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ABSTRACT

The parameters of the network model are determined on the basis of
data contained in the database on frequency assignments of a radio
frequency service organization or radio frequency application materials
for obtaining an EMC examination conclusion submitted to a radio
frequency service organization to obtain permission to use frequency
blocks / radio frequency channels for the declared radio broadcasting
stations. The problem of sharing the spectrum in the VHF band by
terrestrial digital television broadcasting services (DVB-T standard, etc.),
analogue television broadcasting, analogue FM audio broadcasting,
digital audio broadcasting DAB/DAB+, DRM+ and RAVIS and the
conditions for them coexistence are considered. The most common
cases of the developed methodology application can be the following
options for calculatihng EMC and conditions for using electronic
distribution systems for television and radio broadcasting: Calculation of
reference service area of the protected service; Calculation of EMC
between existing and planned for use service and declared service;
Calculation of service area of the proposed distribution zone.

KEYWORDS: calculation methodology, coexistence, digital broadcasting,
DAB, DRM+, FM broadcasting, television broadcasting, EMC.
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1 Introduction

Despite the widespread introduction of terrestrial digital television broadcasting
(DVB-T standard and others) around the world [1-3], analogue television broadcasting
[4,5] continues in a number of countries. In some cases, it is carried out in the VHF range.
In the same range, analogue FM audio broadcasting [6-8] continues to be carried out, and
various types of digital audio broadcasting [9-11], such as DAB/DAB+, DRM+ [12-14] and
RAVIS, are being introduced. For this reason, it is necessary to consider the conditions for
sharing the spectrum to ensure the coexistence of these types of broadcasting [15-17], which
is especially important for the border areas of countries with different rates of digitalization.

Article [18] examines various scenarios for how all of these broadcast services can
work together and defines the criteria for ensuring electromagnetic compatibility (EMC).
Compatibility criteria and calculation algorithm are considered.

The most common cases of the developed methodology application can be the
following options for calculating EMC and conditions for using electronic distribution
systems for television and radio broadcasting:

1. Calculation of reference service area of the protected service.

2. Calculation of EMC between existing and planned for use service and declared
service.

3. Calculation of service area of the proposed distribution zone.

2 Algorithm for calculating the reference service area of an existing
or planned distribution network

The algorithm for calculating reference service area of an existing or planned
distribution network contains the following steps:

1. Selecting an existing or planned radio electronics system from the database —
Interference receptor.

2. Formation of an array of existing or planned for use services — sources of
interference (n = 1...N). The selection is carried out from the database using
frequency-territorial criteria.

3. Formation of control points (j = 1...J). Control points correspond to the locations
where radio distribution zones receive television and radio broadcasts and are located
within the coverage area of the current or planned distribution zone.

Calculations are carried out within the coverage area (ideal zone) of the protected
service, determined in accordance with the minimum used field strength of the service for
television and radio broadcasting.

4. Calculation of the useful field strength (Eus) of current or planned radio electronics
— interference receptor at the j-th control point (1).

Eus = E (50, 50) + AP, dB(uV/m) (1)

where E (50, 50) - field strength determined for a reference transmitter with Equivalent
Isotropically Radiated Power EIRP =30 dBW, 50% of locations and 50% of reception
time, for a representative height, dB(uV/m); AP — correction factor for the effective
radiated power relative to the reference transmitter with EIRP =30 dBW.

The effective radiated power is defined as:

P =10 Ig(PTx_Tv) + GTx_Tv, dB(kW) 2)

where PTx_Tv — transmitter power, kW; GTx_Tv — gain of the transmitting antenna
(corrected in accordance with the azimuthal direction to a given design point), dBd.

To more accurately predict the level of field strength, it is desirable to have
information about the ground cover (obstacles, building density, terrain) along the route. It
is convenient to store obstacle categories in an additional data array for consistency with
profile height data.
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5. Calculation of the interfering field strength of the n-th operating or planned for use
source of interference at the j-th control point (3-5).

Efr= E (50, t) + AP + PRT + AA, dB(pV/m) (3)
Efic = E (50, 50) + AP + PRC + AA, dB(uV/m) (4)

where E(50, t) — field strength determined for a reference transmitter with EIRP=30 dBW,
50% of locations and t% of reception time, dB(uV/m); AP — correction factor for the
effective radiated power relative to the reference transmitter with EIRP=30 dBW, dB; PRT
— protection ratio for tropospheric interference, dB; PRC — protection ratio for constant
interference, dB; AA — correction taking into account the spatial and polarization noise
immunity of the receiving antenna (applies only to fixed reception), dB.

Er=E (50, 1) + AP + PR + AA + OLC, dB(uV/m) )

where E (50, 1) — field strength determined for a reference transmitter with EIRP=30
dBW, 50% of locations and 1% of reception time, dB(uV/m); AP — correction factor for the
effective radiated power relative to the reference transmitter with EIRP=30 dBW, dB; PR
— protection ratio, dB; AA — correction taking into account the spatial and polarization
noise immunity of the receiving antenna (applies only to fixed reception), dB;
OLC - combined location correction factor (used when protecting digital TV and radio
broadcasting receivers), dB.

6. Repeating the actions of paragraph 5 for all sources of interference selected in
paragraph 2 that are active or planned for use.

