an
unfavourable situation, from the point of view of
UAV control, because the intelligibility of speech
distorted by reverberation deteriorates with
increasing distance between the speaker and the
microphone [5]. This is explained by the fact that the
power of the direct signal decreases and becomes
close to the power of the reflected signals [6].
Exceptions to this rule are the places in the premises
where  the  microphone  receives  almost

simultaneously a direct signal and strong reflected
signals (so-named "early reflections"). Such an
exceptional situation, for example, occurs if the
microphone is located near the walls [5].

Given the above features of the impact of
reverberation on speech intelligibility, it is
advisable, before the UAV control session, to
perform a preliminary assessment of speech
intelligibility in the room for the specified locations
of the operator and microphone.

II. PROBLEM STATEMENT

Speech intelligibility predicting is difficult to
perform analytically or by computer simulation. It is
casier and more reliable to assess speech
intelligibility experimentally using the modulation
method [7]. With this approach, one can first
experimentally evaluate the room impulse response
(RIR), using the layout of Fig. 1, and then calculate

the speech intelligibility using the Schroeder
formula [8].
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Fig. 1. Layout of RIR evaluating
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In the experimental RIR evaluation, the test
sound signal x(z) is emitted using a loudspeaker

located at the point of the room where the operator is
located. The response y(¢) of the room to the

stimulus x(¢) is perceived by a microphone located

at another point in the room.
Because the measuring system contains a
loudspeaker and a microphone, a convolution

hy(6) = h () Q h () ®h, (1) = h,(O)®h, (1) (1)

will actually be evaluated instead of the RIR /% (7),
h(t) s
loudspeaker impulse response, /4, (¢) is microphone
h,, () =h{@)®h, (1) is
“loudspeaker-microphone” (LM) subsystem impulse

response.
If it is possible to calculate the impulse response

where ® is convolution symbol,

impulse  response,

h'(f) of the system inverse to LM subsystem, then

Im

the LM subsystem can be equalized:

h () =hy()®h,, () =h () ®h, (VO h, (1)  (2)

Im

()® ' (t)=8(t), where 8(¢) is Dirac

Im

because #,,
delta function.
The calculation of the /4

Im

(¢) can be performed in

different ways. In this paper, two methods are
considered. The first way is to use an expression

1

AETR) N
® {IH/m(f)I

MR(f)} 3)

where F' is the symbol of the inverse Fourier
transform, /,, (/) is frequency response of the LM

subsystem, || is module symbol, M,(f) is

regularization factor [9].

The problem with the expression (3) is the
division operation, because the amplitude-frequency
response H, (f) of the LM subsystem may contain
small numerical values, which will lead to
emergency shutdown of the computer application.
The presence of a multiplier M ,(f) neutralizes this
effect, although the main task of this multiplier is to
reduce the variance of the /4, () estimate [9]. The
disadvantage of this method is that it does not take
into account the properties of the phase-frequency
response 0, (f) of the LM subsystem.

The second method of calculating the inverse
filter &, '(t) is deprived of this disadvantage and

Im
consists in the use of an adaptive filter [10].

Thus, the purpose of this work is to compare two
methods of correction of the frequency response of
the LM subsystem. The first method is reduced to
the calculation of the amplitude-frequency response

|H[m (f)
calculation, by the method of adaptive filtering, the

, and the second method is reduced to the

coefficients of the inverse filter 4, (¢) .

In addition, it is interesting to evaluate the
difference between the intelligibility scores for cases
where the frequency response is equalized and in the
absence of such equalization.

III. ORGANIZATION OF STUDIES

When comparing the two methods of correction
of the frequency response of the LM subsystem it is
advisable to use speech intelligibility as a measure
of the correction quality.

After calculating the RIR, the assessment of
speech intelligibility can be performed by
modulation method [7]. The first step in this
evaluation is to calculate, according to Schroeder's
formula [8], the modulation transfer coefficients:

/ [iRoda, @

where £,(¢) is the result of filtering the function

my, =|[ B (t)exp(—j2nF )t
0

h.(t) by a k th bandpass filter (seven octave filters
with central frequencies from 125 Hz to 8 kHz are
used); F, is modulation frequency (fourteen F;

values are used, in the range from 0.63 Hz to
12.5 Hz).

The next step is calculation of the Speech
Transmission Index (STI) as speech intelligibility
measure [11].

