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(57) The invention pertains to amethod for recogniz-
ing the characteristics of the sound timbre based on the
sound objects, in which statistical parameters are deter-
mined, after which the stages of separating sound ob-
jects into categories and determining at least one of:
phase instability; theshareof theenergyofeachcategory
of objects in the total energy of the sound signal; harmo-
nic frequency energy to noise ratio; amplitude slope
coefficients; the slope of the graph of fundamental fre-
quency energy and strong harmonics; local and global
phase shift of each harmonic frequency; phase Fk aver-
age value, phase Fk drift; the number of sound objects
and the percentage number of objects contained in the
fundamental frequency and in all strong harmonic fre-
quencies, follow.

The invention also pertains to a computer program
and a computer programproduct comprising instructions
that, when executed, perform the steps of themethod for
recognizing timbre characteristics based on the sound
objects.
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Description

Field of invention

[0001] The invention relates to a method, system, computer program and computer program product for recognizing
characteristic features of sound timbre (audio signal), for example sound abnormalities, based on sound objects. The
invention is applicable in the field of analysis and synthesis of acoustic signals (also referred to as sound signals or audio
signals), for example, for measuring characteristic parameters of sound timbre of a human voice or characteristic sound
parameters of a device, for subsequent analysis of these parameters. Parameterization of the physical phenomenon of
sound emission is important in such technical fields as acoustics, mechanics, construction, aviation, astronautics,
geological measurements, andmany others. It also plays a role in medicine, forensics, speaker identification and speech
recognition.

State of the art

[0002] In recent years, intensive development of speech analysis systems has been observed. Many programs have
been created for recording speech in the form of text (the so-called "Speech-to-Text Software") or for translating text from
one language to another. Researchers admit that speech and voice are also very good markers of the speaker’s health.
Tools are being developed tomeasure speech parameters and, based on a comparison with stored patterns, to diagnose
various disease states.
[0003] One of the most commonly used solutions is a direct analysis of an acoustic signal. An example of such an
approach is patent applicationUS15686057A, publishedonMarch1, 2018, "Method for evaluating aquality of voice onset
of a speaker", inwhich theassessment of healthwasmadebymeasuring theparameters of the rate of changeof energy in
the fundamental component and harmonic components. This study is particularly suitable for the treatment of stuttering
disorders.
[0004] Inpatent applicationCN202011522343A,publishedonApril 20, 2021, "Voicestate classificationmethod, device,
electronic device and storagemedium", for measuring voice parameters such as fundamental frequency jitter, amplitude
shimmer, noise-to-signal ratio, a multidimensional voice processing program was applied. The advantage of the system
over the patient’s examination by a doctor is the objective assessment of voice parameters.
[0005] Some solutions look for voice biomarkers in spectral features and prosodic features. Melody, volume, tempo,
accent, dynamics, and rhythmicity of the voice are assessed. In order to calculate these parameters, the spectrum of the
acoustic signal should be determined using the Fourier Transform, or the parameters of the signal cepstrum presented in
the mel scale (MFCC Mel-Frequency Cepstral Coefficients)).
[0006] An example of the use of this technology is patent application CN202110775311A, published on November 12,
2021, "A method, system and device for identifying depression based on voice analysis". This document reveals how a
Digital Signal Processor with the help of an FPGA integrated circuit calculates the MFCC coefficients 1‑12 and performs
the classification using a decision tree algorithm.
[0007] The system presented in patent application CN202111677396A, published on April 8, 2022, "Voice analysis
method and system of Parkinson’s disease freezing gait symptom key characteristic parameter based on AdaBoost
algorithm"works on a similar principle. In thismethod, the acoustic signal is analyzed usingMFCC, and aCARTalgorithm
was used to select the characteristic features. The program searches for the characteristics of Parkinson’s disease in
voice, which include slow speech, hoarseness, low volume, and vocal tremors.
[0008] Another solution to the problem of decomposing a signal into components, allowing to easily determine the
parametersdescribing theacoustic signal, ispresented inpatentapplicationEP16741938.1A,publishedonApril 11, 2018,
"A method and a system for decomposition of acoustic signal into sound objects, a sound object and its use". This
application presents the structure of the acoustic signal spectrum,wherein the structure is illustrated using a bank of zero-
phasefilterswith a logarithmic frequencydistributionanda resolutionof 48 filters per octave. From thespectrumcreated in
thisway, soundobjectswerecreatedwith theuseof linearpredictionandphasecontinuity trackingalgorithm.The resulting
sound objects very precisely reflect frequency components present in the acoustic signal, without distortion of the
information contained in them about amplitude, frequency and phase.
[0009] The above-mentioned solutions known in the art offermethods for analyzing the characteristics of audio signals,
allowing, among other things, to identify abnormalities in audio signals. However, none of the solutions known from the
state of art use in its analysis a sound signal, recorded in the form of sound objects. Standard solutions, that do not use
sound objects for analysis, require collection of large amounts of data from many samples to provide an accurate result.
Analysis with the use of sound objects allows to reduce the number of samples necessary to be analyzed to obtain the
appropriate parameters, allows the analysis of the sound timbre, shimmer and of the sound jitter. In addition, sound
recording in the form of sound objects provides high frequency resolution of the recording, thanks to which it is possible to
precisely measure the component signals of the analyzed sound. The solutions known in the art do not provide such
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precise informationabout the soundcomponents , in particular about theharmonic structuresof thesignal and theirmutual
relations, especially phase relations.

