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« Behavior of low-pass filter acoustic materials with natural content, capable of providing STL.

» Obtaining mathematical models of acoustic samples with recyclable materials from nature.

» Comparative analyzes of samples for which mathematical models were created for filter design.
« Filter design of acoustic materials that provides significant gains in the transition model.

« Acoustic materials based on natural products without carbon emissions.

Article Info Abstract

In this study, mathematical modeling design based on Sound Transmission Loss measurement
results of new acoustic material samples with natural content was carried out. Using the test
samples in question, transfer function of acoustic materials based on electronic filter circuit design
and a transition design method for the production of new acoustic materials by utilizing the
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transfer function is presented. Based on the experimental results of the test samples, it is the most
suitable low-pass filter structure for the proposed design. In this study, active Sallen-Key low-
pass filter structure is preferred and used. Sound Transmission Losses in dB (decibels) of acoustic
samples were obtained experimentally for 500, 1000, 2000 and 4000 Hz. fundamental frequencies
in the literature. Based on these data, transfer function simulation suppression gain results were
obtained in TINA-TI program, active filter circuit designed, and MATLAB program. When the

Functional simulation other results were compared in the experimental results, it was seen that very close values were

obtained. It has been demonstrated that the proposed method can be used effectively in the design
and examination of new acoustic materials.

1. INTRODUCTION

Today, noise can be encountered depending on the levels of sounds created by vehicles, factories and
industrial processes. In case of increase and continuity of noise level, decrease in motivation, hearing
impairment, cardiovascular, mental health, etc. health problems such as The World Health Organization
(WHO) defined health as a mental and physical condition in 2009 and stated that environmental noise poses
a negative threat to public health. In 1999, it published guidelines according to harmful noise levels due to
noise in various environments [1]. Acoustic insulation materials have an important place in order to
reduce/prevent noise in various environments [2]. Different methods, natural and chemical-containing
synthetic fibers or materials with some porous structure are preferred in terms of acoustics based on noise
reduction [3]. In this direction, in a study on generator noise, it was stated that active and passive methods
can be applied in order to reduce the noise during the operation of generators. In passive methods, rock
wool, rubber, acoustic foam, acoustic sponge etc. It is seen that synthetic materials are used [4]. In other
study on synthetic materials, it was stated that building materials such as polyurethane, polystyrene, glass
wool and rock wool are mostly used as filling materials and that they cause an increased risk of fire because
they are petroleum-derived materials [5].

Mathematical models can be used to examine materials in more detail structurally. Mathematical modeling
is defined as the process of revealing the patterns within these events and phenomena by trying to express
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mathematically or mathematically an event, phenomenon and the relationships between events [6].
Mathematical modeling, which can be applied in many areas, can also be used in acoustics. In this direction,
in a study, with Comet Trim program, the elastic foam materials currently used in the automotive were
modeled and examined in the 1/3 octave band in the frequency range of 125-4000 Hz. When the results
obtained with Comet Trim program were compared with the test values, it was observed that the sound
absorption coefficient and Sound Transmission Loss estimates made by the program were similar to the
real values [7]. In another study on modeling in porous materials, the theory based on the acoustic transfer
matrix method and the mobility matrix model was preferred. When the proposed model of melamine foam
and porous aluminum was applied, it was seen that there was a good agreement between the experimental
and numerical data [8]. In addition, a different study was carried out in Mimar Kemaleddin Hall in order to
evaluate the acoustic performance, and acoustic analyzes were carried out with the ECOTECT v.5.20
computer simulation program. In order to improve the acoustic performance, reflective and absorber panels
were added to the current situation of the hall and 7 different models were compared, and suggestions were
developed depending on the frequency of the use of the hall for music and speech purposes [9].

