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The study examines the principles of constructing a cochlear implantation system with a new acoustic
communication line between its external and internal components. This system is used to restore human
auditory function, which may be impaired due to illness or external factors (such as mine-blast injury). To
restore hearing, the system directly stimulates nerve fibers with electrical impulses that generate auditory
sensations. The developed system with implanted electrodes consists of three main components: a microphone,
a sound processing device, and a series of electrodes. It utilizes the place principle, where a specific sound
frequency corresponds to a particular location in the cochlea of the human inner ear. The study defines the
requirements for the individual components of the cochlear implant, including the microphone, compressor,
bandpass filters, amplifiers, volume regulator, modulator, ultrasonic communication line, and demodulator.
The chosen sound signal encoding strategy represents speech signals in digital form, modifying both pulse
width and amplitude to achieve the most energy-efficient stimulation. A critical issue dis-cussed is the
placement of electrodes in the cochlea, ensuring full coverage of the speech frequency range. The use of a
ground electrode placed in the temporal muscle reduced the nerve fiber excitation threshold by half. A
prototype of the human inner ear implant with an acoustic information transmission channel has been
developed, and its use has confirmed the possibility of generating impulses with the required duration and
current amplitude. Additionally, an important advantage of the system is the ability to implant only passive

elements, significantly enhancing its reliability and safety.
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1. INTRODUCTION

Modern technologies for restoring human hearing
function are associated with cochlear implantation. As a
result of diseases or external influences (e.g., mine- blast
injuries), the part of the hearing aid that pre-cedes the
formation, transmission, and further processing of
electrical impulses in the central nervous system loses its
functionality. At the same time, the part of the hearing
aid, starting with the afferent nerve fibers, remains
intact. Then, to restore hearing, direct action on the
nerve fibers with electrical impulses is used, which cause
hearing sensations. A cochlear implant is used to
generate such electrical impulses.

To implement the implant, a system was chosen, the
block diagram of which is shown in Fig. 1 [1].

The system with electrode implantation consists of
three main parts (Fig. 1): microphone (1); sound processing
device (units 2-9); and a series of electrodes (10).

The principle of operation of the system is as follows.
Sound vibrations are converted into electrical signals using
microphone (1), which is attached by the ear hook.
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Fig. 1 — Block diagram of a human inner ear implant

These signals are then sent to a signal processing device
worn on the body. They are sent to a microphone amplifier
(2) with an adjustable gain. Depending on the signal level
at its output, the dynamic range of the signals at the
output of the compressor (3) changes. The compressor
compresses signals into a narrow dynamic range, which is
typical for most patients. From the compressor, the signals
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are sent to amplifier (4), changing the gain, which affects
the volume level. Then the signals are separated
depending on the frequency using 4-band filters (5). After
that, the signals are sent to modulator (7).

There are two versions of the system: without en-
coding the speech signal and with encoding [2, 3].

In the first variant, the speech signal is modified by the
modulator parameters. The carrier frequency is chosen
equal to the operating frequency of the piezoelectric
elements used in the acoustic communication line, namely,
2 MHz. Depending on the initial trans-mitted signal, the
modulator changes the amplitude of high-frequency
oscillations (amplitude modulation). At the same time, an
analog signal is applied to the electrodes.

In the second variant, the speech signal is converted
into a digital form, and a sequence of pulses is applied to
the electrodes (pulse coding). Both variants differ only in
the device of the modulator unit (7).

The modulated signal is returned to the ear hook and
fed to the ultrasonic (US) communication line (8), the
detailed calculation of which was carried out in [1]. The
function of this element of the system is to transmit the
signal in the cochlea, i.e., to the implanted part of the
system. In the implant, the signal is sent to demodulator
(9) (amplitude detector), which extracts a useful speech
signal. After that, the signal is fed to the final element of
the system, a series of electrodes (10), which consists of 4
platinum spherical elements. Each electrode uses a
common ground located in the parietal area. This is the so-
called unipolar excitation, in which the threshold is half
that of bipolar excitation, when each electrode has its own
ground. As a result, we can excite the electrodes with a
lower current.