Summary

[0010] Amethod of recognizing the characteristic features of the sound timbre based on sound objects, where a sound
object is analyzed, wherein a sound object is a single acoustic signal with a slowly varying amplitude and a single slowly
varying frequency and continuous phase, for which sound object statistical parameters are determined:

- for each time interval, local parameters are calculated for at least one sound object:
parameters of amplitude, frequency, number of measurement points;

- global parameters are calculated from local parameters,

characterized in that, after calculating the statistical parameters of sound objects, the method comprises the steps of:

- separating the sound objects into categories, wherein the categories are formed depending on frequency, wherein at
least one of the categories is dependent on fundamental frequency and its associated harmonic frequencies;

- calculating categorized local and global parameters for at least one category of sound objects; and
- determining at least one of:

∘ phase instability as the value of standard deviation of at least one instantaneous phase of the harmonic
frequency of category of objects from at least one category from the phase of fundamental frequency,
∘ the share of energy of each category of objects in the total energy of the sound signal;
∘ the ratio of harmonic frequency energy to noise;
∘ local and global amplitude slope coefficients;
∘ directional slope coefficient of the energy graph for the fundamental frequency and strong harmonic ;
∘ a local and global phase shift of each harmonic frequency relative to the fundamental frequency at themoment,
when the fundamental frequency phase is 0;
∘ theaveragevalueof phaseFkat themomentwhen thephaseF1of the fundamental frequencycomponent hasa
given value; where k is the order number of the harmonic frequency;
∘ thephaseFkdrift, at themomentwhen thephaseF1of the fundamental frequencycomponenthasagivenvalue;
where k is the order number of the harmonic frequency;
∘ the number of soundobjects contained in the fundamental frequency and in all the strongharmonic frequencies;
∘ the percentage number of objects contained in the fundamental frequency and in all the strong harmonic
frequencies.

[0011] Preferably, the value of the standard deviation of at least one instantaneous phase of harmonic frequency of the
category of objects is calculated by the formula

where TabPhase[q] is the data for the q-th measurement stored in the table, and Q is the number of measurements.
[0012] Preferably, the global parameters are calculated as a weighted average of the local parameters.
[0013] Preferably, the energy of each sound object is calculated by the formula

where n is the ordinal number of the sound object point, and Spna is the amplitude of the sound object point for the n-th
point.
[0014] Preferably, the amplitude slope coefficient is calculated by the formula
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wherein

wheren is theordinal numberof thesoundobject point,SoNumOfPoint is thenumberof points,Spna is theamplitudeof the
sound object point, and Spnp is the position of the sound object point.
[0015] Preferably, the average phase Fk value is calculated from the formula:

where TabPhase[q] is the data for the q-th measurement stored in the table.
[0016] Preferably, the phase drift is calculated by the formula:

where TabPhase[q] is the data for the q-th measurement stored in the table.
[0017] Preferably, the sound objects are divided into at least the following categories:

- fundamental frequency category;
- the category of strong harmonic frequencies, in which the share of these harmonics in the signal energy is more than

5%;
- a category of weak harmonic frequencies, in which the share of these harmonics in the signal energy is below 5%;
- category of non-harmonic signals of single frequency and amplitude;
- low frequency noise category, below 200 Hz;
- medium frequency noise category, i.e., in the range from 200 Hz to 2000 Hz;
- high-frequency noise category, i.e., in the range from 2,000 Hz to 10,000 Hz.

[0018] Preferably, after the parameter determination step, all parameters are stored and set of training input data is
created for the artificial intelligence neural network.
[0019] Preferably, the time interval is 200 ms.
[0020] Preferably, the phase of the fundamental frequency component has a predetermined value.
[0021] Preferably, the phase of the fundamental frequency component is equal to 0.
[0022] Asystem for recognizing characteristic featuresof sound timbrebasedonsoundobjects,whereasoundobject is
analyzed, wherein the sound object is a single acoustic signal with a slowly varying amplitude and a single slowly varying
frequency and a continuous phase. The system is characterized by comprising:

- recording module adapted to record sounds;
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- a processing module adapted to process the recorded sound so that the sound object is extracted;
- a computing module adapted to perform the above method of recognizing characteristic features of sound timbre

based on the sound objects;
- a classifying module adapted to analyze the sound object based on the results obtained from the computingmodule.

[0023] A computer program for recognizing characteristic features of sound timbre based on sound objects, comprising
instructions forperforming theabovemethodof identifyingcharacteristic featuresof sound timbrebasedonsoundobjects.
[0024] A computer program product for recognizing characteristic features of sound timbre based on sound objects
comprising a computer-readable code performing the steps of the abovemethod for recognizing characteristic features of
sound timbre based on sound objects.

Brief Description of the Drawings

[0025] The invention has been shown with reference to the figures on which:

Fig. 1 shows a block diagram of the analyzed person’s speech processing system;
Fig. 2 is a graph of the audio signal contained in the sound object;
Fig. 3 - examples of presentation of acoustic signals using sound objects;
Fig. 4 - amplitude parameters for sound object;
Fig. 5 - frequency parameters for sound object;
Fig. 6 - phase parameters for sound object;
Fig. 7 - parameters of harmonic relations.