On the other hand, materials containing natural materials with natural acoustic properties are less frequently
encountered in the literature and industry. In order to reduce the risks that may be caused by synthetic
materials, to reduce carbon emissions and to increase indoor air quality, low-cost, easily accessible and
recyclable materials that can be found in large quantities in nature and have acoustic properties have gained
importance in this study. The data of this study were obtained by testing samples prepared with natural
materials in a single layer and composite structure in the Alpha Cabin model system, which was proposed
and designed in the previous study [10]. It can show similar features such as reducing (suppressing) the
noises at some frequencies during the test processes of the samples, reducing the input signals to the filters
by a certain amount and taking them as output signals. Due to the similarity in question, it has been predicted
that natural-containing samples may be important in filter designs, therefore, by making calculations
according to the suppression gain (in dB) values of the tested samples, suitable filter designs that are thought
to be important in the acoustic field can be made. Technological developments in computer software and
hardware have enabled the filter designs to be analyzed more easily.

Systems that can reshape and transform the spectrum of a signal are known as digital filters [11] and are
one of the basic elements of the signal and are used in many electronic devices [12]. It is possible to see
different expressions of the filter in the literature. When evaluated depending on the frequency, it is defined
as a circuit designed to pass a certain frequency band and attenuate all signals outside this band [13]. Filters
can also be separated according to their circuit structures and functions. In electronics; passive or active,
analog or digital, used like high pass, low pass, band pass, band stop, all pass, linear or non-linear, 1IR, FIR
etc. There are many types of filters [14]. The elements it contains may also vary according to the circuit
structures. For example, in the passive filter circuit, there are resistors, inductors and capacitors, and in the
active filters, there are operational amplifiers (op-amps) and resistors and transistors [13]. In addition, it is
seen that they are classified according to their active or passive structures and frequencies. In this sense,
active filters are divided into low-pass (low-pass), high-pass (high-pass), band-pass (band-pass), band-stop
(band -stop) filters according to certain frequencies [15]. These filters are used in many different areas. For
example, with the increase of wireless technology, radio, mobile phone, etc. in applications, universal filters
are designed to eliminate unwanted signals [16]. Many methods are used in the design. One of the most
used is the Sallen-Key topology introduced by R.P. Sallen and E.L. Key, which is known to have low
impedance characteristics. This topology also has different active filter types such as Bessel, Butterworth,
Chebyshev and Elliptic [17]. In addition, filters are used in signal processing [18- 21], in improving
electrical power quality by suppressing harmonics at high voltages [22- 24], in high-frequency microstrip
antenna design [25], in separating very small signals from noise in the biomedical field [26] it can be used
in many fields such as.

In this study, it has been tried to establish a relationship between the aforementioned filters and acoustic
materials. The fundamental data of the relationship depends on the sample preparation based on the material
selection and design. In the study, samples were prepared by placing recyclable materials (cones and walnut
shells), which can be easily obtained from nature, on gypsum board with plaster. Among the samples,
composite structures were obtained by using natural materials such as 100% natural wool felt and heraclite
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and tested in the Alpha Cabin model system [10]. The Sound Transmission Loss values, which are the
measurement results, were evaluated and taken as the suppression gain. Since it is known that filters can be
effective in reducing unwanted sounds in different environments, it is foreseen that the samples prepared
and tested can be considered as a filter. In this direction; as a result of the calculations made with special
programs such as TINA-TI and MATLAB and the comparative analysis and interpretation of the values, it
has been determined that a low-pass filter topology can be designed.

The contribution of this study to the literature on the realization of the mathematical models of acoustic
materials based on natural products, based on active electronic filter circuit designs, is given below.

I. Acoustic materials based on natural products provide Sound Transmission Loss, and behavioral
representations such as low-pass filters have been demonstrated.

Il. A mathematical model of acoustic materials produced with natural products has been obtained.

I11. Mathematical models provided an environment that could enable easier analysis of acoustic samples.
IV. It has been presented to the literature that the transition model based on filter design can provide
significant gains for the design of new acoustic materials.

This study consists of three parts. There are literature review in the first part, material and method sections
in the second part. In the material section, there are tables and graphics related to the Sound Transmission
Loss values [10] obtained as a result of the experimental studies carried out in the designed and developed
test box. In the method section; In this study, equations used in circuit design, programs and functions are
given. In the third part; the Sound Transmission Loss values were taken as the suppression gain and an
electronic filter circuit was tried to be designed. There are tables and graphs, comparative analysis and
comments about the approximate calculated values during the design phases. In the fourth part, the results
and recommendations are given, and in the fifth part, the findings and discussions.

