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Subject: The article deals with the issues of creation of a psychoacoustic model of perception of sound quality of sound
signals, the development on its basis of the method of creating a multi-tonal signal, which provides a high correlation with
subjective evaluation. Purpose: to develop a multitoon signal creation method. Objective: To analyze the distortion of the
sound signals that arise during reproducing them on the sound reproduction devices. Classify these distortions and assess
the extent of their impact on subjective assessment. Allocate the most significant of them in terms of impact on the quality
of sound. Investigate modern methods for assessing the quality of reproduction of sound signals, standards and
recommendations devoted to this task; to evaluate the effectiveness of modeling the human auditory system used in the
development of these methods; formulate the scientific and applied requirements for developing objective quality
assessment method. Conclusions: The application of the developed method will allow obtain results that coincide with the
data of subjective and statistical examinations (SSE) with the accuracy required for practice.
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Introduction

Formulation of the problem: Despite the fact that
today there are a fairly large variety of processing audio
signals algorithms, as well as elements of sound
reproduction systems and their characteristics, there is a
problem of choosing the best combination of sound
reproduction devices and algorithms for the audio signal
arise. Since the audio reproduction devices cause large
distortions in the reproduced signal itself, existing
methods for evaluating their quality do not provide a
comprehensive characterization of the distortion, but
only, at best, indicate a high degree of difference of the
reproduced signal from the original. All this makes the
actual task of developing fundamentally new methods
for creating multi-tone signals, which allow to ensure
the efficiency and reliability of the solution of
functional problems by operators.

Analysis of recent research and publications:
The problem solving of quantitative assessment of
sound quality began to be engaged in the middle of the
last century. In the 40s-50s, the work of H. Fletcher [1],
D.K. Gannet [2] and WBSnow [3], which investigated
the required bandwidth for quality reproduction of
certain musical instruments, male and female voices;
sensitivity of the human auditory system to changes in
the reproduced frequency range, perception of nonlinear
distortions, etc. The disadvantages of these works
include the lack of completeness of the perception of
distortions in the case of their simultaneous presence in
the evaluated signal and the impact on the subjective
quality assessment. In the 1990s, several methods for
objectively  assessing  sound  quality  using
psychoacoustic modeling were developed. In the
magazine AES 23 (Audio Engineering Society) were
published works, which considered the problem of
objective quality assessment using knowledge of the
human auditory system features. As a result of the
received data, the method [4] PERCEVAL
(PERCEptual EVALuation) was proposed. This method
based on the comparison of the signal of additive noise
with the threshold of masking, calculated from the

reference signal and the calculation of the probability of
detecting these noise by the human auditory system.
The next generation of this method was the method
PAQM (Perceptual Audio Quality Measure) [5], which
is based on the comparison of "internal representations"
calculated for the reference signal and the investigated

signal.
The result of comparing the "internal
representations” of signals is interpreted in the

assessment of the sensitivity of distortions. In addition
to the aforementioned methods, a number of reports
were also presented at the AES conferences on
psychoacoustic methods for assessing the quality of
sound [6], [7], [8]. As a result of a detailed investigation
and comparison of all available methods, the PSQM
algorithm was approved in recommendation P.861. The
results of objective assessments obtained with the
PSQM method have a high correlation (> 97%) with the
results of subjective listening tests, which allowed the
successful implementation of this method in the
telecommunications market. Since the original
algorithm proposed by the ITU-T can not be used to
assess the quality of sound paths in general (taking into
account losses, delays and distortions), the authors
continued to work on improving the method in order to
realize the possibility of taking into account time delays.
As a result, extensions of the standard were developed:
PSQM +, PSQM99 and PSQM / IP, which it was
decided to integrate into the new PESQ (Perceptual
Evaluation of Speech Quality) standard. This standard
was presented as a new recommendation of the ITU-T
Rec. P.862 [9]. The second group of ITU-R developed a
method that allows an objective assessment of the
quality of broadband music codecs. As a result of the
research, the group presented the recommendation ITU-
R BS.1387 [9] describing PEAQ (Perceptual Evaluation
of Audio Quality). Currently, this method is the most
reliable tool for evaluating the quality of musical
signals.