Description of embodiments

[0026] An exemplary application of the method according to the invention is presented below.
[0027] Fig. 1 shows a block diagram presenting the operation of the method according to the invention as well as the
sequence of processes taking place in the modules of the system performing the method according to the invention.
[0028] According to the present method of recognizing the characteristic features of sound timbre, as shown in Fig. 1,
using the appropriate element of the recording module (A), for example, the Mobile App (10), which can be installed on a
smartphone, portable computer, notebook or other appropriate electronic device of the user, the sound is recorded in the
form of a digital acoustic signal and then sent as a file without compression to the processing module (B), adapted to
process the recorded sound.
[0029] Thedigital audio signal is stored in the .wav file in the formof a series of electrical values of themicrophone signal
at fixed time intervals, i.e., the so-called sampling frequency, wherein for human speech, it is sufficient to use a value of 22
050 samples per second.
[0030] In the processing module (B), the sent file goes to the Internet Network Communication Module (11), where the
licensing rights of the client ordering acoustic signal processing and the data concerning the file containing information
regarding what the recording is about and what file processing is to be performed are verified, all this information together
can be referred to as an "order". If the client is authorized to send the file and the system is prepared to realize such
processing, the authorization verification is completed correctly, the file is transferred to the audio file archive (12) and
saved there.
[0031] In parallel, a new order entry is created in the database (13), for example PostgreSQL, in which order, the
processing parameters are saved, including the date, time, ordering party’s identifier and the type of ordered processing
and, as theorder is processed, the followingwill beadded: the locationof theaudio file, the locationof thefile containing the
designated sound objects (single acoustic signals with a slowly varying amplitude and a single slowly varying frequency
and continuous phase), global and local parameters describing the acoustic signal, classification assessment, time of
processing completion and the content of the final report sent to the client.
[0032] The audio file archive (12) and the database (13) are asynchronously connected to the process control module
(14), which, after the steps of saving the file in the audio file archive (12) and creating an order record in the database (13),
successively activates the computingmodule (C), namely sound file conversionmodule (15), in which at least one sound
object is separated, and sound object analysis module (16) and finally the classifying module (D), also called the
measurement result classifier module (17).
[0033] The sound file conversionmodule (15) decomposes the file, which is recorded in .wav format, from the sound file
archive (12) according to themethod disclosed in the application EP 3304549 A1 to create at least one sound object, and
then saves this at least one sound object in the appropriate .uho format in the sound file archive (12). Information about the
sampling frequency with which the signal was recorded is also sent to the .uho file. Typically, this information is in the
header of the .wav file and is necessary for the correct determination of component frequencies.
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[0034] The computing module (C) of Fig. 1 recognizes and is able to perform operations on various .uho recording
formats, including UH00 as shown in the aforementioned patent document EP 3304549 A1.
[0035] In the next stage of the method of recognizing the characteristic features of sound timbre, the sound object
analysis module (16) reads the indicated .uho file from the sound file archive (12), and then determines, for at least one
sound object stored in the archive and the harmonic structures of this at least one sound object, the statistical parameters
of this object, specifically local parameters: amplitude parameters, frequencies, the number ofmeasurement points in the
time interval and the length of the time interval, as well as global parameters, wherein the local parameters are calculated
for time intervals and then grouped into categories according to the method of the invention, as will be described in more
detail below, wherein time intervals are sections into which the sound signal recorded by the module (10) is divided. The
sections may be, for example, 200ms long (4410 samples of the acoustic signal) and local parameters are calculated for
each of these sections. For example, for a 10-second recording, there are 50 time intervals, and the number of sound
objects can range from 5,000 objects in the case of a low-quality recording to over 50,000 when the recording is of good
quality.
[0036] Thedeterminedparameters and categories are stored in a table,which is then stored in theaudio file archive (12)
and, in addition, a pointer is created to the table stored in the archive (12), which is then stored in the database (13).
[0037] After module (16) conducts the analysis and creates tables stored in the archive (12), the classification module
(D) reads the parameters stored in the table and compares them using artificial intelligence algorithmswith data obtained
fromother authorizedmeasurements, issuing a classification assessment, which is described below. The assessmentwill
be saved in the file archive (12), after which the result of this comparison, together with the report on the execution of the
order, will be sent to the user’s electronic device.
[0038] Turning now to adetailed description of themethod for recognizing characteristic features of sound timbre based
on sound objects, the individual steps of the method are presented below.
[0039] To facilitate understanding of the equations used in the process steps, key terms of the equations that are used
therein are shown below:

FileHeader -file marker;
NumOfTrack - number of tracks;
SampleFreq - sampling frequency;
TrackStat - track status;
TrackNum - track number;
TrackNumOfSo - number of sound objects;
TrackPos - track position;
SoNumOfPoint - number of points in the sound object;
SoStartPhase - initial phase in the sound object;
SoStartPos - start position of the sound object in relation to the TrackPos position;
SpAmp - point amplitude;
SpTon - point tone;
SpDeltaPos - distance from the previous point;
k - harmonic frequency number
n - ordinal number of the sound object point;
m - ordinal number of the acoustic signal sample;
Spn - Point number n of the analyzed sound object;
Spnp - Position of the sound object point;
Spnf - Frequency of the sound object point;
Spnω - Pulsation of the sound object point;
Spnφ‑ Phase of the sound object point;
Ampm ‑Amplitude of the sample m of the audio signal;
Φm - Phase of the sample m of the audio signal.