The LM subsystem used in experimental studies
contained electroacoustic equipment of different
quality. These are a household active loudspeaker
Genius SP-HF 2.0 500 (14 W, 65-20000 Hz, SNR
73 dB) and omnidirectional measuring condenser
microphones Superlux ECM-999 (20-20000 Hz,
dynamic range 106 dB, SNR 70 dB).

Recording signals from the microphone output
was performed with a sampling frequency of 44.1
kHz and a quantization depth of 24 bits. The test
signal was based on a maximum length sequence
(MLS) contained 216 samples, which corresponds to
a signal length of 1.49 s at a sampling rate of
44.1 kHz. This MLS was repeated 17 times during



58 ISSN 1990-5548 Electronics and Control Systems 2021. N 3(69): 56-61

radiation, which allowed to average the last 16
bursts of the RIR estimate to increase the signal-to-
noise ratio by 12 dB.

Auditorium Ne209 of the Department of Acoustic
and Multimedia Electronic Systems of the National
Technical University of Ukraine "Igor Sikorsky
Kyiv Polytechnic Institute" was selected for
measurements. This is a medium-sized auditorium
with the following characteristics: dimensions
10x15x3.1 m, four windows, door, two bookcases,
wardrobe, three rows of 9 desks in each row, a
teacher's desk and 2 additional free tables. Nine
students and one teacher were in the room during the
recording of signals. The distances from the
loudspeaker to the points 1, 2, 3, 4, 5 and 6, where
the microphone was placed, were 3 m, 6 m, 9 m, 14
m, 9 m and 9 m, respectively. The first four points
were located on a straight line between the front and
back walls of the room. The fifth and sixth points
were located at a distance of 1.5 m from the left and
right side walls [13].

All calculations were performed in Matlab
R2015b, using the RLS method for adaptive
filtering.

IV.  RESULTS OF STUDIES

The results of spectral analysis of the signal y(¢)
recorded in a muffled room are shown in Fig. 2. The
spectrum estimate Type O graph is the result of
averaging 16 raw periodograms of the signal y(¢).
Calculation algorithms of the Types 1-3 estimates
can be found in [12], they are variations of
smoothing the Type 0 estimate with a triangular
window with a width of 50 Hz.

Genius, df =50 Hz

°l

—Type 0
— Type 1
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Fig. 2. Estimates |H S )| of the LM subsystem

The estimates |H,m( f )| of the LM subsystem
show that the non-uniformity of the frequency
response in the frequency range 100-15000 Hz is
significant and reaches 20 dB. However, in the

frequency range 100-5000 Hz, where the majority
of the energy of the speech signal is concentrated,
the non-uniformity of the frequency response does
not exceed 810 dB. Moreover, it can be seen (Fig.
2) that for the used equipment such unevenness
remains in a wider frequency range from 100 Hz to
11 kHz.

The results of £, (¢) estimation, for studies in

muffled room, before and after frequency
equalization are shown in Fig. 3. Compensation of
the non-uniformity of the frequency response of the
LM subsystem was performed here in the first way,
using (2) — (3).

As can be seen, the equalization significantly
reduced the level of lateral petals of the 4, (?)
estimate by 4 dB (Fig. 3a), although there are
residual periodic bursts in the range of 0-0.01 s, the
period of which is close to 0.003 s (Fig. 3b).

Increasing the resolution over time allows one to
notice the presence of another residual periodicity
with a period of 8x10~ s (Fig. 3¢). Thus, the above
results indicate insufficient compensation of
|H,m( f )| spectral bursts at frequencies of 300 Hz
12 kHz. It is obvious that insufficient
compensation of the |H1 (f )| spectral burst at a

frequency of 300 Hz is highly undesirable.
The results of the #,,(¢)evaluation, where the

and

m

equalization of the LM subsystem was performed in
the second way, are shown in Fig. 4 (for the adaptive
filter order 150). Comparison of Figs 3 and 4 graphs
indicates a certain advantage of the second method.

Indeed, the level of the side petals decreased by
6 dB, approaching the theoretical level of -48 dB
(Fig. 4a). In Figures 4b and 4c, one can see that the
periodicity of the 4, (¢f) structure is practically
absent which indicates good compensation of
|H,m( f )| bursts.