7. Calculation of the reference value of the used field strength (Ess) at the j-th control
point (6).

E E.
E, =10lg| 3" 10— 4 10 Zmin |, 6
I g(Zm 10 10 j ( )

where Ers — reference value of the field strength used, dB(uV/m), dB(uV/m); Efin —
interfering field strength from the n-th service, dB(uV/m); Emin — minimum used field
strength of the protected electronic zone, dB(uV/m); N — number of interference sources
in the existing or planned network.

8. Checking the condition: Eus = Efs.

If the condition is met, then a useful signal with a given quality is received at the
control point, thereby forming a reference service area.

If the condition is not met, there is no reception of the useful signal, and reference
service area is reduced.

9. The next control point is set within the service area of the existing or planned
distribution network and steps 4-8 are carried out sequentially.

As a result, an array of control points is determined, located within the service area of
the existing or planned for use service, corresponding to the boundaries of the reference
service area.

10. Calculating results of the used field strength reference value at the control points
of the reference service area are saved and are subsequently used when calculating
EMC between existing and planned for use service and declared service.

Block diagram of the described algorithm for calculating the reference service area of
the distribution network for television and radio broadcasting is shown in Figure 1.
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Selection of the proposed electromagnetic compatibility (EMC)
from the database - interference receptor
2

Selection of existing or planned for use EMC from databases - sources of interference
n=1..N, in accordance with frequency-territorial criteria

v
Coverage area calculation of the proposed EMC - interference receptor
Y
Formation of control points j=1..J within the coverage area

\

ol o

™ Forj:=1to] /
v

Calculation of the useful field strength level Eus for the EMC interference receptor 1

Y
=< For|:=‘l toL >

Calculation field strength interferer signal Efim
of the EMC interference source

Calculation of the field strength used level Euse_fs "
Yes No
y

At the control point There is no reception
there is a reception of a useful signal

of a useful signal at the control point
with a given quality (the control point

(the control point is not included in

is included in the the service area)

service area)

i |
?

An array of control points located within the service area ¢
of the proposed EMC interference receptor is determined

v
/ Display and write to file /

End

Fig. 1. Block diagram of the algorithm for calculating regional distribution network reference service
area for television and radio broadcasting
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3 Algorithm for calculating EMC between existing and planned
for use service and declared service

The algorithm for calculating EMC between existing and planned for use service and
declared service contains following stages:

1. Selecting the proposed service or a group of services forming SFN from the
database and entering main initial data.

2. Formation of an ar y of existing or planned for use service interference receptors
(=1...1). Selection is carried out from the database using frequency-territorial criteria.

3. Formation of control points (j=1...J). Control points correspond to the places where
radio distribution stations receive television and radio broadcasting and are located within
the reference service area of the i-th operating or planned distribution zone and are
determined in accordance with the algorithm for calculating the reference service area.

4. Calculation of the useful field strength at the j-th control point of the calculated
reference service area of the j-th operating or planned for use service (1).

5. Calculation of the interfering field strength of the proposed service at the j-th
control point of calculated reference service area of the i-th operating or planned service
(3-5).

6. For the case of a group of claimed service forming an SFN, the value of the total
interfering field from the specified service at the j-th control point is calculated (6).

Egn

M
Eﬁsum :101g Zlo 10 ’ (6)

m=1

where Eri sum— the total strength of the interfering field from the services, forming SFN;
Erimis the strength of the interfering field from the m-th service included in the SFN;
M is the number of services forming the SFN.

7. Determination of the reference value of the used field strength at the j-th control
point in accordance with the algorithm for calculating the reference service area of the
existing or planned distribution network.

8. Calculati  of the reference field strength used at the j-th control point (7).

E,
Jii
Eg

1
~101g) 10" +107 |, )

i=1

E

use_ fs

where Euse rs— used field strength, dB(uV/m); Esi— interfering field strength from the i-th
proposed service, dB(uV/m); Ers — reference value of the used field strength, dB(uV/m);
| — the number of declared services that form the SFN.

9. Calculation of the indicator “exceeding the used field strength” (8). Comparison
with the permissible value of the indicator AE. The declared service (or a group of
services that form the SFN) is compatible with the existing television and radio
broadcasting network if the permissible value of the AE indicator is not exceeded at all
control points on the border of the reference service areas of each protected service of
the existing network.

AE = Euse s — Ers, dB, (8)
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where AE — excess of the used field strength, dB; Euse s — used field strength at the
reference point of the reference coverage area of the protected service of the existing
network, taking into account the declared service, dB(uV/m); Ess — reference value of the
field strength used, dB(puV/m).

10. Checking the condition that the value of the used field strength does not exceed
the value of the field strength of the useful station (9). The declared service (or a group of
services forming the SFN) is compatible with the existing television and radio
broadcasting network if this condition is met at all control points within the reference
service areas of each protected service of the existing network.

If the EMC criteria are met (positive check of the conditions in paragraphs 9 and 10),
the actions of paragraphs 4-10 are repeated at the next control point of the reference
service area of the i-th operating or planned for use service.

Eus = Euseffs (9)

where Eus useful field strength for terrestrial television and radio broadcasting, dB(uV/m);
Euse_ts — used field strength at the reference point of the reference coverage area of the
protected service of the existing network, taking into account the declared service,
dB(uV/m).