[0040] In the method, after the sound is recorded, saved as a digital audio signal (as a file), the file is decomposed
according to the method disclosed in application EP 3304549A1 and at least one sound object is thus obtained, further,
local and global statistical parameters are determined for such a sound object.
[0041] An exemplary sound object, for example extracted by the sound file conversion module (15), is shown in Fig. 2.
[0042] Fig. 2, illustrates local parameters, determined in present method, calculated for time intervals, for each nth (n
{ 1... 5}) point of the analyzed sound object, in accordance with the following formulas:

Spnp = Spn‑1p + SpnDeltaPos Point Position [Sample number]
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(continued)
Spna = SpnAmp Point Amplitude
Spnf = 16.3516 ∗ 2 ^ SpnTon/(32∗48) Point Frequency [Hz]
Spnω = 2 ∗ π ∗ Spnf / SampleFreq Point Pulsation [rad/sample]
Spnφ = Spn‑1φ + SpnDeltaPoz ∗ Spnω Point Phase [rad]

[0043] More specifically, Fig. 2 shows an audio signal contained in sound object, where a graph of the amplitude,
frequencyandphaseparameters of thedeterminedmeasurement points ismarkedpoint bypoint anda line section isused
to show interpolated parameters for the signal samples between the points.
The audio signal graph is defined by the following formulas:

[0044] For every n-th point n { 1 ... 4 }
and for each m-th sample m { Spnp ... Spn+1p }, where:

[0045] The accuracy of mapping of the analyzed waveform of recorded audio signal with the above-described audio
objects (calculated sample to sample) reaches 99.5%.
[0046] Described above acoustic (sound) signals, are recorded with the use of sound objects after the decomposition,
as shown in Fig. 3, where three exemplary acoustic signals are illustrated:

- recording number 36 - a signal with weak vibrations, which is a sound signal coming from a person without disease
symptoms;

- recording number 65 - signal with medium vibrations, which is a sound signal coming from a person suspected of
having moderate dementia aliments;

- recording number 08 - a signal with strong vibrations, which is a sound signal coming from a person diagnosed with
large dementia lesions.

[0047] In Fig. 3, each of the signals is presented as a graph of the audio signal over time (upper graph of each recording)
andasa representationof this audio signal in the formof soundobjects representingharmonic structures (thegraphon the
left for each recording) and non-harmonic structures and noise respectively (the graph on the right for each recording).
[0048] In an embodiment, after calculation of local parameters, it is possible to proceed to obtaining global parameters.
These global parameters are calculated for the entire length of the file (for all time intervals) as weighted averages of the
corresponding local parameters for all objects.
[0049] Next, after calculating the statistical parameters (local and global) of the sound objects, the sound objects are
categorized according to frequency, using the parameters calculated during the previous step.
[0050] The categories into which objects are grouped are:

- the category of fundamental frequency - containing objects of fundamental frequency;
- thecategoryof strongharmonic frequencies (lowharmonics) - harmonic frequencieswhoseenergy isgreater than5%

of the energy of the entire signal;
- the category of weak harmonic frequencies (high harmonics) - containing objects with other weaker harmonic

frequencies, including up to 24 frequencies;
- the category of non-harmonic signals - containing objects that are not harmonic in relation to the fundamental

frequency, the energy of which exceeds 1% of the energy of the entire signal;
- the category of LowNoise (category of low-frequency noise) - containing objects with non-harmonic frequencies, the

average frequency of which is lower than 200 Hz;
- the category of Medium Noise (category of medium-frequency noise) - containing objects with non-harmonic

frequencies, the average frequency of which is between 200 Hz and 2 000 Hz;
- the category of High Noise (category of high-frequency noise) - containing objects with non-harmonic frequencies, in

the range from 2,000 Hz to 10,000 Hz.

7

EP 4 478 362 A1

5

10

15

20

25

30

35

40

45

50

55



[0051] To reduce the number of calculations, for the first stage of the analysis onemay, for example, select only objects
whose frequency is less than2,000Hzandwhoseenergy isnot less than1%of theenergyof theentire recording, orwhose
length exceeds 4410 samples (200 ms).
[0052] For theseseveral dozensoundobjects, the frequenciesof all pairs of objects are comparedwith eachother (each
object is successively pairedwith other objects), and the group of objects, that have a commondivisor and the sumof their
energies is the greatest, is selected. This group of objects creates a harmonic structure. The smallest divisor defines the
fundamental frequency. It may happen that no object belongs to the fundamental frequency. Objects that have not been
qualified to the harmonic structure will remain so-called non-harmonic objects. The objects that make up the harmonic
structure will be assigned to one of the 24 harmonics. Since the distances between harmonics higher than the 24th
harmonicare toosmall to beanalyzed individually, objectswithhigher frequencieswill be treatedasnoise.After separating
strongobjectsamongharmonics,weakobjectswill beassigned toharmonics,whose frequencycoincideswith theobjects’
harmonic frequency. Noise objects not assigned to harmonics can be divided into Low Noise, Medium Noise and High
Noise.
[0053] The categorization process described above yields 24 harmonic groups, groups of non-harmonic signals with
energy above 1 % of the total signal energy, and 3 types of noise based on statistical parameters present in the group of
sound objects, for categories containing categorized sound objects, categorized global and local parameters are then
determined. From the 24 harmonic groups, the Strong Harmonics Group is determined, which includes the fundamental
frequency and those harmonics whose total energy is not less than 5% of the total energy of the recording, as well as the
Weak Harmonics Group, which includes the remaining harmonics.
[0054] As in the case of statistical parameters, categorized local parameters are determined for each of the time
intervals (sections) and global parameters are determined for the entire recording. The calculation of the categorized
parameters for the respective categories is shown below.
[0055] In one embodiment, additionally in themethod for recognizing characteristic features of the sound timbre, for the
categoryof LowHarmonics it is possible to determine following, illustratedon theamplitudegraphsof soundobjects of Fig.
4, categorized local paramethers according to the presented formulas:

