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Abstract — Correcting the public address (PA) system during a concert event is one of the crucial tasks in ensuring acoustic
comfort. However, the existing approaches to such correction do not allow for real-time adaptation to changes in the acoustic
properties of the venue that occur during the event. To address this limitation, this article proposes the use of a multiband
compressor. It is shown that a zero-latency VST plugin can serve as a multiband compressor. Pink noise can be used as a test
signal for system calibration. The results of testing the proposed algorithm, conducted through model and real-world experi-
ments, demonstrate the feasibility and effectiveness of the proposed approach.
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l. INTRODUCTION

The use of equalizers for the correction of acoustic
systems is widely practiced and subject to further
research [1]-[3]. In the cited works, authors focus on fre-
guency correction of an acoustic system, which includes
acoustic equipment and the room. However, the issue of
correcting the frequency response of an acoustic system
cannot be considered fully resolved. For instance,
a drawback of the studies [4]—[6] is the failure to account
for changes in the acoustic properties of the room result-
ing from variations in its occupancy, decorations, and
other factors.

Significant contributions to the research on fre-
quency correction have been made by the authors of
works [7]-[9], where the use of filters for correcting
the acoustic properties of rooms is proposed. However,
the drawback of the systems proposed in [7]-[9] is their
inability to operate in real-time.

In [10], an equalizer containing a comb of linear-
phase octave filters was proposed, while [11] presented
a quasi-linear phase octave graphic equalizer with low
latency. The drawbacks of these works are that these
equalizers were not used for correcting the acoustic
properties of the room, and they did not dynamically
adjust the signal amplitude. An equalizer whose fre-
quency response varies over time is commonly referred
to as a dynamic equalizer [12]. A multiband compressor
is an equalizer that splits the input audio signal into mul-
tiple filters, with each filter passing through its own com-
pressor [12]. The implementation of such a compressor
is described in patent [13], and its structural diagram is

shown in Fig. 1. Works [2], [3], [14], [15] describe devices
similar to the device in patent [13]; however, they were
used for sound frequency enhancement tasks. A dynamic
compressor, whose parameters can be controlled by
external sources (sidechain), is widely used in the audio
industry [2], [3], [14], [15]. The structural diagram of such
a compressor is shown in Fig. 2. As stated in [15], these
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compressors are commonly used in studio work. Addi-
tionally, compressors can be useful in resolving fre-
quency conflicts within a certain frequency band [3]. An
example of such a device is the DBX DriveRack PA2 [16],
which has an auto-equalization function that allows for
automatic adjustment of the acoustic system to the
room. The working principle of such an equalizer is simi-
lar to that of a dynamic equalizer. However, a drawback
of this approach is that the auto-equalizer does not
adjust its parameters in response to changes in the occu-
pancy of the room.

The aim of this study is to address the shortcomings
identified in [2], [3], [14], [15], namely, the utilization of
a multiband compressor for real-time correction of
the acoustic system, taking into account the occupancy
of the room.

1. METHODS

A. Experimental Methodology

The purpose of this study is to investigate the possi-
bility of real-time correction of the frequency response
of the "loudspeaker-room-microphone" (LRM) system
using a multiband compressor.

The structural diagram of the room's frequency
response correction with the application of a multiband
compressor is depicted in . According to this dia-
gram, during system calibration, a test signal in the form
of pink noise is applied to the input 1 of the multiband
compressor. The signal is radiated by the loudspeaker,
passes through the room, and is captured by a pair of
microphones on an dummy head (DH) placed within
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the room. The electrical signal from the microphones'
output is fed to the input 2 (sidechain) of the multiband
compressor. When the signal level exceeds a certain
threshold in a specific frequency channel, the compres-
sor is intended to attenuate the signal, as shown in

In , the X-axis represents the level of the input
signal reaching the compressor, and the Y-axis represents
the level of the output signal. If the level of the input sig-
nal exceeds the threshold T, the gain of the signal will be
adjusted.