2. MATERIALS AND METHODS

It is inevitable that we encounter noise in the flow of daily life. Noise can affect people with many factors
such as work motivation, work accidents, productivity and health problems. Sound Transmission Loss is
seen as an important parameter in reducing/preventing these problems and suppressing unwanted sounds
(noises) encountered in different environments. Bal Kogyigit [27], defined “Sound Transmission Loss as
the logarithmic ratio of the energy incident on a material to the energy transferred to the opposite side”.
According to Buluklu, Bal Kocyigit and Kose [10], in the model system that designed and developed, the
measurements of the prepared samples were carried out and the sound pressure levels, whose unit is dB,
and the Sound Transmission Loss values were analyzed and the results were compared.

In order to suppress unwanted sounds (noise) in acoustic materials, the process of providing Sound
Transmission Loss and the suppression of signals with electronic filters overlap. In the study, it was aimed
to realize the electronic filter design as a result of the comparison of the experimental data. It is known that
filters are widely used in circuit design [28]. By choosing a certain filter structure, the data can be filtered
after both design and implementation [29]. In order to perform the filtering, the Sallen-Key Topology was
used for the electronic filter design with the evaluated and appropriate data. Frequency-gain (amplitude)
graphs were prepared and analyzed comparatively by using a special program for simulation.

2.1. Material

For the filter design, first of all, various acoustic materials were prepared and their acoustic tests were
carried out. Buluklu, Bal Kocyigit and Kose, obtained the samples they prepared in their previous studies
by placing recyclable materials such as pine cones and walnut shells flat on 1 cm thick gypsum board and
giving egg shape to the pine cone pieces with gypsum [30]. The moving surface with these materials was
tested by placing them facing the L or L, chambers in the test box used in the test process, or by having
100% wool felt and/or heraclite between them. Used samples are given in Table 1.
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(1) ) ®) (4) () (6)
A Sample: B Sample: | C Sample: | D Sample: It was used It was
1,5 cm thick | 2 cm thick 4 cmthick | 1,5cmthick | insample F: | usedin used in
sample sample egg-shaped sam_pl_e 2 cm thick sample sample
containing containing sample containing sample E: E:
gypsum-pine | gypsum-pine | containing convex containing %100 2,5¢cm
cones cones gypsum- walnut shell concave Wool felt thick
pine cones walnut shell heraclite
(According
to test
result L;-
L,)

shell

pine cones

[ |6]s 5]

73 mm

4: 1,5 cm thick sample
containing convex walnut

6: 2 pieces %100 wool felt
7: 2,5 cm heraclite

3: 4 cm thick egg-shaped
sample containing gypsum-

E Composite Sample

HEEH

E]%J
5: 2 cm thick sample
containing concave
walnut shell

3: 4 cm thick egg-
shaped sample

containing gypsum-
pine cones

F Composite Sample

(According
to test result
Lo-L1)

G Sample:
4 cm thick
egg-shaped
sample
containing

gypsum-
pine cones

HEA
50
bl
2: 2 cm thick sample
containing gypsum-

pine cones

4: 1,5 cm thick
sample containing
convex walnut shell

H Composite Sample

In Table 1, samples E, F and H are composite structures and samples 5, 6 and 7 were used in their
preparation. As the material in the study; the suppression gain values of the samples tested at frequencies
of 500, 1000, 2000, 4000 and 8000 Hertz (Hz.) were used and taken in decibel (dB).

In order to realize the filter design, filter design was tried to be made by using the measurement values of
some samples as a result of the experiment. In the design, it can be ensured that the design space and
performance characteristics can be optimized [29]. In addition to providing optimization, there are also
important different parameters. One of these parameters is to perform the frequency dependent change of a
data [31]. Another method used is known as the use of approximation methods in filter design. The reason
for using this is expressed as the oscillations occurring at sharp cut-off frequencies of the filters [32]. dB is
used to detect the gain or loss that occurs in the path of the signal [33]. The suppression gain values of
samples A, B, C, D, E, F, G and H according to frequencies are given in Table 2.
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Table 2. Suppression gain values of samples A, B, C, D, E, F, G and H according to frequencies