This system uses the principle of place, which means
that a certain frequency of sound corresponds to a certain
place in the cochlea of the human inner ear.

In the analog version of the system, the volume is
encoded by changing the amplitude of the output current,
i.e., increasing or decreasing the excitation. In the second,
pulsed version, the volume is encoded by changing the
charge density. Charge density is defined as the product of
pulse width and amplitude. It should be noted that the
dependence of the pitch on the frequency of electrical
excitation makes it difficult to encode intensity.

The system uses synchronous excitation of the
electrodes.

The purpose of this work is to determine the
requirements for individual units of the cochlear implant
and to create a layout to test its performance with a new
type of communication line between the external and
internal parts.

2. CALCULATION OF THE ACOUSTIC PATH OF
A COCHLEAR IMPLANT

2.1 Microphone

Let's choose a portable piezoelectric microphone [4].
Such microphones weigh 10-12 g. The principle of their
operation is that a thin duralumin diaphragm is
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mechanically connected to a biomorphic piezoelectric
element. When the diaphragm vibrates, an electric voltage
is generated on the electrodes of the piezoelectric element.
The parameters of the piezoelectric microphones are as
follows: piezoelectric element capacitance is 500 + 1500 pF;
microphone sensitivity is 50 + 100 mV/Pa; frequency range
is 100 + 5000 Hz. The selected center frequencies of the
bandpass filters are 500 Hz, 1000 Hz, 2000 Hz, 3300 Hz,
and are within the frequency range of the microphone.

The average sound pressure generated by a human
voice at 100 cm is 0.05 Pa. The dynamic range of speech is
25...35 dB. This corresponds to: Pmax/Pmin = 17.8/56.2 Pa.

Let's determine the maximum pressure value using the
average pressure value and the peak factor value for
speech. For Paw=0,05 Pa, the peak factor:
II=10dB =20 lg (PmanPaU), e Prax = 0,16 Pa.

The minimum value is equal to:

i = Puox . Boax _ (98,107 +9.10
56.2 17.8

At the output of the microphone, with a sensitivity of
50 mV/Pa, we get an electrical signal that varies in the
range: (0.14 +~ 0.45) mV +~ 8 mV.

2.2 Compressor

The sensitivity is controlled by an amplifier located at
the compressor input. The compressor converts the
incoming signal so that low-level signals are amplified
more than others. By changing the amplifier gain, the
dynamic range of the sound at the compressor output can
be changed from 10 dB to 20 dB in intensity. This range is
typical for most patients.

2.3 Bandpass filters

The center frequencies of the filter channels are
selected for satisfactory speech perception from the range
used in hearing aids: 500 Hz, 1000 Hz, 2000 Hz, 3300 Hz.
Filter passbands are selected for the following reasons. It
is known that based on studies of the auditory perception
of acoustic noise, it was concluded that if the width of the
noise band does not exceed a certain critical value, the
loudness level in this band is deter-mined only by the total
noise energy and does not depend on the nature of the
noise intensity distribution in this band: the intensity can
be distributed in part of the band, or even concentrated in
one tone. Such bands are called frequency groups. Within
frequency groups, hearing integrates the excitation
without considering the subtle spectral structure of the
stimulus. The width of a frequency group does not depend
on the noise level. However, it does depend on the average
frequency as shown in Fig. 2.

In the frequency range 500 Hz, the width of frequency
groups 1s almost independent of frequency and is
approximately 100 Hz. In the region above 500 Hz, it
increases in proportion to the frequency and is 20% of the
average frequency. The division of the sound spectrum into
frequency groups is one of the important properties of hearing [5].
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Fig. 2 — Dependence of frequency group width on average
frequency

In the course of work on hearing implants, it was found
that the width of a frequency group approximately
corresponds to the effective bandwidth of primary afferent
fibers. Based on this, the frequency bands of the filters are
respectively equal to 100 Hz; 200 Hz; 400 Hz; 660 Hz.