a) Average value of the object amplitude - equal to the value of the sum of the amplitudes of all points of the sound
object divided by the number of points.

b) Energy of the object - equal to the sum of the squares of the amplitudes of all points of the objects.

c) Percent value of the standard deviation of the amplitude - equal to the quotient of the square root of the difference
between the object energy divided by the number of points and the square of the average amplitude value and the
average object amplitude value.

wherein

d) Percentage value of the instantaneous change in amplitude, i.e., shimmer - equal to the quotient of the quotient of
the sum of the modulus of the difference in the amplitude of the adjacent points and the number of intervals and the
value of the average amplitude of the object.

wherein
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e) Coefficient of the slope of the amplitude representing the minimum root mean square error of the amplitude.

wherein

[0056] In another embodiment, additionally in themethod for recognizing characteristic features of sound timbre, for the
categoryof LowHarmonics it is possible to determine following, illustratedon the frequencygraphsof soundobjects ofFig.
5, categorized global parameters according to the presented formulas:

a) The average value of the frequency of the object - the sum of the frequency values of all points of the sound object
divided by the number of points.

b)Percent valueof the frequencystandarddeviation - equal to thequotient of thesquare root of thedifferencebetween
the sum of the squares of the frequency of points divided by the number of points and the square of the average
frequency value and the average frequency value of the object.

wherein

c) The percentage value of the instantaneous frequency change, i.e., jitter - equal to the quotient of the quotient of the
sumof themodulesof thedifference in the frequencyvaluesof theadjacent pointsand thenumberof intervals, and the
value of the average frequency of the object.
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wherein

d) Coefficient of the slope of the frequency representing the minimum root mean square error of the frequency.

wherein

[0057] The characteristic features of sound timbre recorded in the form of parameters can be used to determine the
relationships between the various parameters of the signal, wherein the phase-related parameters are the preferred and
most informative.Phasemeasurement is a veryprecise tool that allows, for example, to assess thequality of the speaker’s
voice path control. It can only be performed after properly extracting the actual harmonic frequencies present in the voice.
Theuseof the transform for voiceanalysisdoesnotgive thispossibility, because theharmonic frequenciesof the transform
donot correspond to the real harmonic frequencies. Thanks to theuseof soundobjects createdby theBankof Zero-Phase
Filters using thephasecontinuity algorithmdescribed inEP3304549A1, thedeterminedharmonics correctlymeasure the
phase of the harmonic components of the acoustic signal.
[0058] Characteristic featureswith respect to the parameters related to thephasesare shown inFig. 6. To determine the
phase relations, it is necessary to calculate the categorized parameters analogous to those calculated above (embodi-
ments with reference to Figs. 4 and 5) and determine the phase instability. To determine this instability, at least one
instantaneous phase of the harmonic frequency from at least one category is compared to the phase of the fundamental
frequency and the value of the standard deviation between these phases is determined.
[0059] If only a virtual fundamental frequency is determined in the signal, no phase measurement will be performed.
[0060] Preferably, the phase of the fundamental frequency component has a predetermined value andmay be equal to
0.
[0061] In an embodiment, the measurement is performed in 200 ms sections when the phase of the fundamental
frequency is 0 radians. Points in the sound object for each sound object are determined every two frequency periods of the
sound object. Between two successive fundamental frequency points, there will be at least one point where the phase of
the frequency will be zero. The positions of this point can be calculated from the following formula:

[0062] Method for calculating the phase instability for the sound object category of strong harmonic frequencies is
presented below.
[0063] For each Kth harmonic frequency in the category of strong harmonic frequencies, the phase at the point zero
fundamental frequency FundZeroPos can be determined, so that from all the sound objects included in this harmonic
category, the sound object whose n point is closest to the designated point is selected. For this point:

The fundamental frequency of the human voice is typically between 80 Hz and 250 Hz, so more than 20 points with zero
value can occur in a 200 ms time interval. To determine the phase parameters in each section for each K-th harmonic
frequency in the category of Strong Harmonics, the TabPhase[20] parameter was used, in which the phase values were
entered in 20 consecutive points, q, zero of the fundamental frequency, where TabPhase[Q] is a table containing the
determined parameters and TabPhase[20] is the data stored in the table for the twentieth parameter.
[0064] In the phase graphs of the sound objects shown in Fig. 6, phase categorized local parameters are shown,
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according to the following formulas, where the phase F1 of the fundamental frequency component is assumed to be 0, but
inotherembodiments thephaseof the fundamental frequencycomponentmaybeassignedanyvalue,whichmust thenbe
taken into account when calculating other parameters:

a) The average values of the phase of the K-th harmonic frequency when the phase of the fundamental frequency
component, F1 = 0, in the category of Strong Harmonics:

where TabPhase[q] is the data for the q-th measurement stored in the table, and Q is the number of measurements,
where Q can be, for example, 20.
The above parameter is very important because the average phase value can be a parameter identifying the speaker.
b) The value of the phase standard deviation of the Kth harmonic frequency in the Strong Harmonics category

wherein:

c) The value of the instantaneous phase change of the K-th harmonic frequency in the category of StrongHarmonics,
when the phase of the fundamental frequency component, F1 = 0, the so-called drift:

[0065] Based on the above categorized local phase parameters, the global parameters are determined; however,more
information about the signal can be obtained from the locally computed parameters in 200 ms sections.
[0066] By specifying the value of the standard deviation of the phase, and thus enabling the determination of the
aforementioned phase inconsistency, for any number of zero values, and thus for any number of measurements Q, the
value of the standard deviation of at least one instantaneous phase of the harmonic frequency for any category of sound
objects can be presented as:

where TabPhase[q] is the data for the q-th measurement stored in the table, and Q is the number of measurements.
[0067] Fig. 6 shows, for three different recordings at four different times, the local harmonic components parameter’s
graphs, related to the fundamental frequency component. Since the graph of the acoustic signal of successive harmonics
corresponds to the cosine function, the graph has a maximum value when the harmonic is in phase 0. In the subsequent
parts of the chart a vertical line crossing all harmonic components marks the moment when the phase F1 of the
fundamental component has a value of 0. Next to this line there are vertical lines symbolizing the zero points of the
phaseof successiveharmonics.Bymeasuring thedistanceof thevertical lineand the local linesections,wecandetermine
the phase shift of selected harmonics from the phase of the fundamental frequency. Changing phase shift of any harmonic
component changes the graph of the total acoustic signal presented in the upper line of the graph. Various measured
values for thephasesof theharmonic components are indicatedbelow thegraphs, includingphaseaveragevalues, phase
drifts and phase standard deviations calculated in accordance with the formulas presented in this description. A stable
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value of the phase of the components guarantees the repeatability of the graph and yields information about the correct
control of the speech path.
[0068] The irregular phase shift information allows the determination of the stability of phase values of the frequency
components. The stable phase value guarantees the repeatability of the function, which corresponds to a sound signal
graph saved in the file, and thus provides information about the correct signal path.
[0069] Determination of the non-constancy of component phases of frequency is important because changes in the
relations between the phases of harmonic frequencies, especially between the phases of harmonic frequencies and the
phase of the fundamental frequency, indicate whether the sound signal is controlled - a phase shift of the frequency of the
fundamental component repeated in subsequent periods for the selected phase of the harmonic frequency indicates a
regular and controllable sound signal, and in particular the regular and controlled operation of the sound path. A change in
this shift, and more precisely in the relationship (dependence) between the phases, may indicate damage to this path or
damage to thecomponentsaffecting thesoundgeneratingsystem. Identificationof thephaseofaharmonic frequency that
is characterized by an irregular shift can be used, for example, to identify the location of a fault.
[0070] The average value of phase shift of the selected harmonic frequency carries information about characteristic
parameters of the selected fragment of the sound path and is a reference point for measuring the stability of the sound
generating system. A large value of the standard deviation of phase shift of the selected harmonic frequency may be a
signal that the soundpath is not stable. Short-termchanges (phasedrift) calculatedas themodulusof thephasedifference
at successivemeasurement points indicate a rapid increase or decrease in the vibration frequency of the tested harmonic
and signify a deterioration of control over the analyzed fragment of the sound track.
[0071] Themergingof soundobjects into categoriesdescribedaboveallowsone toquickly seewhichcategoriescontain
howmany sound objects - it is therefore possible to determine the number of sound objects contained in the fundamental
frequency and in all strong harmonic frequencies, and to determine the percentage of the number of objects contained in
the fundamental frequency and in all strong harmonic frequencies. Since audio objects are created when there is a step
change in phase, thenumberof objects grouped in onecategorywill suggest thequality andfidelity of theaudio signal. The
smaller thenumber of objects, the fewerbreaks in the signal continuity occurred in the signal file, and thus the fewer breaks
took place in the recorded sound.
[0072] Usingmethods known from the state of art, which employ signal compression or transformation, it is not possible
to measure the phase parameters of the harmonic components of the sound, which carry so much information about the
operation of the sound system, because the phase of components of the sound processed in this way is irretrievably
distorted.
[0073] After the calculation steps and the determination of parameters, all obtained local and global parameters are
placed in a table and then stored in an archive (12).
[0074] In the database (13) a pointer is created to the table stored in the archive (12), so that the database (13) serves as
a register of handled orders for processed recordings.
[0075] In one embodiment, relations between the energies of the categorized sound objects are determined; for
example, it is possible to analyze the energy distribution:

- between all categories - for example, the distribution can be presented in the form of a pie chart which can show, for
example, the share of energy of each category of objects in the total energy of the sound signal;

- between harmonic frequencies and noise - for example, the distribution can be presented as a Harmonic to Noise
Ratio (HNR);

- between strong harmonic frequencies - for example, the distribution can be presented in the form of the slope of the
energy distribution line between successive harmonic frequencies;

- distribution of energy in time for selected harmonic frequencies - presented, for example, as a directional coefficient of
energy slope in successive time sections.