11. Repeat steps 3—10 for the remaining selected service — interference receptors.

12. The declared service (or a group of servicesforming the SFN) is compatible with
the existing television and radio broadcasting network if the permissible value of the
indicator AE is not exceeded at all control points on the border of the reference service
areas, and the condition is met that the value of the used field strength does not exceed
the value of the useful field strength stations at all control points within the reference
service areas of each protected service of the existing network.

13. The calculation results are displayed on the screen and written to a special file.

If EMC conditions are not met, necessary measures are taken to limit the level of
interference. Reducing the transmitter power, reducing the gain and introducing sectors in
the antenna system, as well as changing the rating of the television or radio channel are
considered as restrictive measures.

The block diagram of the described algorithm for calculating the EMC between the
existing and planned for use service and the declared service is shown in Figure 2.

4 Algorithm for calculating service area of the proposed regional distribution
network for television and radio broadcasting

The algorithm for calculating the service area of the proposed television and radio
broadcasting distribution network contains the following steps:

1. Selecting the proposed service from the database and entering the main initial
data.

2. Formation of an array of existing or planned for use service — sources of
interference (/=1...L). The selection is carried out from the database using
frequency-territorial criteria.

3. Formation of control points (j=1...J). The control points correspond to the places
where radio electronic zones receive television and radio broadcasts and are located within
the coverage area of the proposed radio electronic zone.

Calculations are carried out within the coverage area (ideal zone) of the proposed
service, determined in accordance with the minimum used field strength of the service for
television and radio broadcasting.

4. Calculation of the useful field strength (Eusof the proposed service at the j-th control
point (1).

5. Calculation of the interfering field strength (E#) from the /-th operating or planned for
use service at the j-th control point (3-5).

6. Repeating the actions of p.5 for all sources of interference selected in p.2 that are
active or planned for use.

Synchroinfo Journal 2024, vol. 10, no. 2



Selection of the proposed electromagnetic compatibility (EMC)
from the database - interference receptor
¥

Selection of existing or planned for use EMC from databases - sources of interference
i =1..I, in accordance with frequency-territorial criteria

/ * \
=\ For 1. ;ltoI /

Coverage area calculation of the proposed EMC - interference receptor
-

Calculation of the reference service area of the EMC interference receptor
in accordance with the algorithm for calculating the reference service area

L 2
Formation of control points j=1..J within the coverage area
/ ¥ \
» Forjp=1toJ

\ , /

L 2
Calculation of the useful field strength level Eus for the EMC interference receptor

v

Calculation field strength interferer signal Efim
or groups of declared EMC Efi m sum

v
Reference value determination of the used field strength in accordance
with the algorithm for calculating reference service area Eref
v
Reference field strength calculation Eup_ts used

v

Calculation of the indicator "exceeding the usable field strength"

(Eup_fs —Efs)

v

/

AE 2 Euse_fs — Efs

Yes No

Eus 2 Eup_fs

4

h

|| EMC conditions EMC conditions
are fulfilled not fulfilled
v

!

Display and write to file /

End

Fig. 2. Block diagram of the calculating EMC algorithm between existing and planned for use
service and declared service
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Selection of the proposed electromagnetic compatibility (EMC)
from the database - interference receptor
12
Selection of existing or planned for use EMC from databases - sources of interference
I=1..L, in accordance with frequency-territorial criteria

v
Coverage area calculation of the proposed EMC - interference receptor
Y
Formation of control points j=1..J within the coverage area

\

ol o

™ Forj:=1to] /
v

Calculation of the useful field strength level Eus for the EMC interference receptor 1

Y
=< For|:=‘l toL >

Calculation field strength interferer signal Efim
of the EMC interference source

Level of used field strength calculation Euse_fs )
Yes No
y
At the control point There is no reception
there is a reception of a useful signal
of a useful signal at the control point
with a given quality (the control point
(the control point is not included in
is included in the the service area)
service area)

i |
?

An array of control points located within the service area “
of the proposed EMC interference receptor is determined

v
/ Display and write to file /

End

Fig. 3. Block diagram of the algorithm for calculating proposed service area
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7. Calculation of the used field strength (Ewp) at the j-th control point (10).

E fil E

min

E =10lg| > 10" +10 1 |, (10)

up

were Eup— used field strength for the declared service, dB(uV/m); Es — interfering field
strength from the I-th service, dB(uV/m); Emin — minimum used field strength of the
proposed service, dB(uV/m); L — number of services (interference sources) in the existing
or planned network.

8. Checking the condition: Eus = Eup.

If the condition is met, then at the control point the useful signal is received with a given
quality, thereby forming a service area (area of reliable reception) of the proposed service.

If the condition is not met, there is no reception of the useful signal and the service
area of the proposed service is reduced.

9. The next control point is set within the coverage area of the proposed service and
steps 4-8 are carried out sequentially.

10. The calculation results are displayed on the screen and written to a special file, and
the resulting service area is displayed on the screen.

For a group of declared service that form a SFN, the service area is determined
sequentially for each services.

The block diagram of the described algorithm for calculating the service area of the
proposed television and radio broadcasting distribution network is shown in Figure 3.