2.4 Amplifiers

The amplifier gains in the channels were chosen for the
following reasons. It is known that the value of the sound
intensity level does not give an idea of its loud-ness, since it
does not consider the frequency dependence of auditory
perception. Therefore, to compare sounds in terms of
loudness, another value is introduced, called the loudness
level, which is the intensity level of a reference sound with a
frequency of 1000 Hz that has the same loudness as the
sound under consideration. To determine the loudness level of
sinusoidal sounds, a family of equal loudness curves is used
(Fig. 3), where on the right: N is the sound pressure level that
has the same loudness as the pressure P (on the left) at a
frequency of f= 1000 Hz. Note that the pressure Ppmin=2 x 10~
3 Pa at the lower boundary of the region at this frequency is 2
orders of magnitude greater than the sensitivity threshold
defined for a harmonic signal. Since the average sound
pressure generated by a person when speaking at 100 cm is
0.05 Pa, Fig. 3 shows that it corresponds to an intensity level
at f=1000 Hz equal to 50 dB.

The fact that both the sensitivity threshold and the
pressure values on the equal volume curves are minimal in
the frequency range of 3 — 5 kHz is due to the resonance of
the air column in the external auditory canal tube when its
length becomes equal to a quarter of a wavelength.

The first resonance of a 27 mm long tube corresponds
to approximately 3.1 kHz. The pressure on the tympanic
membrane increases by 2-3 times compared to the
pressure at the entrance to the ear canal. Since there is no
auditory canal in the hearing prosthesis, with the same
amplification in all channels, the stimulus signal at
frequencies of about 3 kHz would be much less than
required for undistorted speech perception.
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Fig. 3 — Equal volume curves [5]

Considering that the minimum in the 3.5 kHz region
on the 50 dB curve is due to this effect, the difference value
can be used to distribute the gain across the channels:
N@ kHz) — N2 <f<3,6 kHz); the maximum value of
which is 5 dB. Considering that:

Pl
5dB=20lg| — |=201gK
P2

where P1 = P(2 kHz); P; = P(3,3 kHz), we get Kyax = 1,78.
The accurate distribution of the gain across the channels
could be obtained experimentally by equalizing the channel
output signals from the free microphone and the microphone
in the artificial ear. To be able to select the gain in each
channel individually, we choose a maximum gain value of
10dB for that channel. These amplifiers are also the
decoupling outputs of the filters from the further elements.

2.5 Volume Control

The range of gain control in amplifier (4) (Fig. 1) and,
accordingly, the volume is 10 dB, which is significantly less
than the speech range of 20 dB. The remaining 10 dB is
provided by the compressor.

2.6 Modulator and Communication Line

The developed ultrasonic (US) communication line [1]
uses waves of the megahertz range to transmit both
energy and information. The operating frequency of the
piezoelectric elements is 2.5 MHz. The carrier frequency is
equal to this frequency, i.e. fn = 2.5 MHz. This provides for
the most efficient transmission of ultrasonic vibrations.
The principle of operation of the ultrasonic communication
line is as follows: an information signal modulates the
voltage of the frequency of 2.5 MHz in each of the four
independent channels (Fig. 1). Each of these modulated
signals is fed to its own section of the four-section
piezoelectric emitter, and, having passed through the
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biotissue layer, is received by the corresponding section of
the four-section piezoelectric receiver. The signal is then
detected. The parallel-ism of the emitter and receiver is
ensured by a system of magnets.

2.7 Demodulator

In ultrasonic echoscopy, pulse modulation of ultra-sonic
vibrations is used. The demodulation process is carried out
by well-known methods in radio engineering circles
containing active elements.

When using ultrasonic vibrations in a non-contact
communication line, the presence of active elements in
the hearing prosthesis implant is undesirable, and the
size and materials of the passive elements must be
acceptable for implantation into the tissue.