[0076] Fig. 7shows thedistributionof energybetween theharmonicandnoisecomponentsof theanalyzedaudiosignal.
The pie chart on the left shows the percentage of the energy of the fundamental, low frequency strong harmonics, high
frequency harmonics and other objects. The bar graph to the left of the pie chart shows the breakdown of energy for the
remaining objects into low noise, medium noise, high noise and strong non-harmonic objects. Based on this graph, it is
possible to determine the HNR coefficient.
[0077] The bar graph on the right in Fig. 7 graphically shows the distribution of energy between strong harmonics along
with howmany sound objects are contained in each harmonic. Since the sound object is interrupted when there is a step
changeofphase, thenumberof objectsgrouped inoneharmonic indicates thequalityof voicepathcontrol. Thesmaller the
number of objects, the fewer breaks in the voice continuity. The average number of objects per harmonic is also important.
As a rule, the lower the harmonic, the fewer broken objects there are. As can be seen from the examples in Fig. 7, the
speech of people generatingweaker vibrations is distinguished by a greater number of harmonics. In a personwith severe
speech disorders, the fundamental component concentrates more than 1/3 of the energy of the entire signal, and the
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number of strong harmonics is small. In this case, the harmonic slope declines very strongly.
[0078] The above-mentioned information obtained by using present method of recognizing characteristic features of
sound timbre on the basis of sound objects allows to assess the fidelity of the signal, for example by comparing it with other
signals stored in the File Archive (12).
[0079] The local andglobal statistical parametersandcategoryparameters stored in theFileArchive (12)andcalculated
in accordance with the above-described method can be used by the classification module (D) according to the
functionalities assigned to it.
[0080] The classification module (D) may be used to recognize the regularity of the signals by computer counting the
objects assigned to a category or by comparing parameters of the objects to reference parameters.
[0081] Advantageously, the reference parameters can be transferred and stored in the memory of the classification
module (D).
[0082] In a variant inwhich classificationmodule (D) compares theparameters, the classificationmodule (D) is informed
which of the transmitted parameters are reference parameters, i.e. parameters which have been derived in accordance
with the method presented herein, for:

- a sound signal known to have the correct sound characteristics, i.e. undisturbed or representing a healthy person or a
properly functioning machine;

- a sound signal known to belong to an ill person or a malfunctioning machine, where it is known what the disease or
damage to the machine is.

[0083] These reference parameters are provided with information, for example in the form of a flag containing an
appropriate description (e.g. a healthy patient/deviceworking properly or an ill patient/device with type failure). This stage
can be defined as building an internal classifier and assigning a classification rating.
[0084] Then, any new parameters, derived from recordings of audio signals for which there is no information about the
patient/device condition, can be compared in the classification module (D) with the existing reference parameters to
determinewhether the sourceof the recording (patient/device) is healthy orworks fine. Thanks to this, thenewparameters
derived are assigned a classification rating.
[0085] In one variant, the classification module (D) may change its reference parameters, for example using artificial
intelligence algorithms or neural networks, based on the provided parameters and the provided classification scores.
[0086] The method according to the invention, using sound objects for signal analysis, allows obtaining information
about the signal characteristics with a relatively small number of samples, which facilitates building classifiers and further
recognition of signals. In addition, the very structure of saving data from these sound objects to tables has a positive effect
on the size of files recorded and saved in the database, because the connections between items in the table allow for
flexiblemanipulationofobjectsand facilitateaccess todata related to theseobjects,while thesizeof thesesavedobjects is
small.
[0087] With themethoddisclosed in thepresent application, it is alsopossible to recognize thecorrectnessof asignal, so
the invention finds application in fields such as:

1) diagnosis of disease states affecting speech mode;

2) monitoring the health condition of the examined person;

3) voice identification of persons;

4) diagnosis of the state of devices by the sound emitted by the device or its component.

[0088] All embodiments of the method for recognizing timbre characteristics from sound objects are also applicable to
the system, the computer program, and the computer program product.
[0089] In one embodiment, the systemof the invention is implemented on a processor in any computing systemsuch as
server or PC computing system.
[0090] In another form, the invention is a computer program product comprising computer-readable instructions that
cause the processor to perform the method of recognizing the characteristic features of sound timbre according to the
invention.
[0091] Each of the schematic blocks of the system for recognizing characteristic features of sound timbre based on
sound objects, aswell as each of the steps of themethod for recognizing characteristic features of sound timbre based on
sound objects, may be implemented by computer program instructions. These instructions may be provided to a general
purpose computer processor, a special purpose computer or other programmable data processing device such that the
instructions that are executed by the computer processor or other programmable data processing device enable
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implementation of the functions defined in the system diagram and method steps.
[0092] Aspects of the present invention may be implemented by a computer or devices such as a CPU (central
processing unit), MPU (microprocessor unit) or MCU (microcontroller unit) that read and execute a computer program
product stored in thedevicememory to perform the functionsof the embodiments describedabove.Aspects of the present
invention may also be implemented by a method the steps of which are performed by a computer of the system or device
by, for example, reading andexecuting aprogramstored onamemory device to perform the functions of the embodiments
described above. In this regard, the computer programproduct is provided to the computer, for example, over a network or
other typeof recordingmediumservingasastoragedevice.Thecomputerprogramproductof the inventionalso includesa
durable machine-readable medium.
[0093] Embodiments are provided herein as non-limiting indications of the invention only and are not intended to limit in
anyway the scopeof protection that is definedby the claims, and termssuchassound timbre refer to soundcharacteristics
and may also be referred to as components, intensity or harmonics, without affecting the scope of the invention. It should
be understood that each technical solution used in the invention can be implemented using equivalent technologies
without going beyond the scope of protection.