The software equivalent of the multiband compres-
sor presented in patent [13] is the VST plugin FabFilter
Pro-MB [17], which allows real-time processing. It fea-
tures a linear phase-frequency response and offers two
signal level adjustment modes: compression and expan-
sion. Additionally, it includes a sidechain mode. In this
work, we focus only on the compression mode as it is
more commonly used in real-world applications.
The plugin is praised for its convenience and ease of con-
figuration. The typical operating principle of the VST
plugin is illustrated in and

The algorithm for signal processing using a multiband
compressor consists of the following steps:

1. Thesignal X(t) is passed through a bank of band-
pass filters, resulting in signals Xi(t)...Xn(t) at
the filter outputs.

2. The signals Xi(t)...Xn(t) are fed into the inputs of
compressors C;...Cy.

3. The control signals for compressors C;...Cy are
the signals Y;...Yy, which are formed by passing
the signal from the microphone output through
another bank of filters.

4. Compression of the signal X(n) in the n-th chan-
nel of the compressor occurs when the level of
the signal Y(n) exceeds the threshold value T.

5. The parameter Ratio is recommended to be cho-
sen between 1.5:1 and 4:1.

6. The signals from the compressor outputs are
summed together.

B. Organization of experimental research

The experimental research of the multiband com-
pressor (MBC) was conducted in two steps. The first step
involved simulating the distorting effect of the room on
the signal X(t) and testing the operation algorithm of
the MBC. The signal X(t) was artificially distorted by
amplifying the high frequencies, resulting in the for-
mation of the signal Y(t). Subsequently, the correction of
the signal Y(t) was performed to restore the signal X(t).

The second step of the experiment consisted of real-
world tests in the room. The signal X(t) was distorted by
the room, and then the correction of the signal Y(t) was
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carried out, taking into account the acoustic properties
of the room, in order to restore the signal X(t). The real-
world experiments were conducted in the domestic
room with dimensions of 12x5x1.5-3.5 m. The following
equipment was used:

1. Behringer XR18 digital mixing console (MC1);

2. Shotgun microphone with two Sennheiser e614
microphone capsules;

3. Personal computer with software: X-Air-Edit for
controlling the mixing console, Cockos Reaper as
a VST host, FabFilter VST plugin package for sig-
nal processing;

4. Berhinger Xenyx 502 analog mixing console
(MC2);

5. Mobile phone with TMSOFT Noise Generator
software for pink noise generation;

6. Sound source in the form of a two-way bi-amped
Sven Monitor 5 acoustic system.

1. REsULTS

During the model testing of the MBC a test signal X(t)
in the form of pink noise was fed into the input of the
mixing console MC2, where it was intentionally distorted
by amplifying the high-frequency components ( ).
The distorted signal was then routed to stereo input 1 of
the mixing console MC1, while the microphone signals
from the stereo input 2 were also fed into it. An active
speaker was connected to the output of MC1. To mini-
mize the reverberation effect of the domestic room, the

microphone was positioned 5 cm away from the loud-
speaker.

Signal Y(t) from the microphones was used as
the control signal for the MBC. Five channels of the MBC
were utilized for the experimental researches. The signal
processing was performed according to the aforemen-
tioned algorithm. The following parameter values were
selected for the MBC:

1. Frequency bands: 20-110 Hz, 110-250 Hz, 250-
600 Hz, 600-2000 Hz, 2000-7000 Hz, 7000-
20000 Hz.

2. The threshold parameter T for each frequency
band was set to -18 dB.

3. The parameter Ratio for each frequency band
was set to 4:1.

4. The parameter Range for each frequency band
was set to -15 dB.

5. Each frequency band was set to Sidechain mode
with external microphone control.

The other parameters remained unchanged.

During the real-life experiment, the test signal in
the form of pink noise was fed into stereo input 1 of
the mixing console (MC1), which was connected to a pair
of active speakers of the Sven Monitor 5 system. The sig-
nal X(t) was reproduced by the speakers, passed through
the room, and captured by the pair of DH microphones
that were connected as in the previous experiment.
The spectrum of the received signal Y(t) is shown in

. The equipment was placed in the room according
to the diagram depicted in
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V. Discussion

After processing the signal with the aforementioned
parameters of the MBC, the following results were
obtained. shows the spectrum of the corrected sig-
nal that was artificially distorted (a) and affected by
the room (b).