To consider possible ways of demodulation, we will
use the equivalent circuit of a piezoelectric receiver in the
form of a two-pole with a series connection of the EMF
source and the active and reactive components of the
impedance (Fig. 4, a) [6].

E R, X
o—(—{_+H_ }—o

E R,
o—

o

b

Fig. 4 — Equivalent circuit of a piezoelectric receiver in the form
of a two-pole with a series connection of the EMF source, active
and reactive components of the impedance (a), and an equivalent
circuit at antiresonant frequency (b)

At the frequency of mechanical resonance
(antiresonance), it will take the form as shown in Fig. 4,
b. Due to the presence of the capacitance Co (static
capacitance of the piezoelectric element), which does not
pass the DC or slow current component in the presence
of a detector connected in series with the load, it is
necessary to choose a circuit with a parallel diode
connection (Fig. 5, a), or connect an active resistance in
parallel with the piezoelectric element and use a serial
diode connection (Fig. 5, b).

The condition for choosing a detector is:

Ry <R, 1)

There are two possible cases of the relation between
Rao and Co:

1. Rao >> 1/(a0Co);

2. Ruo ~ 1/(0)000)
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Fig. 5 — Diode connection diagram: a — parallel, b — serial

In the first case, in the voltage half-period when the
diode passes current, the current through the load
resistance is small, and in the reverse half-period the
current is large and equal:

Iy = €/(Rg + Ry) 2

The current versus time dependence is as follows (Fig. 6):

0 l

24‘{ (0]

Fig. 6 — Current vs. time dependence

Let's pay attention to the facts that:
1) To obtain the maximum amplitude of the
excitation current, it is necessary that:

Ry <R, 3)

however, the value Rao is a function of the piezoelectric
element parameters and acoustic load, and for a
damped piezoelectric element is equal to:

4k?

w0 = T T S
70,C, (ky + )
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where k: is the electromechanical coupling coefficient;
k1, k2 are the relative impedances (relative to the wave
impedance of the piezoceramic) of the damper and the
medium (bio tissue). In the presence of a matching
quarter-wave layer on the receiving surface with a
relative impedance k3:

2
R, -—— )
70,Co (B +F” 1 by )

2) In the absence of modulation, a constant current
component will flow through the load, equal to:

IO = Im/T[ (6)

If the HF EMF ¢ and the HF current are modulated
with a modulation coefficient:

I -I1. I,
_ Zmax min _ “m Sl, 7
Imax +Imin Iav ( )
than:
Impr = migy ®)

The 1inability to eliminate the DC (average)
component of the current raises the questions:

1)  Whether a pulsating LF current envelope will
affect nerve endings in the same way as an alternating
LF current with the same amplitude;

2) What effect the constant component has on
nerve endings.

A negative answer to the first question and a negative
impact on the second can be an insurmountable obstacle
to analog information transmission.

In the case of Rao = 1/(a0Co), the capacitance Co can
have a filtering effect on the HF component of the
detected current if the following conditions are met:

1/(wCo) K R, 9

Choosing a diode let's take for the load resistance
the value RL =1 kQ.

Let's select a diode whose parameters meet the
requirements of the model experiment, and which can
be used for implantation.

It should be noted that amplitude detectors operate in
receivers at low output signal voltages 30...300 mV. At
the same time, the transmission coefficient of the diode
detector is small: at 50 mV is 0.2; at 300 mV is 0.9.

The load resistance is chosen as low as 2-10 kQ.

With the selected Rr =1 kQ and voltage ¢ <1V, the
operation mode of the piezoelectric element is close to
these conditions. According to the reference data [7], we
see that the selected SG211 diode passes a current of
2mA at Ug=0.5V, ie., R;=250Q<<1kQ, which
meets the requirement (1).

2.8 Pulse Modulation of Ultrasonic Vibrations and
their Demodulation

JJ. NANO- ELECTRON. PHYS. 17, 04003 (2025)

The strategy of audio coding is to represent the
speech signal in digital form.