5 Conclusion

This article develop algorithms for calculating the reference service area of an existing
or planned distribution network; to calculate EMC between existing and planned services
and declared services; and to calculate the service area of the proposed television and
radio broadcasting services. When protecting analogue and digital terrestrial television
signals from simultaneous interference from several DAB+ blocks, it is advisable to carry
out electromagnetic compatibility calculations and determine the conditions for using radio
electronics separately for each DAB+ frequency block.

To determine the total interference impact from several DAB+ frequency blocks, the
power addition method is used. A comparative analysis of the characteristics of digital radio
broadcasting standards DAB and DAB+ (operating radio frequency bands, spectral masks,
modulation methods, etc.) indicates their identity, with the exception of the applied audio
signal coding method.

The procedures for processing the main digital streams, the structure of the
transmission frame, the type of modulation, and the signal spectrum have not changed in
the new version of the DAB+ digital broadcasting standard. Therefore, the values of the
protective ratios considered as objects of influence from the DAB+ standard will also not
change.

10
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ABSTRACT

The article discusses methods of highly efficient linear RF power ampli-
fier and transmitter design for future 5G/6G networks. Based on a con-
sideration of various known methods for constructing high-efficiency
power amplifiers, the prospects of developments using the envelope
elimination and restoration (EER, or Kahn method) and envelope track-
ing (ET) method are substantiated. The prospects for implementing
PWM switching converter-modulator for these methods are assessed.
Based on the evaluation calculations performed, it is shown that this
structure can potentially be used as an EEP/ET modulator for a number
of 5G/6G applications and will have advantages over structures using
class AB amplification.

KEYWORDS: Envelope elimination and restoration, Envelope tracking,
High efficiency RF power amplifier, PWM Modulator.
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1 Introduction

Linear RF power amplifier (PA) and transmitter design is a large and extremely ac-
tive research area for a wide range of applications in mobile and fixed radio technology,
especially for future 5G/6G networks [1]. A number of linear transmitter techniques are
available for commercial exploitation, with others at varying degrees of development
[2, 3]. Therefore, it is possible to implement with current technology, many of degrees of
freedom required in a flexible transmitter (for example, in terms of channel bandwidth,
frequency coverage and required distortion performance). It is not possible yet to cover all
of these requirements in a single, high-efficiency design.

The most popular techniques of PA’s efficiency improvement are:

* Digital PA [4];

* Doherty system;

* Chireix — outphasing system [5];

* Polar modulation (Kahn — EER (envelope elimination and restoration) system) [6];

» Dynamic power supply voltage (envelope tracking — ET) [7-9];

» Dynamic current control (dynamic bias control);

* Hybrid methods [10-16].

Part 2 of this work describes the general characteristics of the methods presented
above. It is shown that methods such as EER and ET with a switching mode PWM mod-
ulator can become most widespread for future applications. Part 3 provides a preliminary
evaluation of the effectiveness of their use for the design of 5G/6G PA. Conclusions on
the work are made in part 4.

2 Power Amplifier’s Efficiency Improvement Methods

Digital PA consists of many elementary switching RF PAs that operate in classes D,
E or F [4]. Its advantage (theoretically 100% DC to RF power conversion efficiency at all
signal levels) can be realized in high power levels only (hundreds of W or kW approxi-
mately). Linearity of this technique decreases with back-off. A digital PA used in high
power broadcast AM/DRM (Digital Radio Mondiale) transmitters with peak-to-average ra-
tio of output power from 6 to 10 dB, and back-off below 6-9 dB.

Doherty system and Chireix — outphasing system (classical) offer improved average
efficiency, but only over a limited range of back-off [19, 20] (Fig.1). These techniques
were also common in high-power AM broadcast transmitters. They are being actively
researched at present, but are not very suitable for wideband applications - both in terms
of operating frequency and the width of modulating frequencies.

Chireix — outphasing system can used with Power Re-Use (recuperation) Technique
(in microwave PAs) for improved efficiency at low output power levels (at 10 dB of
back-off additionally) [21]. The lack of more widespread use can be attributed to its
greater complexity and the need to employ different transmitter architecture. This tech-
nique can be analized in the future work.

The use of high-efficiency switching amplifiers again results in the potential of
achieving 100% DC to RF power conversion efficiency and this is a major attraction of the
technique. There are, however, a number of problems. First, the requirement for a can-
cellation process at the output of the transmitter results in stringent control requirements
for the gain and phase matching of the two RF paths. This is one of the problems, which
feedback mechanism employed in the CALLUM technique attempts to solve [22].

Secondly, the cancellation process itself, occurring as it does at the output of the
amplifier, results in a potential loss of efficiency of up to 50%. This occurs if a hybrid
power combiner is used in the summation process, as the cancelled power is then wasted
in the 50 Ohm load connected to the difference port. The amount of power wasted will
depend upon the modulation scheme in question, but this is still a significant problem with
the technique.
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Studying of the PAs with 80% efficiency shows that the resulting efficiency at the low
power signal levels is similar to the same in class A. Let us have two channel amplifiers
with the output power levels 0,25W (0,5W) and 80% efficiency for each of them. So, the
power consumption will be 0,625W. Overall efficiency in this case will be 0,16% for 1mW
output. The recuperation technique with 50% efficiency will increase the overall efficiency
twice of previous example (0,32%).

1

AVERAGE EFFICIENC

B dB

Fig. 1. Average efficiency of ideal PAs in back-off [23].