The analysis of Figure 8 indicates that the chosen
parameters of the MBC were able to restore the signal
with an error of up to 3 dB, which can be considered
acceptable. It should be noted that for more accurate
correction, it is necessary to use a greater number of fre-
quency bands and optimize the parameters of each
band, which is planned to be implemented in future
work.

During the experiments, a significant drawback was
identified. Since signal processing is done using a com-
puter, there is a time delay caused by the sum of Analog-
to-Digital Converter (ADC) delay + processing + Digital-to-
Analog Converter (DAC) delay.

the ADC can significantly reduce the delay, but it intro-
duces artifacts similar to "clicking" sounds, which is also
undesirable.

To reduce processing delay, live processors like Waves
Multi Rack SGS1 Combo [18] can be used, which allow for
zero-delay VST hosting. To minimize hardware delays, it
is advisable to use the Dante data exchange protocol [19]
in combination with mixing consoles such as Yamaha TF,
Yamaha CL, Behringer x32 with Dante Card. The combi-
nation of Dante and Waves achieves a total delay of
around 0,1 ms at a sampling rate of 44100 Hz. However,
the drawback of this combination is its relatively high
cost.

CONCLUSIONS

In this work examined the effectiveness of a MBC in
addressing the task of correcting signals distorted by
room reverberation. The results of both simulated and
real experiments demonstrate that the use of a MBC is
appropriate for correcting the frequency characteristics
of the room. It has also been observed that the use of
a VST host with a multi-channel VST compressor with
zero-delay still introduces a delay (not less than 4 ms) in
the processed signal. Future research will focus on
research methods to minimize hardware and software
delays, as well as optimizing the parameters of the MBC.
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Fig. 8 Corrected spectra of pink noise: model (a) and real (b) experiments
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KopeKuia amnniTyaHO-4aCTOTHOI XapaKTePUCTUKU
aKYCTUYHOI CUCTEMM Y PEeaIbHOMY 4YaCi

0. O. 1BOpHUK, ® 0000-0003-4735-2225
Kadeppa akyCTUUHUX Ta MyNbTUMEAIAHUX eNeKTPOHHMX cucTem ames.kpi.ua
HauioHanbHUIM TEXHIYHWUI YHiBEpCUTET YKpPaAiHK

«KMIBCbKUI NONITEXHIYHUI IHCTUTYT imeHi Irops CikopcbKoro» R 00syn5v21
Kwis, YKpaiHa