The results of the LM subsystem equalization for
two different microphones of the same type are
shown in Fig. 5. As can be seen, the non-uniformity
of the adjusted frequency response, for both
microphones, does not exceed 8 dB in the range of
100-5000 Hz and 3 dB in the band 5-10 kHz.

A comparison of speech intelligibility estimates
for the first (Fig. 6a) [13] and second (Fig. 6b)
equalization techniques shows that the maximum
discrepancy of the results does not exceed 2.25%,
and the average discrepancy is 0.54%. Thus, a
simple, from a computational point of view, the first
way of equalization the measuring system is almost
not inferior to the second way, based on the use of
the adaptive filtering technique.
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The results obtained can be explained as follows.
As mentioned above, the non-uniformity of the
frequency response of the studied LM subsystem did
not exceed 810 dB in the frequency band 100—
5000 Hz. In the case of equalization by the method
of adaptive filtering, this non-uniformity was
reduced to 2-3 dB, i.e., by 67 dB.

Although the first method of correction is
somewhat inferior to the second method, but this
loss is less than 4-5 dB, which cannot be significant
in terms of speech intelligibility criterion.

V. CONCLUSIONS

Two methods of equalization the "loudspeaker-
microphone" subsystem contained audio equipment
of non-professional quality level were compared
according to the criterion of speech intelligibility. It
was shown that a dividing the frequency response of
the “loudspeaker-room-microphone” system into the
frequency response of the “loudspeaker-
microphone” subsystem provides almost the same
equalization quality as a more complex technique of
adaptive filtering. At the same time, studies have
shown that such equalization is not necessary,
provided that the frequency response unevenness of
the “loudspeaker-microphone” subsystem does not
exceed 8-10 dB in the frequency range from 100 Hz
to 11 kHz. The maximum difference between the
intelligibility estimates does not exceed 1% for cases
when the frequency response is equalized and in the
absence of such equalization.

REFERENCES

[1T R. Contreras, A. Ayala, and F. Cruz, "Unmanned
Aerial Vehicle Control Through Domain-based
Automatic Speech Recognition," Computers, 9(3),
75, September 2020.
https://doi.org/10.3390/computers9030075

[2] J.-S. Park, and H.-J. Na, "Front-End of Vehicle-
Embedded Speech Recognition for Voice-Driven
Multi-UAVs Control," Appl. Sci., 10(19), 6876,
September 2020.
https://doi.org/10.3390/app10196876

[3] W. Yang, and J. Bradley, “Effects of room acoustics

on the intelligibility of speech in classrooms,” J. of

the Acoust. Soc. of Am., 125 (2), pp. 922-933, March
2009. https://doi.org/10.1121/1.3058900

[4] A. Waibel, and K.-F. Lee, Readings in Speech
Recognition. Elsevier: 1990.

[5] A. Prodeus, and M. Didkovska, "Assessment of
speech intelligibility in university lecture rooms of
different sizes using objective and subjective
methods," Eastern-European Journal of Enterprise
Technologies,  3(5(111), pp. 47-56, 2021.
https://doi.org/10.15587/1729-4061.2021.228405

[6] J. Bradley, H. Sato, and M. Picard, “On the
importance of early reflections for speech in rooms,”
J. of the Acousti. Soc. of Am., 113 (6), pp. 3233—
3244, 2003 https://doi.org/10.1121/1.1570439

[7] H. Steeneken, “Forty years of speech intelligibility
assessment (and some history),” Proc. of the Institute
of Acoustics, 36, Pt.3, 2014.

[8] M. Schroeder, “Modulation Transfer Functions:
Definition and Measurement,” Acta Acust. united
with Acust., vol. 49, no. 3, pp. 79-182(4), 1981.

[9] A. Tikhonov, “O nekorrektnykh zadachakh lineynoy
algebry i ustoychivom metode ikh resheniya,” DAN
USSR, 163(3), pp. 591-594, 1965.