Kahn — EER system transmitter [6] operates with high efficiency over a wide dynamic
range and, therefore, produces a high average efficiency for a wide range of signals and
power back-off levels [23]. In either guise it has the potential, theoretically at least, to
achieve 100% DC to RF power conversion efficiency at all envelope levels of the modu-
lation signal.

The potential for high levels of efficiency stems from the fact that the RF power am-
plifier is freed from the requirement to amplify envelope varying signals and thus can be
implemented by one of the switching RF power amplifier classes (e.g. class-D, E or F).
Similarly the 'audio frequencies' (AF) envelope amplifier, which is effectively supplying the
‘DC’ power to the RF amplifier (and thereby applying high-level amplitude modulation),
can be implemented by a switching audio amplifier technique (e.g. pulse-width modula-
tion (PWM), class-S). As both of these types of amplifier are theoretically 100% efficient,
and as there are (ideally) no other loss mechanisms (e.g. couplers or delay-lines) in the
high-power RF path, the overall amplifier could be 100% efficient. Clearly a practical re-
alisation will fall short of this goal, but a 20% implementation margin (in efficiency terms)
would still result in an 80% efficient linear amplifier — a highly-desirable result.

Practical EER transmitters have been built for a number of applications, however
there are a lot of practical problems which limit, in particular, the linearity available from
the system. The use of high-level modulation of the power supply is not a particularly
linear method of modulating an RF carrier, especially at low envelope levels (and power
back-off), where the RF power transistor will cut-off introducing significant distortion.
Furthermore, the switching frequency of the AF PWM amplifier must be at least 5...10
times exceeding of the RF signal bandwidth. With 5 MHz signal bandwidth the switching
frequency of AF amplifier must be greater than 50 MHz. This is the very difficult task to
solve it with high efficiency.

However, this technique has got a high potential for 5G/6G systems and will be
studied in the future. Estimation of an opportunity of realization switching DC-DC con-
verter on high frequencies will present at ch. 3.
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Dynamic power supply voltage (envelope tracking) system has theoretical efficiency
less than the EER systems but provides a good linearity at all power levels because of RF
PA capability to operate in AB class. In this case, an AF amplifier is less difficult to realize
than EER because its amplitude variation is smaller. There are still problems with signal
filtering due to the harmonics of the AF amplifier. An example of efficiency improvement
for this technique is presented in Figure 2 [24].

It can be proposed slow supply voltage control in tie with output power level. This
approach results in efficiency decreasing (it still higher than the same in A or AB classes)
but also gives significant simplification of an AF amplifier design, what can be explained
by fact that bandwidth of amplifier will be defined by the rate of output power switching.

25 T

20 +

Dynamic VDD
i5 |

Efficiency

10 |
Vop = 10V

0 5 10 15 20 25
Power out (dBm)

Fig. 2. Measured efficiency versus output power for dynamic supply amplifier and for a comparable
amplifier with fixed VDD [24].

Dynamic current control (dynamic bias control)

This method has the lowest efficiency of previous studying, but is ease of design.
Low power of controlling signals gives possibility to realize this structure in a single PA IC.
The simplest application of this method is the bias current switching at low power opera-
tions (low power mode). This application has been realized in some of the modern PA
ICs. This resulted in efficiency increasing of about 7% at Pout = 16dBm.

3 Estimation of an opportunity of realization switching DC-DC converter
on high frequencies

Switching regulators and modulators based on Pulse Width Modulation (PWM) find
wide application in engineering of the communications due to their high efficiency. Clock
frequencies of produced and developed similar devices usually do not exceed 0.4 ... 3.0
MHz. At such low clock frequencies the output filter should have big inductances (about
few uH) and capacitors (about few uF) with large PCB area.

There are known switching DC-DC converters without use inductance based on
overcharge of capacitors (charge pump). However similar devices have high output im-
pedance and consequently work with small output current.

In the present section it will be carried out the theoretical researches of influence of
the basic parameters of MOS transistors and clock frequency on PWM modulator effi-
ciency.

Statement of a task.

The analysis will be made using the block diagram shown on a Figure 3, which rep-
resents the synchronous converter on complementary MOS transistors. The basic losses
in such structure are commutative (switching) loss Pcom on overcharge of transistor ca-
pacities and loss in resistors Ron of open transistors.
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Fig. 3. DC-DC with PWM

Commutative loss of two transistors M1 and M2 at a rectangular drive voltage swing
from 0 to Ecc on each gate and drain of transistors is defined by his total capacity (input
and output), clock frequency Fo and input voltage Ecc:

P, =F*C*E’.

comm

Losses on resistors of open transistors Ron, in the assumption, that they are equal,
are defined by the following expression:

P,=I;*R =P _*(R +R, /R,),where:
I. - constant current in load Ry;

P = UL2 *R, - output power of DC current in load R

out

The maximum available efficiency of the output stage is defined by the ratio of output
Pout and consumed Po powers:

n:Pout/PO:Pout/(P +P +})R)

out com

The simulation results of DC efficiency vs Pout are given on the diagrams of a
Figures 4-7. On Figures 5-7 total capacity C=900 pF corresponds to power MOS
transistors (similar to IRFZ24N, IRF9Z24N with C=900pF; Ron=0.1 Ohm), and total
capacity C=200 pF corresponds new technologies with C=200pF; Ron=0.1 Ohm.