Frequency Input Output Supression Frequency Input Output Supression Frequency Input Output Supression
(Hz.) Power | Power Gain (dB) (Hz.) Power | Power Gain (dB) (Hz.) Power | Power Gain (dB)
500 852 |823 3 500 766 |758 08 500 853 | 851 0.2
1000 90,9 77,3 13,6 1000 95,8 814 14,4 1000 95,5 85,1 10,5
2000 98,4 75,7 22,7 2000 102,2 | 77,5 24,7 2000 97,6 77,8 19,8
4000 773 461 312 4000 87,7 | 482 39,5 4000 842 | 538 30,4
A Sample B Sample C Sample
Supression
Frequency Input Output Gain (dB) Frequency Input Output Supression Frequency Input Output Supression
(Hz.) Power | Power (Hz.) Power | Power Gain (dB) (Hz.) Power | Power Gain (dB)
500 84,1 77,3 6,8 500 83,50 | 76,40 7,10 500 86,4 72,3 14,1
1000 96,8 78 188 1000 94,90 | 74,77 20,10 1000 92,9 79 14
2000 1056 | 654 40,2 2000 100,7 | 76,37 24,33 2000 1038 | 682 35,6
4000 82,9 42,3 40,6 4000 71,13 | 4527 25,87 4000 80,6 38,5 42,1
D Sample E Sample F Sample

Frequency Input Output Supression Frequency Input Output Supression

(Hz.) Power Power Gain (dB) (Hz.) Power Power Gain (dB)

500 92,5 78 14,5 500 80,03 71,73 83

1000 93,9 82,3 115 1000 94,63 76,20 18,4

2000 99,9 79,3 20,6 2000 97,53 67,97 29,6

4000 796 | 528 26,8 HSample | 4900 81,67 | 41,87 39,8

G Sample

The samples given in Table 2 are identified by the letters A, B, C, D, E, F, G, and H, respectively. The
suppression gain values for each frequency are taken as negative (-) in the graphic drawings for the filter
circuit design. The graphs of the suppression gain values of the samples according to the frequencies are
given in Table 3.
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Table 3. Graphs of frequency-suppression gain values of samples A, B, C, D, E, F, Gand H

Graphs of frequency-suppression gain values of A SAMPLE

Graphs of frequency-suppression gain values of B SAMPLE

g 10 10
z 0
£ 0 g
(]
3 -10 = -10
e 20 k] -2
,; 4]
o =30 ] =50
2 4
a -40 @ -40
@ B
-50 & 50
Frequency (Hz) g @ )
500 Hz. 1000 Hz. 2000 Hz. 4000 Hz. Frequency (Hz.) 500 Hz. 1000 Hz. 2000 Hz. 4000 Hz.
== (raphs of fraquency- === (raphs of fraquency-
supprassicn gain values R _ T i supprezzion gain values of B 7 s
ofmmples ASAMPIE 136 7 12 SAMPLE Suesion Gain L4 ) 3
Supression Gam (dB) (dB)
A Sample B Sample
Graqhs of frequency-suppression gain values of C SAMPLE Graphs of ;lﬁe‘l“e“."-“l’l“‘ﬁsm“ gain values of D SAMPLE
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2 0 0
3 )
s -10 =2 -10
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H 20 " i)
S 2
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According to the suppression gain curves in the graph given in Table 3, it is predicted that a low-pass filter
can be designed. The frequencies in the chart are arranged according to 500, 1000, 2000 and 4000 Hz.

2.2. Method

Mathematical models have been developed to reflect the behavior of physical or biological systems in order
to answer questions of interest. Statistical models can take many descriptive forms, such as dynamic
systems, differential equations, or game theory models [34].

In addition to the structural features, filtering operations, transfer function while simulating according to
certain frequencies calculation is needed. It is known that the transfer function is an equation calculated by
dividing the output voltage by the input voltage depending on the frequency. A visualization of a transfer
function is given in Figure 1 [28].