Purpose of the article: The purpose of the article
is to develop a method for creating a multi-tone signal
in the DSS ACS.
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Main material presenting

The magnitude and spectrum of nonlinear
distortions introduced by the sound tracks of the
reproduction devices depends on the reproduced signal
characteristics.

Consequently, the generated multi-tone signal
must have a similar spectral composition with the
original signal, i.e. envelope of the spectrum of the
artificial signal should correspond to the envelope
spectrum of the input signal at each instant of time.

The proposed method for obtaining a multi-tone
signal in its base is based on the audio signal processing
procedures used in the psychoacoustic model used in the
MREO-1 180/ 1EC 11172-3 [10] standard.

Outbound audio signals used to subjectively assess
the sound quality of reproducing devices are subdivided
into samples, the size of which depends on the
amplitude-time characteristics of the signal. The size
(duration) of the samples is determined by the resolution
of the human auditory system and specified by the
requirements of implementing the FFT algorithm.

It is established that the auditory system of a
person processes audio signals of a duration from 80 to
140 ms [11]. For implementation of FFT algorithms are
used samples, the number of readings in which are
equals two in the integer degree. So, at a standard
sampling frequency of 44.1 kHz, the largest sampling
length not exceeding 80 ms and corresponding two
raised to the integer power, is a sample of 2048 signal
counts, that is, approximately equals 48 msec. In some
cases, the length of the sample may vary depending on
the structure of the audio signal within the sample, at
moments of sharp jumps, the sound sample length will
be 1024 counts (24 msec).

Change the length of the sample criteria is a peak
factor value [12]. Psychoacoustic entropy [13] is the
criteria for compression algorithms for digital audio
data, which is calculated for a long sampling. The use of
shorter samples (12 msec) is inappropriate, since the
human hearing apparatus, due to inertia, is not able to
accurately assess the spectral composition of short
sound segments, i.e. to notice the additive noise.

The use of a 50% overlay of samples used in the
short-term spectral analysis allows to reduce the
distortions that arise during orthogonal transformation.

Before the FFT procedure, the sound samples
should be processed by the Hannah function, which
allows to clear the signal from additional distortions,
known as the Gibbs effect, that arise when performing a
direct FFT.

As source material for investigation were created
multi-tone test signal which are used in the ICAO radio
exchange

The main steps of the algorithm for creating a
multi-tone signal:

Step 1. Analysis of the sound signal in the time
domain for the selection of samples with energy above
the threshold.

Step 2. Calculate the peak factor of the signal of
the selected samples, which is necessary to select their
length (1024 or 2048 counts of the sound signal).

Step 3. Calculation of the normalizing factor.

Step 4. The calculation of the energy spectrum
using FFT is performed for each selected sample.

Step 5. Calculate the energy of the sample signal in
critical audible bands; selection from the spectrum of
the sampling signal of the tonal components.

Step 6. The list of noise-like components creation.

Step 7. Thinning of the spectrum of tonal and non-
tonal (noise-like) components considering the absolute
threshold of sensitivity and simultaneous masking.

Step 8. Adjustment of the energy of the spectral
components to ensure the equality of energy of the
initial and synthesized multi-tone signals.

Step 9. Restore the time form of the multi-tone
signal.

On the first step of creating a multi-tone signal, an
analysis of the output signal in the time domain is
performed.

During creating a multi-tone signal it makes no
sense to analyze all the samples in a row, but rather
select those whose energy level exceeds a certain
threshold.

On the second step for decision making about the
length of the sample, the peak factor value calculation
for a long sample is performed using the formula (1):

CF (dBFS) =
Smax (dBFS) ’ (1)
n)(dBFS)-s(dBFS))’ /N

ISR

where i - input signal sample number,
n - input signal count,

Smax - Maximum reference value,

s - average reference value for the sampling
signal.