Similar dependences of efficiency for linear regulator of a compensation type
(Lin DC-DC), calculated based on following expression:

Nn :Pout /Po =J(,

out

*R,)/ E..
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In both cases the maximal DC output voltage on load Ry is defined by:

U

Lmax

—E..*(R,+R IR,).

It is important to note, that except for the losses, considered above of lowering
efficiency, there are also others losses with which it is possible to struggle technological
and circuit technique methods.

One of such reason is through current proceeding through transistors, if his both are
open or in active mode. For prevention of this effect it is necessary to design the driver so
that between unlocking pulses on gates of MOS transistors there was a small time
interval.

The second reason of additional losses is the internal resistance (Rg) in a gate circuit
of the MOS transistors, which together with input capacity Cess forms integrating RC circuit.
This circuit increases times of front and recession of pulses drain current, during which
the transistors work in active mode, that also results in efficiency decrease. According to
said above special attention by transistors selection should be paid to low value of Ra.

1.00 Efficiency vs Pout; Fo=1; 10; 50; 100;150MHz

Ron=0.10hm
RL=1 Ohm

Ecc=3.6V /
0.75 ! !
C=900pF
Fo=1MHz

050 Fo=10MHz /

Fomsoi L

Fo=100MHz

I
N
NN

Fo=150MHz

Lin DC-DC

\ AN
AN
S

0.00 : ——_‘_é

7200 150  -10.0 -5.0 0.0 5.0 10.0 1
Eff EfLin

o

.0 20.0 25.0 30.0 35.0 40.0 45.0

Pout(dBm)

Fig. 4. Dependence of efficiency linear (red line) and PWM modulator (blue lines) vs output DC
power (dBm) at various PWM clock frequencies: Fo=1; 10; 50; 100; 150 MHz. (Power MOS
transistors similar to IRFZ24N, IRF9Z24N with C=900pF; Ron=0.1 Ohm) and RL=1 Ohm; Ec.=3.6V.
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Efficiency

/ vs Pout; C=2;200; 900; 2000pF
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Fig. 5. Dependence of efficiency linear (red line) and PWM modulator (blue lines) vs output DC
power (dBm) at various capacities of PWM transistors: C=2; 200; 900; 2000; pF. Fo=100 MHz;
Ron=0.1 Ohm; RL =3 Ohm; Ec=3.6V.

1.00 Efficiency vs Pout; C=2;200; 900; 2000pF
| | |
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Fig. 6. Dependence of efficiency linear (red line) and PWM modulator (blue lines) vs output DC
power (dBm) at various capacities of PWM transistors: C=2; 200; 900; 2000; pF. Fo=100 MHz;
Ron=0.1 Ohm; RL =2 Ohm; Ecc=3.6V.
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1.00 Efficiency vs Pout; C=2;200; 900; 2000pF

Ron=0.10hm

RL=1 Ohm
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Fig. 7. Dependence of efficiency linear (red line) and PWM modulator (blue lines) vs output DC
power (dBm) at various capacities of PWM transistors: C=2; 200; 900; 2000; pF. Fo=100 MHz;
Ron=0.1 Ohm; RL =1 Ohm; Ecc=3.6V.

From the results given above follows, that the basic reason of efficiency decrease in
PWM modulator on high clock frequencies are the capacities of transistors.

However with total capacity of transistors pair C = 200 pF the limiting efficiency of the
PWM modulator on frequencies Fo ~ 100 MHz are higher than at the linear modulator at
output power range from ~10 mW to 5...10 W with load from 1 to 3 Ohm.

This structure can potentially be used as an EEP/ET modulator for a number of
5G/6G applications.

4 Conclusion

* Methods fo improving the energy efficiency of 5G/6G PA are considered.

» An assessment of the feasibility of implementing a DC-DC switching converter at high
frequencies has been developed. This structure can potentially be used as an EEP/ET
modulator for a number of 5G/6G applications.
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ABSTRACT

Telematics is a set of basic systems that provide services in accordance
with user needs. Telematics systems can be classified according to the
areas of tasks performed: monitoring the condition of the road, manag-
ing the flow of traffic, providing information services to road users, etc.
Telematics also allows you to monitor the condition of vehicles or their
cargo using remote monitoring methods and technologies. The use of
telematic systems and technologies allows for real-time management of
transport systems. The article is devoted to the development of an in-
formation model for collecting motor transport telematics data using
unmanned aerial vehicles. A model of the V2R network type is consid-
ered in which one car in the cluster is defined as a central node that
receives telematic information from other cars in the cluster and then
transmits the collected information to the base station. It is proposed to
replace the central vehicle with a specialized UAV that collects telematic
information from all vehicles in the cluster and transmits the collected
information to the base station. A formula has been obtained to calculate
the maximum amount of information that can be collected and transmit-
ted to the base station.

KEYWORDS: telematics, cluster, UAV, drones, optimization, information
collection, base station.
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1 Introduction

As noted in [1], telematics is an ever-increasing element of complex integrated sys-
tems for performing certain transport tasks. Telematics is a set of basic systems that
provide services in accordance with user needs. According to [2], telematics systems can
be classified according to the areas of tasks performed, such as monitoring the condition
of the road, managing the flow of traffic, providing information services to road users, etc.
Telematics also allows you to monitor the condition of vehicles or their cargo using re-
mote monitoring methods and technologies. According to [3], the use of telematic sys-
tems and technologies makes it possible to manage transport systems in real time.