In the case of switching to pulse coding of ultrasonic
oscillations, the first issue is demodulation, since the
detection scheme described below does not allow single-phase
pulses to be obtained to stimulate the auditory nerves.

We note only the fundamental possibility of using such
pulses. To do this, each of the ultrasonic channels of the
communication line consists of two pairs of piezoelectric
elements that are excited by RF pulses in such a way that
the second piezoelectric element is excited after the first
(i.e., pairs of elements work in turn).

The detectors in the receiving piezoplates are
switched on in opposite directions, and the excitatory
pulses are delivered to the auditory nerve through
separate channels to two closely spaced electrodes.

Note that, unlike amplitude modulation, when the
modulation coefficient m << 1, for pulse modulation m =1,
which gives a gain in the amplitude of the excitation
current. The most important stimulation parameters:

1)  Sequential biphasic pulsatile stimulation (Fig. 7),

2)  Stimulation by a current source,

3) Bipolar stimulation between any pair of
electrodes or to a common ground, when stimulation
between any active electrode and ground,

4)  Output current between 15 pA and 1.5 mA,

5) 239 gradations of current amplitudes,

6)  Change of pulse width in the range of 20-408 ps,

7)  Total pulse frequency is more than 1600 pulses
per second.

(+) 4Current pulse width

stimulation
amplitude

-
Fig. 7 — Biphasic stimulating pulse

The localization principle of frequency coding (the
place principle) remains valid for pulse stimulation, and
the volume is controlled by changing the charge density.
Charge density is related to the product of pulse width
and amplitude. In this coding strategy, both pulse width
and amplitude are varied to produce the most effective
energy stimulus.

2.9 Electrodes

Excitation electrodes should be as close to the nerve
structures as possible to be able to stimulate them with
minimal currents and maintain a minimum range of
suprathreshold stimulation. The most suitable place for
implantation of electrodes is the curl.

In humans, the cochlea is about 32 mm long, and the
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speech region (250 Hz to 3.5 kHz) is located at 12 mm to
29 mm from the round window.

Fig. 8 shows the scheme of the curl: 1 - partition, 2 -
forecourt staircase, 3 - stirrup, 4 - drum staircase, 5 -
round window membrane, 6 - helicotremes, and the
location of implanted elements.

1 2 4 [3
3
7
5
' i i i O 4
0 5 10 15 20 25 30 |32 mm
16 20 4.0 2.0 1.0 05 0.25 0.10 kHz

Fig. 8 — Principle of electrode arrangement

In the system under development, 4 electrodes are
used, which are platinum spheres with 4 mm between
them. The low-frequency electrode is located, as can be
seen from Fig. 8, at 20 — 24 mm from the round window,
and the high-frequency electrode 1is located at
8 — 12 mm. The electrodes completely cover the human
speech frequency range.

Each electrode uses a ground electrode located in the
temporalis muscle. As mentioned above, using this type
of excitation it is possible to halve the threshold.

In work [8], monopolar excitation is used with a single
electrode, and a large opposite electrode is placed in the
tissue. In this case, only the local current density on the
excitatory membrane of the myelinated axon is a
measure of the first action potential during electrical
stimulation. The spatial distribution of excitation is
mainly determined by the stimulus current, distance
from the electrode, and electrode shape. A simple model
is usually used to calculate the characteristics of current
density as a function of distance. A spherical electric
electrode of radius rx is located in the electrolyte; the
opposite electrode is an infinitely distant metal sphere.

The interference from the lead wire is neglected, and
the frequency of the stimulus is considered to be so low
that a quasi-stationary state can be assumed:

@ = | Edr,

E=ilp (10)
where @ is the potential, E is the field voltage, i is the
current density, and p 1is the specific electrical
conductivity of the electrolyte.

With monopolar stimulation, when a large area of
fibers is stimulated synchronously, it makes no sense to
stimulate different areas of the curl at successive times,
so we used simultaneous stimulation of all relevant
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areas of the curl.