Input

oy 6O [y

Figure 1. lllustration of a transfer function [28]

AsV,, isinputvoltage and V,,,; is output voltage, the transfer function of the system which shown in Figure
1, can be given as in transfer function (G(s)) Equation (1)

Voue (S
6(s) = @)

In order to obtain the transfer functions of the samples, active electronic filter structure simulation is used.
Today, filters are used in many fields. For example, in the communication system, filters can generally be
used to remove noise and adjust at certain range frequencies [35]. Active filter types (low pass, high pass,
band pass, band reject and all pass filters) can be encountered in different applications [21]. The most used
Sallen-Key filter [36] was chosen for this study, and it is also known to be an electronic filter topology. An
active filter structure is given in Figure 2 [37].

| Frequency-
O—{ selective

| RC circuit

Figure 2. An active filter structure [37]

For modeling in the acoustic field, it has been stated that by using the Comet Trim etc programs, it can
prevent the application without knowing the material properties exactly, and it can also help to find the
desired material combinations for different applications [7]. In this study, TINA-TI and MATLAB
programs and electronic active filter design structure were used for mathematical modeling of the samples.
Active filters seen in Figure 2 are circuits containing active materials (transistor or operational amplifier),
resistor, coil and capacitance [38]. R: and R> shown in the Figure 2 are resistors, RC resistor- capacitor.
The second-order Sallen-Key low-pass filter structure is given in Figure 3 [37].
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Figure 3. Second-order Sallen-Key low-pass filter [37]

Sallen-Key low-pass filter circuit V.in Figure 3, its value is calculated by V, Equation (2). Z1, Z2, Zs and Z4
shown in the Figure 3 are impedances

Ve = Vour (i_j + 1)- (2)

Low pass filter, DC to it is an electronic circuit that can have a constant output voltage (from low-level
linear current) to the cutoff frequency. If the frequency starts to rise above the cutoff frequency, the output
voltage starts to decrease. The cut off frequency (0.707 frequency) is 3 dB or the corner frequency is
expressed as the frequency at which the output voltage drops 0.707 times compared to the pass-band value.
An active low-pass filter circuit is given in Figure 4 [38].

C
|
I

!
out

Figure 4. A low-pass filter circuit [38]

The circuit shown in Figure 4 is called an inverting integrator or Miller integrator. C given in Figure 4 is

the symbol of the capacitor. The Miller integrator can be found to be a low pass filter by ??tg)) , S, It can
m

be obtained as a time-dependent function, or it can be expressed depending on the "s" function in the
complex number plane obtained by the laplas transformation independent of the time plane Equation (3)
and w, Equation (4)

1 1
Vout($) _ “5¢ _ “Rc _ _ Wo ®3)
Vin(S) R S S
1
wo =L (4)

Second-order low-pass filter can be formed by connecting two miller integrator circuits and an inverting
amplifier cascade. The block diagram of a quadratic filter is given in Figure 5 [38]. wo s the represents the
cutoff frequency, Q is the represents the quality factor are given in Figure 5.

Output

(Vout)

Input
(\,m)

O
S

Mo
-3 1

Figure 5. Block diagram of a quadratic filter [38]
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The quadratic filter shown in Figure 5, consists of two miller integrators, a unit gain inverter amplifier and
an adder. Accordingly, the transfer function becomes the expression in ‘3’”—1(;)) Equation (5), [38]. K is the
gain in the Equality (5).

Vour(S) _ KW§

Vin(S) 52+(%)S+W02 '

®)

In filter topologies, the amplitude of a signal is measured in volts [33]. In Tables 1 and 2, the most suitable
low-pass filter for frequency dependent gain suppression ratio characteristic curves is given in Figure 6
[39].

Passtane

$“;:()b11d

Frequency
Figure 6. Low-pass filter characteristic curve [39]

In this study, TINA-TI program was used for filter simulation. TINA-TI simulation program, toolkit for
interactive network analysis, is known to be a SPICE-based electronic design and training software
developed by Design Soft [39]. Appropriate frequency ranges should be selected in designing filter types
such as low-pass and high-pass filters [40]. In the experimental study, as a result of defining the frequencies
in the range of 500-4000 Hz. where the measurements are made and the suppression gains to the program,
the gain (amplitude)-frequency (magnitude response) graphics (in dB) and circuit topologies were created.
In the study, circuit topologies can be drawn in the TINA-TI program by calculating the transfer functions
with the R and C values in the circuit topologies of each of the samples [41]. On circuit topologies, input
and output voltage values for 500, 1000, 2000, 4000 Hz. frequencies and suppression gain values can be
calculated with the help of Gain (dB) Equation (6)
Output