All values are expressed here are in dBFS . At
magnitude of the peak factor greater than dBFS , the
length of the sample for analysis is 1024 (short
sampling), otherwise it is equals 2048 counts (long
sample) of the sound signal.

On the third step of creating a multi-tone signal,
the rationing of the fac coefficient and rationing of the

counts selection of the input signal is made:
fae =102/ [Norm 2)
x(n)=fac-s(n), 3)

where x(n) - normalized samples.

In formula (2), a tone signal with a frequency of
989 Hz and an amplitude of 0 dB is used to determine
the normalization coefficient Norm, and the spectral
maximum for several frames is calculated. The value of
this maximum is taken as the value of the normalizing
factors, and then the calculation of the energy spectrum
of the sample is performed:

RS ikl 2 N2
X(k)=101n ﬁz h(n)-x(n)e H2EN| o (4)
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+90.309dB,

where k=0,1.N/2;
N =2048 or 1024 ;
k - index of the spectral component of FFT;
h(n)=0.5- [1 —cos(27m /(N —1))} — window
function Hannah;
X (k) —level of k spectral component, in dB.

In this case, the normalization of FFT coefficients
to 96 dB SPL is used.

On the fourth step, the energy of the sample signal
is calculated in critical listening lanes [14]. The total
energy of all spectral components in each critical band
is calculated by the expression (5):

Eg(z)= IOIg[Z 10’((")“0} dB

kez

)

T e T e e e N B W Pl
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In the fifth step, the allocation of so-called tonal
components is carried out. Spectral components of the

energy spectrum X (k) exceeding the frequency, except
for two neighboring at least 7 dB, are identified as tonal.
Note that the area of the examined frequencies expands
with increasing frequency [10]. The set of tonal spectral
components of 8T is determined by the following
expression

Sy ={X(k)

X(k)> X (k+£1),
X(k)> X(kJ_rAk)+7dB}’ ©

where X (k) — k spectral maximum,

Aj, depends on the bandwidth and varies from
2tok.
Examples of spectra of samples of a sound signal

with different number of tonal components are shown in
Fig. 1.
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Fig. 1. Spectra of samples of signals:
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At the sixth stage, the formation of a list of noisy
components is taking place.

To do this, from the output signal of the
spectrum of the sample, all sub-tone and adjacent
components are removed, after which the energy

X, (2) of the spectral components in each critical

band is calculated.

As a result, the real noise-like components of the
sample signal are replaced by one spectral component
whose energy is equal to the total energy of the noise-
like components that have fallen into the critical
listening band (7):

X, (F)=101g 1™ |,
J=l )

VX (j) & { X} (kk 1,k AK)}.

At the seventh stage, the thinning of the received
tonal and noise-like components is carried out. That is
mean, that the number of components is reduced based
on two criteria: the absolute threshold of sensitivity and
frequency degradation. The tone and noisy components
below the absolute threshold of sensitivity are
discarded, and only the components that satisfy the
condition are left

X (k) 2 X, (1) (8)

where X, . (k) - the  sound level

corresponding to the absolute threshold of sensitivity in
silence for the k spectral component.

Then, using a sliding window with a width of
0.5 barks, from any pair of dedicated spectral
components appearing in this window, one that has the
highest level of energy is selected.

At the eighth stage, there is an adjustment of the
energy remaining after the reduction of the spectral
components in order to ensure the equality of the
energies of the initial and generated signals in each
critical listening band.

To do this, in each critical listening band, the
scaling factor is calculated as the ratio of the output
signal energy to the sum of the energies of the generated
multi-tonal test signal components:

pressure

scf(z) = _Ew 9)

3 X (K)
k=l

where X, (k)— components of the multi-tone signal in

the critical band.
After that, the adjusted energy of the component is
calculated:

Xt (k)= X (k)-s¢f (2),Vhez. (10)

This correction is necessary to achieve the same
level of load on the audio path of the tested device, real
and synthesized multi-tone signals.