As noted in [4], to achieve safety and productivity (performance), intelligent trans-
portation systems are being developed, based on telematics and vehicle systems. To
transmit data in telematics systems, wireless communications and network technologies
such as IEEE 802.11 (WiFi), IEEE 802.16 (WiMAX), etc. are used. In intelligent transport
systems, communications such as “vehicle-to-road” (V2R), and vehicle-to-vehicle (V2V).
V2R communications include vehicle nodes and road base stations. This communication
model can use WiFi, WiIMAX and DSRC technologies. In particular, using DSRC tech-
nology (short range communication technology), each vehicle is equipped with an
on-board unit (OBUS), which can receive or transmit information to road base stations [5].
It is possible that some OBUS create a group where all the information from nearby ve-
hicles is first transmitted to one selected vehicle, which then sends all the collected in-
formation to the base station. The model of such cluster data transmission is shown in the
diagram shown in Figure 1.

Road base station

Cluster

Fig. 1. Model of data transmission cluster organization in V2R networks
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At the same time, it seems to us that using any car as a receiving unit for an entire
cluster of cars is an impractical solution, because Some cluster of cars, passing near the
next base station, must contain sufficiently reliable receiving and transmitting equipment.
Moreover, due to the random nature of the occurrence of such clusters, almost all cars
must carry such equipment, because any cluster element can be in the position of the
central element of the cluster. To eliminate such inconveniences and excesses, a scheme
can be proposed. Where the role of the central element of a certain cluster is performed
by an unmanned aerial cluster data collection is shown in Figure 2 [6]. At the same time,
as noted in [7, 8], UAVs can also be used as base stations.

(i =
i Sensor .r‘h\ UAV A BS

Fig. 2. Scheme of using UAVs to collect information from individual elements of a certain cluster [6]

It should be noted that in [6] it was analyzed in detail from the perspective of calcu-
lating energy consumption.

2 Materials and methods

Let's consider a two-stage data transmission model of the above-mentioned
telematics system for transmitting and collecting data using UAVs as the central elements
of clusters within which a wireless network is organized. A schematic representation of
the bottom stage of a two-stage telematics network is shown in Figure 3.
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Cluster i

Fig. 3. Scheme of the lower stage of cluster data collection in a two-stage telematics system.
The numbers indicate: 1 — UAV; 2 :i=1n - transmitting nodes of cluster cars

The limit analysis and assessment of information flows in this scheme will be carried
out on the basis of the classical Shannon formula and variational optimization methods.
We define the amount of information transmitted from the i-th car to the j-th UAV as

1
M, =N, ‘10826_0 (1)

J
where N;j— number of pulses whose amplitude can have one of lo/c; number of positions,

where o — the maximum possible signal amplitude; o; — UAV receiver noise.

If we take into account that all the cars on the road dynamically form a certain
cluster, then in order to obtain reliable spatio-temporal information it is necessary to
maintain simultaneous parallel communication with all cars. In this case, if we take
into account that the number of pulses in the information message from a specific car
to the UAV depends on the controlled parameters of the car, then we can assume that
the total noise during data transmission of the i-th car will depend on Ni,.
Consequently, formula (1) takes the form

1,
M. =N. -lo 0 2
i,j i,j g2 Uj‘Ni’jj ( )

Further, if we assume that in each randomly selected cluster j the set of cars is such
that their indicators N;;form an ordered set N, where

N, ={N,;;N, ;N 5N, ;) 3)

Lj257 2,277 3,)2"

inwhich N, ., =N,_,;+N;; i=Lm; N;,=0.

J

Therefore, we define the amount of information transmitted from one j-th cluster to the j-th
UAV as

m 1
M, =;Nw ‘log, 7—)0_ ]‘i] _ 4)

J 5]
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At the same time, it can be required that the total noise when connecting all cars does
not exceed the value of Ci. Therefore, we have

Zaj(Ni,j)dNi,j =C; C=const (5)
i=1

As a first approximation, we write discrete models (4) and (5) in continuous form. We
rewrite model (4) as

Jj max [
M, :jo” N, -log, —*—adN, (6)

Let us represent model (5) in continuous form as

J‘ON/max O'(N] )jNJ _C (7)

Based on models (6) and (7), we create a variational optimization problem whose
objective functional F1 has the form

N I N jmax

0
;N ;

where A — Lagrange multiplier.
According to [9], the solution to problem (8) must satisfy the condition

1
d{N_i -log, °+2,(N].)}
=0

o,(N,)
(9)
dO'(Nj)
From condition (9) we obtain
N, 1
i 4 21=0 (10)
¢ o,(N))
where C1 — constant for converting binary logarithm to natural logarithm.
From (10) we obtain
(N,) = (11
o.(N;)=-
J J lCl
Taking into account (7) and (11) we find
N/max N/
- j L dN,=C (12)
o AC

Synchroinfo Journal 2024, vol. 10, no. 2
25



From expression (12) we have

2
A =—M (13)
2CC,

Inserting (13) into (11) we get

2CN ;
o;(N;)) =27 (14)
Jmax
When solving (14), the functional F1 reaches a maximum, since the derivative (10)
with respect to oj(N;) turns out to be a negative value.
Taking into account (6) and (14), it can calculate the maximum value Mjm, i.e.

j max I N2 N2 I N2
Mjm,max = J-Nj Nj . l()g2 M dN] — J max 1 0+ jmax
0 2CN; 2 2C
.[N/max N. -10g2 L dN . 15)
o N,

J

Having designated

N‘/’max 1
J.O Nj.logZF de:CZ

J

Let's write
M 1 TN | Ny C 16
Jm,max g 2 C 2 2 ( )

Thus, the maximum amount of information coming from one cluster to the input of the
base station can be estimated using formula (16).