Gain(dB) = 20 * log . (6)

Input

The data obtained as a result of the calculations made according to Gain (dB), (6); It can be analyzed by
comparing the gain (amplitude)-frequency values calculated according to the experimental results and
transfer functions. In order to calculate the suppression gains depending on the transfer functions, the use
of MATLAB program was preferred. It is known that the MATLAB Program is a preferred program due
to its ease of use and breadth of use, which ensures that the results of a work at the project stage are
predictable. With computer programs such as MATLAB/Simulink, static, continuous, dynamic etc.
modeling, it allows simulation and analysis [42]. By defining the data in the transfer functions of each
sample in the study with the appropriate instructions in the MATLAB program, the gain (amplitude)-
frequency (magnitude) known as the “Bode Diagram” response graphics are obtained. Sine wave is used
as input signal while calculating the suppression gain values. An example sine wave is given in Figure 7.

1
05/
0
05 /
L 05 1 15 )

0

sine wav e amplitude

time in seconds

Figure 7. Sine wave
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Samples using suppression gain values in this study can be considered to exhibit characteristic behavior
like a filter. The appearance of the frequencies and wavelengths affecting the input signal according to the
frequencies of 500, 1000, 2000 and 4000 Hz. are given in Figure 8.

STAWEW
i?2%2%a

1000 Hz
\\\\
W ——= Filler
2000 Hz y

i, ~

500 Hz

Figure 8. Filter input and output simulation model of input signals with varying wavelengths depending
on the frequency

According to Figure 8, the frequency of sine waves is less at 500 Hz, and the frequency of wavelengths
increases as the frequency increases. Accordingly, the suppression gain data from the output signal is
calculated using Magnitude in the MATLAB program. It was obtained separately for 500, 1000, 2000 and
4000 Hz. frequencies on the curve in the response graph. The obtained values and the experimental gain
(amplitude)-frequency, results are in agreement with each other.

3. RESULTS

In the study; the experimental results of A, B, C, D, E, F, G and H samples were interpreted by making
comparisons and analyzes with gain (amplitude)-frequency, suppression gain according to active filter
circuit and suppression gain values calculated according to transfer function in MATLAB program. Input
voltage for all samples is 10 mV taken as. Output voltage values vary. Calculations according to the constant
and variable values are given according to the samples.

3.1. A Sample

For the A sample according to the frequencies of 500-4000 Hz. are given in Table 2. The transfer function
calculated using OKAWA Electric Design and MATLAB programs and Equations (1) and (2) according to
the suppression gain values in Table 2 is given in G(s), Equation (7)

19570543.98

G(s) = 5247652.085+19570543.98 "

The characteristic behavior of any system can be realized by looking at the positions of the eigenvalues.
The roots of the denominator of the transfer function of the system in question show the eigenvalues.
According to transfer function given in G (s) Equation (7), eigenvalues 4,,, 44, Equation (8) and its graph
are given in Figure 9.

Mg = (—3.8260 + 2.2208i)103

8
gz = (—3.8260 — 2.2208i)10° (8)
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Ingitary Avis

1
451

xxxxxxxx

Figure 9. Eigenvalue plot for sample A

According to the calculation in G (s) Equation (7), comparison of the suppression gain values for sample A
in the frequency range of 500-4000 Hz., is given in Table 4.

Table 4. Comparison of suppression gain values for sample A

Bode Diagram
€2.81 0 =

Il
I
1400F

Magnitude (dB)
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Graph Drawn in TINA-TI Active Filter Circuit Graph Drawn in MATLAB
Program Program
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Suppression Gain (dB) Suppression Gain

Gain (dB) . ; Suppression Gain )
Frequency  Calculated As ﬁccolr_dlrég toFthe Gain (dB) According to Cal_lgulatid Alé:cord.mg
(Hz) A Result Of (Amplity e)-_ requency Active Filter to ranster unction
' Graph Drawn in TINA-TI - in MATLAB
The Program Circuit Program (dB)
Experiment g g
500 -3 -25 -2.44 -2.85
1000 -13.6 -8.75 -8.49 -11.3
2000 -22.7 -19.15 -18.7 -18.2
4000 -31.2 -30.93 -30.33 -30.1