The system wuses the localization principle of
frequency coding, and the intensity is coded by
increasing irritation.

It should be noted that during implantation the
active surfaces of the electrodes should lie as close as
possible to the nerve fibers, probably closer to the
transition of the basal plate into the spiral bone plate.
In most of the experiments described the electrodes
were inserted through a round window.

It is extremely important to point out that when
inserting the electrodes, bleeding and especially tearing
of the baseplate should be avoided. However, the
chances of successful implantation are only when the
first attempt to insert the electrodes is successful.

3. EXPERIMENTAL STUDY OF ULTRASONIC
COMMUNICATION LINE AND AMPLITUDE
DETECTOR OPERATION

The developed model of the human inner ear implant
with an acoustic information transmission channel is
shown in Fig. 9.

The purpose of the experiment is to confirm the
possibility of obtaining pulses with duration of 20 ps
and current amplitude of 1.5 mA on the load equivalent
(at Un<9V)

Fig. 9 — Appearance of the outer and inner parts of the created
model of a cochlear implant with an acoustic information
transmission channel

First, the possibility of detecting low voltage was
investigated and the value of the resistance was chosen.
The measurement scheme is shown in Fig. 10.

510 pF 5G211
[l ~J
Generator 4 [l |/]
Uin Rin 3300 pF —— 1 kOhm| Usut

Fig. 10 — Measurement scheme of the ultrasonic communication
line and amplitude detector

The voltage Uin was kept constant at the value of 0.6 V.
The dependence of Usut(Rin) is shown in Table 1:

K — Uout IL — Uout
U. 10°0hm

in
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Table 1 — Experimental data when connecting the generator

Uin, V 0.6 0.6 0.6
Rin, O 100 1000 10 000
Uowt, V 0.52 0.48 0.1

K 0.87 0.8 0.17
I, pA 520 480 100

Thus, the optimal value of Ri» is 100 Q with a detector
transmission coefficient of 0.87.

A real single channel of the ultrasonic line is
connected instead of the generator. Its parameters are as
follows: piezoceramic material is PZT-8; piezoelectric
element area is 151,71%10-6 m2; load is epoxy resin on
the back side; Teflon layer is on the working side. The
measurement scheme is shown on Fig. 11. The results
are summarized in Table 2, and the dependence of the
load current on the input voltage is shown in Fig. 12.

L

—» GN

-

|
|
|
|
— |
i
|
|

S M — 0sc

==

Fig. 11 — Measurement scheme of an ultrasonic communication
line and amplitude detector

Table 2 — Experimental data when connecting an ultrasonic line

Uin, V 1.7 1.7 1.7 1.7 1.7 1.7
Rin, Q 6800 | 100 330 1000 | 1000 | 1000
Uout, V 60 150 250 200 375 600
K 0.035 | 0.088 | 0.147 | 0.120 | 0.134 | 0.15
I, pA 60 150 250 200 375 600
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TeopeTnvHe Ta eKCIePUMEHTAJIbHE JOCIII;KeHHs IMIUIAHTAaTy BHYTPIIIHBOrO ByXa JIIOJUHU 3
YJIBTPa3BYKOBOIO JIiHi€I0 3B’ A3KY

M.C. Haiina, C.A. Haiina, I1.B. ITormoBuu

Haujionanvruii mexniunuli ynisepcumem Yrpainu “Kuiscorxuti nonimexnuiunuli incmumym imeni I2opsa Cikopcovroeo,
03056 Kuis, Yxpaina