At the final stage, the recovery of the time form of
the multi-tonal signal is carried out using the inverse
Fourier transform.

At the end of the multi-tone synthesis procedure, a
passport that contains information on sample length,
sets of numbers (indexes) of the spectral components,
and information about the type of each component
(tonal or noisy) is created. For the convenience of
analysis of the recorded signal (to search the beginning
and end of the content of the signal), before the main
multi-tone signal and after it, is added special tone
pulses.

For analyzing of the listening space noise between
the tone pulses and the useful signal, a section of the
signal with a zero level is inserted.

Conclusion

On the basis of a thorough analysis of
psychoacoustic models, procedures are selected and
validated for assessing the magnitude of certain types of
distortion introduced into the signal by sound tracks of
sound reproducing devices.

The revision of these procedures due to their joint
use within the framework of a single psychoacoustic
model was performed.

The method of creating an artificial multi-tone
signal for precise allocation of the nonlinear distortion
(ND) signal and its processing after passage through the
sound path of the tested device for analysis and
evaluation of the electromagnetic radiation is
developed.

In the developed method, the calculation of a set of
quantitative characteristics of distortions of different
types, which have the greatest impact on the generalized
assessment of sound quality.

The following list
indicators:

the likelihood of hearing ailment of the ND;

the number of strongly distorted fragments of the
signal;

noise mask ratio in three frequency bands;

effective dynamic range;

peak factor;

distinction of specific volumes of signals in

includes the following

frequency bands;

uneven frequency response in the field of voice
frequencies.

For formalization of the transition from a

multidimensional quality indicator to a generalized
objective quality assessment by one number, a multiple
regression model is used.
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Meton cTBOpEHHSI MYJbLTHTOHAJILHOTO CHTHAJY
B CHCTEMAaX MiATPHMKH Ta NPHAHATTA pimens ACY

O. IO .Hecmisu

IIpeamer: VY crarri po3misiHYyTi HHUTaHHA CTBOPEHHS IICMXOAKyCTHYHOI MOJEJ CHPHHHATTS SKOCTI 3BY4aHHS
3BYKOBUX CHUT'HAJIB, pO3poOKM Ha ii OCHOBI METOMy CTBOPEHHS MYJIbTHTOHAJIBHOIO CHTHANy, 1O 3a0e3ledye BHCOKY
KOpeJALilo 3 cy0'eKTHBHOI OliHKO. MeTa: po3poOKka METOLy CTBOPEHHS MYJIbTUTOHAIBHOIO CUI'HATy. 3aBAaHHS:
IIpoBect aHami3 CHOTBOPEHb 3BYKOBMX CHUTHANIB, 1[0 BHHUKAIOTh IPU BIJTBOPEHHI iX 3BYKOBiATBOPIOIYHUMHU
npuctposmu. KilacugixkyBatu 1ii CHOTBOPEHHS 1 OLIHUTHU CTYIIHb IX BIIMBY Ha Cy0'eKTHBHY OLIHKY. Buainuru HaiGinbm
3Ha4ylli 3 HUX 3 TOYKH 30pY BIUIMBY Ha SKICTb 3By4aHHsA. IIpOBECTM BHMBYECHHS CYy4aCHHX METOXIB OLIHKH SKOCTI
BIATBOpEHHS] 3BYKOBHX CHTHAJiB, CTaHJApTiB I pEeKOMEHJALii, NPUCBIYCHUX JaHIH 3amadi; OWIHUTH e(EeKTHBHICTH
MOJICIIIOBaHHS CIIyXOBOi CHCTEMH JIIOJMHH, 10 3aCTOCOBYETHCS IIPU PO3pOOLI LUX METONIB; cHOPMYIIOBATH HAyKOBi Ta
NPUKIAJHI BUMOTH, IO INPEI'BISIOTHCA O METOAY OO'€KTUBHOI OLIHKM SIKOCTI, SIKMH pO3po0isieTbci. BHCHOBKH.
3acTocyBaHHS pO3pOOJIEHOrO0 METOAY [O3BOJIUTH OTPHMATH pPe3yiabTaTH, IO 30iraloTbcs 3 JTaHUMH CY0'€KTHBHO-
craructuynux excreprus (CCE) 3 HeoO0XiJHOO I NPAaKTUKK TOUHICTIO.