According to Table 4; According to the measurements made in the frequency range of 500-4000 Hz; at a
frequency of 4000 Hz. of the highest values; The gain (amplitude)-frequency graph (-30.93 dB) with
approximately experiment (-31.2 dB) and the suppression gain (-30.33 dB) according to the active filter
circuit, the suppression gain calculated according to the transfer function in the MATLAB program (-30.1
dB), it is seen that they are close to each other. Since the suppression gain values calculated according to
the transfer function in the MATLAB program are compatible with other data, it has been determined that
a suitable electronic filter circuit structure can be designed according to the test results.

On the other hand, it is known that the cutoff frequency is an important parameter in the design of the
electronic filter circuit structure. The cutoff frequency shows us the point at which the signal flowing
through the system starts to be de-energized. At the cutoff frequency, the low frequency gain is reduced by
3 dB. The amount of gain at the cutoff frequency is given in Figure 10 [37].
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Gain (dB)

=20 - . -/

f. 10f,

Figure 10. Amount of gain at cutoff frequency [37]

fc Equation (9) can also be used to calculate the Sallen-Key low-pass filter cut off frequency [43].

1

1€ = o Famatacs ©)

The cut off frequency value of sample A was calculated approximately in fc Equation (10) with the R and
C values in the circuit topology given in Table 3.

1 1
fe= 2n/RaRpCaCp  2m/1.54kQx2.37k0+x100.10-3uF*140.10-3puF 0.704 kHz = 704 Hz. (10)

Cut off frequency of 704 Hz. calculated for sample A in fc (10) is given in Figure 11.

Corner

Frequency

- o Vout m.] 2
Gain =20 log fe

Pass Band
048

3dB
Frequency
Response

Output

Figure 11. Cut off frequency of sample A [37]

The transfer function, cut off frequency and eigenvalues of the B, C, D, E, F, G and H samples in the study
were prepared and summarized in Table 5.

Table 5. B, C, D, E, F, G and H samples; transfer functions, cutoff frequencies and eigenvalues are given

Sample Cut off Frequency

First Transfer Function (Hz.) )

Name (G(s) = =24 (e = Eigenvalues

mn
ZH,IRARBCACB)

B and G(s) = 15829747.89 633 A41 = (—3.4509 + 1.9802i)10°
C 8 = $2 1 6901.775 + 15829747.89 Aaz = (—=3.4509 — 1.9802i)10°
D 6(s) = 5771539.38 332 A4 = (—=2.0835 + 1.1960i)10°

) = $2 ¥ 4167.055 + 5771539.38 A4y = (—2.0835 — 1.1960i)10°
12992209.87 Mgy = (—3.1246 + 1.7969i)10°

E G(s) = =574 P
s2 + 6249.25s + 12992209.87 Aap = (—3.1246 — 1.7969i)10

F and G(s) = 4016903.12 “310 A4 = (=1.7333 4+ 1.0063i)10°
H " 52 4 3466.58s + 4016903.12 A = (=1.7333 — 1.0063i)103

7859484.98 = (—2.424 1.4073i)103
G G(s) = 446 Aar = ( 7 + 0731) 03
s2 + 4849.30s + 7859484.98 Ay = (—2.4247 — 1.4073i)10
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The simulated transfer function structures of the samples can be used for the steady state analysis of the
systems. Accordingly, when the eigenvalues of the samples are examined, complex conjugates appear to
have root structure. This complex conjugates can be expressed in the form of root structures. a + jb Inline
with this structure, the stability and behavioral states of the systems can be revealed. For this, the sign of
the real part of the complex number can be examined. So, a < 0,a > 0 or a = 0 their situation is examined.
All of the eigenvalues of the transfer functions obtained within the scope of this study are complex. It is
seen that conjugates have roots and their real parts (a < 0) are negative. Depending on the time of the
systems the complex dumped harmonic oscillator shape and phase stable as a plane It is expected to behave
in a spiral shape [44, 45]. This behavior is also seen in the signal outputs obtained from the sinus signal
inputs at 500-4000 Hz. input frequency values for sample A, which are shown in Figure 8.