Y po6oTi PO3TVISTHYTI TPUHITUNIHA TTOOYIOBU CUCTEMH KOXJIEAPHOI IMIIJIAHTAII] 3 HOBOIO AKYCTHYHOK JIIHIEO
3B’s13Ky Mix 11 30BHIIIHBOIO 1 BHYTPIIIHBOK YACTUHAMH. TakKa CHUCTeMa 3aCTOCOBYETHCS JJISI BiHOBJIEHHS
CITyXOBO1 (PYyHKITIT JTIOIMHH, SKA TOPYITeHA BHACTIIOK 3aXBOPIOBAHHSA 200 30BHITITHHOTO BILIUBY (MIiHHO-BHOYX0BOL
TpaBmu). JJ1s BIJHOBIIEHHS CIIyXy crcTeMa 0e3mocepeIHbo JTie Ha HePBOB1 BOJIOKHA €JIEKTPUIHUMH 1IMITYJIHCAMH,
Kl 1 BUKJIUKAIOTH CJIyXOBl BimuyTTs. Po3pobiieHa crcreMa 3 IMILJIAHTAITIEID €JIeKTPOMIB CKJIAIAETHCA 3 TPHhOX
OCHOBHMX YACTHH: MIKPO(OHY; IIPHCTPOI0 00POOKH 3BYKY; Ta PSIy €JIEKTPOJIIB, 1 BHKOPUCTOBY€E IIPUHIIMII MICIIS,
SIKMU TIOJIATae B TOMY, IO IIeBHIM 4acTOTI 3BYKY BIJIIOBi/Ia€ IIeBHE MICIle B 3aBUTI[I BHYTPIIITHBOTO ByXa JIIOIUHMA.
BusznauyeHo BuMoru /10 okpemMux 0JIOKIB KOXJIEAPHOIO IMILIAHTATY: MIKPO(OHY, KOMIIpecopa, CMyroBUX (iJIbTpIB,
MICHJIIOBAYIB, PEryJIAToOpa T'YYHOCTI, MOIYJIATOPa, YJIbBTPA3BYKOBOI JIHII 3B’SI3KYy, JIeMOmyJaTopa. BubpaHa
cTpaTerisi KOJyBaHHsS 3BYKOBUX CHUTHAJIB B CHUCTEMI, sIKA IIOJISITA€ Y IIPEJICTABJIEHHI MOBHOIO CHTHAIY Y
mudposii dopmi. Borma mepembadae 3MiHy SK IIMPUHU IMITYyJILCY, TAK 1 MO0 AMILITYON, IJI OTPUMAHHS
HaWe(EeKTUBHIIION0 eHepreTnyHo cTUMyJry. OGroBOpeHo BaK/IMBe IMUTAHHS PO3MIIIEHHS €JIEKTPOIIB y 3aBUTIL
BHYTPINIHBOTO ByXa JIIOAWHU, SK1 B po3po0JeHill cucTeMi IIOBHICTIO 3a0e3ledyioTh MOBHUM [Iialla3oH 4acToT.
BuropucraHHs 3eMesIbHOTO €JIEKTPOY, PO3TAIIOBAHOIO B CKPOHEBOMY M'sI3l, JO3BOJIMJIO BJBIYl 3HH3UTH IIOPIT
30yIKeHHsA HepBOBUX BOJIOKOH. CTBOpEHO MaKeT IMILIAHTATY BHYTPIIIHBOIO ByXa JIIOJAWHU 3 AKYCTHYHUM
KaHaJIoM Iepenadi iHgopmarii, 1 3 l0r0 BUKOPUCTAHHSAM IIATBEPIKeHA MOMKJIMBICTD OTPUMAHHS IMITYyJIBCIB 3
HEeOOX1THOI TPUBAJIICTIO TA AMILUIITYIOI0 CTPYMY. 3a3HAYEHO, II0 BAKJIUBOIO JOATKOBOIO IE€PEeBArol0 CUCTEMH €
MOKJIMBICTH IMILIAHTAITI] JIMIIIe TTACHBHUX €JIEMEHTIB, 10 3HAYHO MiABUIILYe 11 HaIHHICT Ta 0e3IMeTHICTD.

Kmiouosi cioBa: Axycruka, Enexrponika, Immnanrar, Enrexrpoakycrnunuii mmepersopoBad, BHyTpimHe Byxo
JIIOTHH.
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