Kurouosi caoBa: CIIIIP; ACY; MynbTUTOHAIBHHUN CUTHAI; MOJIENb CIIPHHHSATTS SIKOCTI.

Merton co3ganus MyJbTHTOHAJIBHOTO CHTHAJIA
B CHCTEMAaX NOAJEPKKH U IPHHATHA pemennii ACY

O. 10. Hecmusn

HpelIMeT: B crarne paccMOTPEHBI BOIIPOCHI CO3AaHUSA HCHXO&KyCTH‘{CCKOﬁ MOJCJIN BOCIIpUATHUS Kad€CTBA 3ByJaHUs
3BYKOBbBIX CHUI'HAJIOB, pa3p360TKI/I Ha €€ OCHOBE€ METOJa CO3JaHHus MYJIbTUTOHAJIbHOI'O CHUI'HaJa obecrieuynBaeT BBICOKYIO
KOoppeJsiuio ¢ CYGBCKTHBHOﬁ OHCHKOﬁ. IIe.nb: pa3pa60TKa ME€ToAa cOo3AaHusA MYJIbBTUTOHAJIBHOI'O CHUI'HAJIA. 33}13‘[3:
HpOBeCTI/I aHaJN3 MCKaXCHUU 3BYKOBBIX CUT'HAJIOB, BOZHHUKAIOIUX IIPHU BOCHPOU3BEACHHUU HUX 3BYKOBOCIPOU3BOIASAIINMHU
ychOﬁCTBaMH. KJ'[aCCI/I(i)I/IHI/IpOBaTL 9THU UCKAXXCHUA U OLUCHHUTDH CTCIICHb UX BJIMSAHHUA Ha Cy6’beKTI/IBHy}O OLICHKY. BBIZ[GJ'[I/ITI)
Hau0oJjiee 3HAYNMbIE U3 HUX C TOUKH 3pEHU BJIUSAHUA HA Ka4Y€CTBO 3BYyUaHUsI. npOBeCTI/I H3YyUYCHHUE COBPEMEHHBLIX METO/I0B
OLICHKHU Ka4e€CTBa BOCHPOU3BEACHHS 3BYKOBBIX CHUI'HAJIOB, CTAaHAApPTOB U peKOMeH}IaHHﬁ, IOCBAIICHHBIX Z[aHHOﬁ 3aa4u,
OLCHUTH 3(1)(1)CKTI/IBHOCTB MOJCIINPOBaHUA C.]'IyXOBOﬁ CUCTEMBI 4€JIOBCKA, IMPUMCHIACTCA IIPpU pa3pa60TKe 3TUX METOHOB,
Cq)OpMyJ'lI/IpOBaTB Hay4YHbIC€ U IIPpUKJIAHBIC Tpe603a1-mﬂ, NPEABABIAEMBIE K METOLY 00bEKTUBHOM OLCHKH Kayd€CTBa,
KOTOprﬁ pa3pa6aTLIBaeTc;L BI)IBOJIBI: HpI/IMCHeHI/IC pa3p360TaHHoro METOJAa IIO3BOJHUT TIIOJNYYUTHL PE3YJIbTAThI,
COBIIaJarOMME C JaHHBIMHA Cy6’beKTI/IBHO-CTaTI/ICTI/I'-ICCKI/IX JKCIICPTU3 C HCO6XO)1HMOﬁ JUIS IPAKTUKU TOYHOCTBIO.

Kawuesbie caopa: CIIIP; ACY; MylbTUTOHAIBHUM CUTHANI; MOJE/Ib BOCIIPUATHUS KauecTBa.
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