Comparisons of suppression gain values for B, D, E, F and G samples are given in Table 6. Experimental
results and other results were obtained in agreement with each other.

Table 6. Comparison of suppression gain values for B, D, E, F, G samples
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Since the test results of B and C, F and H samples and the results obtained from the processes in the
programs used in the study are close to each other, the electronic filter circuit topologies have the same
appearance. Therefore, in Table 5; values of sample B, F and F from H are given from B and C.

4. RESULTS AND DISCUSSION

Mathematical modeling design was carried out according to the Sound Transmission Loss values of A, B,
C, D, E, F, G and H prepared with natural ingredients. In TINA -T1 program, low-pass the gain (amplitude)-
frequency graphs drawn according to the Sallen-Key active filter structure and the suppression gain (dB)
values calculated from the active filter circuit and the transfer function in the MATLAB program were
compared with the experimental results. Since the experimental results of samples B, C, F and H and the
results obtained from the operations in the programs used in the study were close to each other, it was
determined that the electronic filter circuit topologies had the same appearance. According to the study
carried out in the frequency range of 500-4000 Hz., it was observed that all values were close to each other
and the highest values were in the range of approximately 35-45 dB in the frequency range of 2000-4000
Hz. The cut-off frequencies are approximately; it was calculated as 704 Hz. in A sample, 633 Hz. in C
sample, 574 Hz. in E sample and 319 Hz. in F sample.

A, B, C, D, E, F, G and H samples were modeled in the MATLAB Simulink software environment and it
was seen that the graphics were close according to the input and output quantities. Sine wave plots of sample
A for 500, 1000, 2000 and 4000 Hz. are given in Figure 12. It can be seen that as the frequency of the sine
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input signal increases, the output sine signal is suppressed with a higher gain. That is, as the input signal
frequency increases, it is understood that the sinus output with lower gain is obtained at the output.

Af BS00mz) A2 (1008Mz)

f

Figure 12. Plots of the sine wave of sample A

The suppression gain values and bode diagrams of the samples A, B, C, D, E, F, G and H, which are
demonstrate in Table 6 and Figure 12, calculated depending on the transfer functions are given
comparatively. The bode diagrams of the four samples are given in Figure 13. The results showed a behavior
compatible with the low-pass filter structure.

Bode Diagram
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Figure 13. Bode diagrams of sample
5. CONCLUSION

In the study, the Sound Transmission Loss values, which were measured by preparing and testing with
nature-friendly, less harmful and recyclable materials that can be grown in Turkey and are dense in some
regions, were taken as the suppression gain and mathematical modeling was made in order to design the
electronic filter circuit topology. Using the test results of the samples, a design has been made to produce
new acoustic materials by removing the transfer function based on the electronic filter circuit design. As a



1037 Hatice Mehtap BULUKLU, Ercan KOSE, Filiz BAL KOCYIGIT/ GU J Sci, 37(3): 1022-1040 (2024)

result of the analysis of the test results, the active Sallen-Key The low-pass filter structure was found
suitable and mathematical modeling processes were carried out. In the 500, 1000, 2000 and 4000 Hz.
fundamental frequency range, when the transfer function simulation suppression gain results are obtained
in the TINA-TI program, the designed active filter circuit, and the MATLAB program, it has been
determined that the values are close to each other and low-pass electronic filter circuit topologies can be
designed. It is predicted that the method proposed in the study may be effective in modeling new materials
with acoustic properties.

The potential for designing new acoustic materials based on the transfer function derived from electronic
filter circuit design is an innovative approach. The study's prediction that this method may be effective in
modeling new materials with improved acoustic properties opens up avenues for further exploration and
application in various industries.

In conclusion, the integration of nature-friendly materials, electronic filter circuit design and mathematical
modeling in the study presents a holistic approach to developing sustainable and effective acoustic
solutions. The close alignment of simulation results from different programs adds credibility to the
proposed method, and the potential for creating new acoustic materials holds promise for future
advancements in the field.

Added Value:
More than one test can be done in a shorter time and at a lower cost. A cheap and effective Alpha Cabin
system design has been proposed, which many commercial organizations can easily do their testing.
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