Claims

1. Amethod of recognizing the characteristic features of sound timbre based on sound object, where a sound object is
analyzed, wherein the sound object is a single acoustic signal with a slowly varying amplitude and a single slowly
varying frequency and continuous phase, for which sound object statistical parameters are determined:

- for each time interval, local parameters are calculated for at least one sound object:
parameter of amplitude, frequency, number of measurement points;
- global parameters are calculated from local parameters;

characterized in that after calculating the statistical parameters of the sound objects, the method comprises the
steps of:

- separating the sound objects into categories, wherein the categories are formed depending on the frequency,
wherein at least one of the categories is dependent on the fundamental frequency and its associated harmonic
frequencies;
- calculating categorized local and global parameters for at least one category of sound objects; and
- determining at least one of:

o phase instability as the value of the standard deviation of at least one instantaneous phase of the harmonic
frequency of category of objects of at least one category from fundamental frequency phase,
o the share of the energy of each category of objects in the total energy of the sound signal;
o the ratio of harmonic frequency energy to noise;
o local and global amplitude slope coefficients;
o directional slope coefficient of the energy graph of the fundamental frequency and strong harmonic;
o a local and global phase shift of each harmonic frequency relative to the fundamental frequency at the
moment when the fundamental frequency phase is 0;
o the average value of phase Fk at themomentwhen the phaseF1 of the fundamental frequency component
has a given value; where k is the order number of the harmonic frequency
o the phase Fk drift at themoment when the phase F1 of the fundamental frequency component has a given
value; where k is the order number of the harmonic frequency;
o the number of sound objects contained in the fundamental frequency and in all strong harmonic
frequencies;
o the percentage number of objects contained in the fundamental frequency and in all strong harmonic
frequencies.

2. The method according to claim 1, characterized in that the value of the standard deviation of at least one
instantaneous phase of the harmonic frequency of category of objects is calculated by the formula
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where TabPhase[q] is the data for the q-th measurement stored in the table, and Q is the number of measurements.

3. Themethodaccording toanyoneof claim1orclaim2,characterized in that theglobal parametersarecalculatedasa
weighted average of the local parameters.

4. The method according to claim 1, characterized in that the energy of each sound object is calculated by a formula:

where n is the ordinal number of the sound object point, andSpna is the amplitude of the sound object point for the n-th
point.

5. The method according to claim 1, characterized in that the amplitude slope coefficient is calculated by the formula

wherein

where n is the ordinal number of the sound object point, SoNumOfPoint is the number of points, Spna is the amplitude
of the sound object point, and Spnp is the position of the sound object point.

6. The method according to claim 1, characterized in that the average phase Fk value is calculated from the formula:

where TabPhase[q] is the data for the q-th measurement stored in the table.

7. The method according to claim 1, characterized in that the phase drift is calculated by the formula:
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where TabPhase[q] is the data for the q-th measurement stored in the table.

8. The method according to any one of claims 1‑7, characterized in that the sound objects are divided into at least the
following categories:

- fundamental frequency category;
- the category of strong harmonic frequencies, in which the share of these harmonics in the signal energy ismore
than 5%;
- a category of weak harmonic frequencies, in which the share of these harmonics in the signal energy is below
5%;
- category of non-harmonic signals of single frequency and amplitude,
- low frequency noise category, below 200 Hz;
- medium frequency noise category, i.e. in the range from 200 Hz to 2000 Hz;
- high-frequency noise category, i.e. in the range from 2,000 Hz to 10,000 Hz.

9. Themethodaccording to anyoneof claims 1‑8,characterized in thatafter the determination step, all parameters are
stored and a set of training input data is created for the artificial intelligence neural network.

10. The method according to any one of claims 1‑9, characterized in that the time interval is 200 ms.

11. The method according to any one of claims 1‑10, characterized in that the phase of the fundamental frequency
component has a predetermined value.

12. The method according to claims 11, characterized in that the phase of the fundamental frequency component is
equal to 0.

13. A system for recognizing characteristic features of sound timbre based on sound objects, where a sound object is
analyzed, wherein the sound object is a single acoustic signal with a slowly varying amplitude and a single slowly
varying frequency and continuous phase, characterized by comprising:

- recording module adapted to record sounds;
- a processing module adapted to process the recorded sound so that the sound object is extracted;
- a computing module adapted to perform the method of claims 1 to 12;
- a classifying module adapted to analyze the sound object based on the results obtained from the calculation
module.

14. A computer program for recognizing characteristic features of sound timbre based on sound objects, comprising
instructions for performing the method of any one of claims 1 to 12.

15. A computer program product for recognizing characteristic features of sound timbre based on sound objects
comprising a computer-readable code performing the steps of the method of any of claims 1 to 12.
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