[10]L. Morales (Ed), Adaptive filtering applications. In
Tech, Croatia: 2011

[11]H. Steeneken, and T. Houtgast, “Validation of the
revised  STIr  method,”  Elsevier = Speech
Communication, vol. 38, pp. 26-37, 2002.
https://doi.org/10.1016/S0167-6393(02)00010-9

[12]O. Dvornyk, A. Prodeus, M. Didkovska, and D.
Motorniuk, "Artificial Software Complex "Artificial
Head," Part 1. Adjusting the Frequency Response of
the Path," Microsystems, Electronics and Acoustics,
vol. 22,  no. I, pp. 56-64,  2020.
https://doi.org/10.20535/2523-4455.mea. 198431

[13]0. Dvornyk, A. Prodeus, D. Motorniuk, M.
Didkovska, "Hardware and Software System
"Artificial Head," Part 2. Evaluation of Speech
Intelligibility in  Classrooms,"  Microsystems,
Electronics and Acoustics, vol. 22, no. 3, pp. 48-55,
2020. https://doi.org/10.20535/2523-
4455.mea.209928

Received September 06, 2021

Prodeus Arkadiy. ORCID 0000-0001-7640-0850. Doctor of Engineering Sciences. Professor.
Department of Acoustic and Multimedia Electronic Systems, National Technical University of Ukraine “Igor Sikorsky

Kyiv Polytechnic Institute,” Kyiv, Ukraine.

Education: Kyiv Polytechnic Institute, Kyiv, Ukraine (1972).

Research interests: digital signal processing.
Publications: 178.
E-mail: aprodeus@gmail.com



A. M. Prodeus
Equalization of the Measuring System Frequency Response in the Objective Assessment of Speech Intelligibility 61

A. M. Ilpoaeyc. BupiBHIOBaHHA YAaCTOTHOI XaPAKTEPHCTHKH BHMIPIOBAJIBHOI CHCTeMHM NPH 00’€KTHBHOMY
OLIiHIOBAHHI PO30ip/IMBOCTI MOBJICHHS

lonmocoBe kepyBaHHS O€3MIIOTHUM JIITaJbHUM amaparoM Mae€ psifl IepeBar, SKIIO OIepaTop 3HAXOMUThCS Y
npuMimeHHi. B 1poMy BHUIIagKy CIIOTBOPEHHSI MOBJIIEHHEBUX KOMaHJ, OOYMOBIIEHI BIUIMBOM IITYMOBHUX IEpEIIKO],
MOJKHA 3HAYHO 3MeHIMTH. OHAK HEMOJIKOM TaKOTO YIIPABIIIHHA € HETATUBHUM BIUTUB peBepOepallii Ha po30ipiuBicTh
MoBJeHHs. ToMy Iepes; ceaHCOM YNpaBIiHHS O€3MUIOTHHM JIITaJbHUM anapaToM JOLUIBHO IPOBECTH MONEPETHIO
OLIIHKY pO30IpIMBOCTI MOBJIEHHS B mpuMilmieHHi. [[fo OIIHKY MOXXHa BHKOHATH MOIYJISALIHHUM METOOM,
BUKOPHCTOBYIOYH OIIHKY IMIYJIBCHOI XapaKTEpUCTUKH KIMHATH. SIKIIO IS OLIHKHK IMITYJIBCHOI XapaKTepUCTHUKHU
KIMHaTH BUKOPUCTOBYIOTBCS TYYHOMOBEIH i MIKpOQOH Henpo(deciiHOi SKOCTi, MOMWJIKA B OLIHII IMIYJIECHOI
XapaKTePUCTUKH KIMHATH MOXKYTh BIUTMHYTH Ha pe3yJIbTaTH OLIHKK pPO30ipaMBOCTI MOBIEHHs. Y wiii poOoTi
TIOPIBHIOIOTBCS J[BA CMOCOOM BUPIBHIOBAHHS YacTOTHOI XapaKTEPUCTUKH ayAioanapaTypd HemnpogeciiHOro piBHs
SIKOCTi, 10 BUKOPHCTOBYETHCS JJIsl OLIHKM IMITYJbCHOI XapaKTEPUCTUKH MpuMilieHHs. [loka3aHo, IO [iJIEHHs
YaCTOTHOI XapaKTEPUCTUKH CHUCTEMH «T'YYHOMOBEI[b-KIMHATa-MiKpO(OH» Ha aMILTITYyJHY YaCTOTHY XapaKTepPUCTUKY
IICHCTEMH «TyYHOMOBELL-MIKPO(OH» 3a0e3reuye Maike TaKy K sIKICTh BUPIBHIOBAHHSI, SIK 1 OLTBII CKJIaJIHUI CIIOCiO
ananTuBHOI GiIbTpalii. Y TO#H e Yac TOCIIIKSHHS TOKa3aJIH, 10 TAKe BUPIBHIOBAHHS HE € HEOOXITHIM 32 YMOBH, 1110
HEpIBHOMIPHICTh YaCTOTHOI XapaKTEPUCTHKU IiJICHCTEMU «T'YYHOMOBelb-Mikpodon» He mnepesuirye 8—10 b B
miana3soni yactor Bixg 100 ' mo 11 kI,