AHoTaLia — KopeKuis akyCTUYHOI cucTemu nig yac NnpoBeaeHHA KOHLEPTHOrO 3aX04y € O4HUM i3 HAUBAXK/IMBILLMX 3aBAaHb
3abe3neyeHHn akycTuuHoro komgoprty. MpoTte Bigomi Ham nNigxoaM A0 TaKoOi KOpPEKL|ii He A03BONAIOTb NiANALLTYBATUCA B pea-
JNIbHOMY Yaci nif 3MiHU aKYCTUYHUX BIaCTUBOCTEN NPUMILLEHHSA, AKi Big6yBaloTbca Nig vyac 3axoay. [11a YCYHEeHHA Lboro Hego-
NiKy, B AaHiA po60Ti NPONOHYETLCA BUKOPUCTOBYBATU GaraToKaHanbHUIA KOMNpPecop, AK aAbTePHATUBY KNAaCMYHOrO eKBanaii-
3epy. B pamKax AaHOi po60T NepeBipAETLCA MOKAUBICTD KOPUTYBAHHA B peaNbHOMY Yaci YaCTOTHOI XapaKTePUCTUKU CUCTEMU
«ry4yHOMOBeLb — NPUMILLLEHHA - MiIKPOPOH». CUrHaN BUNPOMIHIOETbCA 'YYHOMOBLIEM, MPOXOAUTb Yepe3 NPUMILLLEHHA Ta CNPUIA-
MAETbCA NAapPOIo0 MiKPOdOHIB WITYYHOT rON0BM, PO3MILLEHMX Y NPUMILLLEHHi. ENeKTPUYHMIA curHan 3 Buxoay mikpodoHiB noga-
€TbCA Ha AOAATKOBMII BXiA (BXig KepyBaHHA) 6araToKaHanbHOro Komnpecopy. Mpu nepeBULLEeHHi NEBHOro Nopory piBHem
KepyBaHHA CUTHany B NeBHOMY YAacTOTHOMY KaHasi, CUrHaj, WO NPOXOAMUTb Yepe3 Komnpecop mMae nocnabutuca. B pobori
NOKasaHo, Lo B poni 6araTokaHa/IbHOro KoOmnpecopy moxke 6yTn BUKopucTaHa 38’A3ka «komn’totep — VST-xoct - VST-naarivy»,
cnip 3a3HauYMTH, WO BUKOPUCTAHUI VST-naariH € naariHom 3 Hy/IbOBOK 3aTPUMKOLO, MaE JiHiliHY $a304acTOTHY XapakTepuc-
TUKY, A03BONAE 3MIHIOBATK PiBEHb CUTHaNY Y ABOX PEXKUMAX, - CTUCHEHHA (KOMnpecifa) Ta po3wupeHHa (ekcnaHais). B gaHin
pPo60Ti 06MEKYEMOCH /IULLIE PEXKUMOM CTUCHEHHSA AK TaKUM, LLLO YaCTille BUKOPUCTOBYETLCA Y peasibHUX 3agauvax VST-XxocT BHO-
CUTb MiHiManbHY 3aTPMMKY B 06po6Ky. Mpu HaNalwTyBaHHI CUCTEMMU, B AKOCTi TECTOBOFO CUTHAay MOXHa BUKOPUCTATU POXKeBU
wym. O61aaHaHHA BUKOPUCTaHE A/A peanisaLii eKcnepumeHTy (OKpiMm rydHOMOBIB) € TUMOBUM A1 NPOBEAEHHA KOHLEPTHOro
3axogy. EkcnepumeHTanbHi AocnigKeHHA 6araToKaHaIbHOro KOMNPECOpPy BUKOHYBANUCA Y ABa KPOKMU. MepLumm Kpokom 6yno
MOAeNoBaHHA CNOTBOPIOIOYOI Ail NPUMILLEHHA HA CUrHAA Ta NepeBipKa aAropuTMy po6oTn 6araToKaHaNbHOIO KOMMpecopy.
[pyrum KpoKom eKcnepumeHTy 6ynmn HaTypHi BUNpo6yBaHHA y NpuMileHHi Pe3ynbratv nepeBipKu 3anponoHOBAHOrO aaropu-
TMY, BUKOHAHOTO LWIAXOM NPOBEeAEHHA MOAENbHUX Ta HATYPHUX EKCNePUMEHTAIbHUX AOC/iIAKEHb, CBIAYMTb NPO Npauesaart-
HiCTb Ta e eKTUBHICTb 3aNPONOHOBaHOro NiaxoAy. Takuii niaxia mae Hego0NiK NOB’A3aHMIA 3 06MEXKEHHAMM anapaTHOI YaCTUHM.
Dnsa peanisauii niaxoay nig yac nposBegeHHA MOB/IeHEBUX 3aX04,iB HE06XiAHO 3abe3neyeTn BUCOKY AKICTb 06/1aaHAHHA, Y CBOIO
yepry ANA NPOCNyXoBYBaHHA My3MKM, abo nepernagy $inbmis Takuii nigxig moxke 6yTv peanisosaHum Ha 6inblu gewesii ana-
PaTHil YacTuHI.

Kmiouoei cnoea — 6azamokaHanbHuili Komnpecop; ekeanalizep; aKycmuyHa cucmema; wmyvyHa 20n0ea; VST-nnaazi;
KopeKuyia cuzHany.
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