Karwu4oBi cioBa: po30ipiauBicTh MOBJIEHHS; IMITyIbCHAa XapaKTepHCTHKa INPHUMIIICHHS; BHPIBHIOBAHHS YacTOTHOI
XapaKTEepUCTUKY; ayaioanaparypa HerpodeciiiHoro piBHs SIKOCTI.
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A. H. Ilponeyc. BripaBHUBaHHe YAaCTOTHOH XapaKTEePUCTHKU HM3MEPHUTENBHON CHCTeMbl NPH 00bEKTHBHOI
OlleHKe Pa300punBOCTH peun

T'onmocoBoe ynpasiieHre OECITUIOTHBIM JIETATEIBHBIM allapaToM UMEET Psil IPEUMYIIECTB, €ClI ONepaTop HaXOIUTCS
B TIIOMEIIEHNH. B 3TOM cirydae MCKa)keHHsl pEueBBIX KOMaHI, OOYCIIOBJICHHBIE BIMSHHEM IIYMOBBIX ITOMEX, MOXHO
CYIIECTBEHHO YMEHBIIUTH. OTHAKO HEJOCTATKOM TaKOI'O YIPABJICHUS SIBJISETCS HETATUBHOE BIMSHUE PeBEpOepaluy Ha
pa3bopunBocTh peun. [loaToMy mepen ceaHcoM YIpaBlieHHs] OECIMIIOTHBIM JIETATeIbHBIM aNlapaToM IIeNecoo0pa3zHo
MIPOBECTH TPEABAPUTENLHYIO OLEHKY pPa300pUYMBOCTH PEYH B IIOMEUICHHH. Ty OIEHKY MOXKHO BBINOJHUTH
MOJIYJISIIIIOHHBIM CIIOCOOOM, HCIIOJB3Yysl OLEHKY HMMITYIbCHOM XapaKTepHCTHKU momemieHus. Ecimu s oueHKu
UMITYJIbCHOW XapaKTePUCTUKU TMOMEIIEHUSI MCIOIb3YIOTCS TPOMKOTOBOPUTENb U MUKPO(OH HenpodhecCHOHAIEHOrO
Ka4yecTBa, OIMIMOKM NPHU OLEHKE MMITYIbCHON XapaKTEPUCTUKH MOMEUICHUs] MOTYT IOBIIUITH Ha PE3YJbTAThl OLIEHKU
pa3bopunBocTH peun. B JaHHOM paboTe cpaBHUBAIOTCS JBa METONA BBHIPABHUBAHUS YaCTOTHOM XapaKTEPUCTHKU
ayJMoanmnaparypsl Henpo(eCCHOHAIILHOTO YpPOBHS, HCIONB3YyeMOM Uil OLEHKM WMITYJIBCHOH XapaKTepPUCTUKU
nomenienus. [lokazano, 4To qeneHne YaCTOTHON XapaKTEPUCTHKH CUCTEMBI «IPOMKOI'OBOPHUTENb-KOMHATa-MUKPO(OH»
Ha aMIUIUTYIHYIO YaCTOTHYIO XapaKTEPUCTUKY IOJICHCTEMBI «TPOMKOTOBOPHUTENb-MHUKPO(GOH» 00ECIIeUnBAET MOYTH
TaKkoe K€ KaueCTBO BBIPAaBHUBAHWS, KaK M Ooyiee CIOXKHBIA CIOcO0 ajanTWBHOM (uibTpauuu. B To ke Bpems
HCCIIEIOBAHMs TTOKa3aJid, 4TO O€3 TAaKOoro BHIPABHHBAHUS MOXXHO OOOWTHCH IIPH YCIOBHH, YTO HEPAaBHOMEPHOCTHh
YaCTOTHOW XapaKTEPUCTUKHU IOJCUCTEMBI «TPOMKOTOBOPUTENb-MUKpOGoH» He mnpeBbimiaer 8—10 nb B amamazone
gactoT oT 100 I'y go 11 xI'm.
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