3 Discussion

A cluster model for collecting telematic information transmitted to a base station is
analyzed. A model of the V2R network type is considered in which one car in the cluster is
defined as a central node that receives telematic information from other cars in the cluster
and then transmits the collected information to the base station. It is proposed to replace
the central vehicle with a specialized UAV that collects telematic information from all ve-
hicles in the cluster and transmits the collected information to the base station. A varia-
tional optimization problem was compiled, the solution of which made it possible to de-
termine the maximum amount of information that can be collected and transmitted from
one cluster to the base station.
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4 Conclusion

1. An information model of a cluster type for collecting and transmitting telematic in-
formation from one cluster has been constructed.

2. In relation to the V2R network model, it is proposed to replace the central vehicle of
the cluster with a UAV, which performs the function of collecting and transmitting telematic
information to the base station.

3. A formula has been obtained to calculate the maximum amount of information that
can be collected and transmitted to the base station.
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ABSTRACT
Video streaming services represent a new generation of television (DTV), which have become

an integral part of modern digital culture. With the development of Internet technologies and the
spread of broadband access, video streaming has become a popular and convenient way to
consume multimedia content. Unlike traditional television, video streaming services provide the
user with the ability to choose content, watch it at a convenient time and on different devices,
which leads to new challenges and opportunities in improving the quality of user experience
(QoE). One of the key elements that determine the quality of a video streaming service is the
operator's transmission equipment and platform servers. These components provide content
streaming over the Internet and affect such parameters as download speed, data stream
stability and playback quality. Efficient management and optimization of the transmission
equipment and servers can reduce latency, improve video quality and provide smoother
streaming of content to end users. This research project aims to analyze methods for
improving QoE parameters for video streaming services to better understand how
technologies, algorithms and strategies can be applied to optimise the user experience in this
new type of digital content. By considering factors such as video quality, adaptive streaming,
traffic management, and many others, we aim to highlight key aspects that contribute to

improving QoE and providing a more satisfactory user experience in video streaming services.

KEYWORDS: Video streaming services, Digital television (DTV), Broadband access,
Multimedia content consumption, User experience (QoE), Transmission equipment, Platform
servers, Latency reduction, Adaptive streaming, Traffic management
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Analysing media streaming technologies

The process of live streaming is complex, involving numerous technologies that
work in concert to produce the end result that viewers see when watching content. One
technological aspect of this process is the delivery of video from the camera to the
encoder, to the video host, and finally to the viewers. Professional broadcasters employ
two main streaming protocols, MPEG-DASH and HLS, which are types of technology
designed to transmit video files over the Internet.

In the past, online video was primarily delivered via the RTMP protocol. RTMP, or
Real-Time Messaging Protocol, is a Flash-based video streaming standard that is still
employed today to transmit video from an RTMP encoder to an online video platform.
However, Flash-based video is no longer a viable option for delivering video to users.
The Flash plug-in has lost value, and the number of devices supporting this outdated
protocol is declining annually. It is no longer possible to run the Flash player in new
versions of most web browsers. The RTMP protocol is gradually being replaced by the
HLS protocol. In the last decade, the MPEG-DASH protocol has emerged as a
competitor to HLS. It serves the same purpose as HLS, but because it is the newest
variant, it is on the rise. This has led to a growing need to understand the difference
between MPEG and HLS.

An overview of the comparison of these formats is presented in the table below (Table
1). Despite some advantages and merits neither MSS, HDS nor MPEG-DASH has been
able to take as significant and dominant a role in the industry as Apple has done with its
HLS.

In any case, the consumption of premium video content via online and mobile
platforms has rapidly supplanted traditional television. The Internet has created a need
for protocols to be developed to ensure high-quality images, depending on the device
type and network congestion. Apple HLS, Microsoft Smooth Streaming and Adobe Flash
HDS are adaptive delivery protocols that provide high-quality video consumption over the

Internet.
Table 1
Comparison of different protocols
Protocol name DASH HLS MSS HDS
Type Open, standards-based Vendor-controlled Vendor-controlled Vendor-controlled
Video codecs H.264 and other H.264 H.264, VC-1 H.264, VP6
Audio codecs AAC and others AAC, MP3 AAC, WMA AAC, MP3
Fragment’s format MP4 n MPEG-2 MPEG-2 TS MP4 MP4
TS
Files stored on the server |Adjacent or separate files |Separate file per segment Related Related

per segment

Audio, video, text

Combined or chunked for

Combined into one

Combined into one

Combined into one

audio and Video segment segment segment
Segmentation and Multiple vendors Standard|Multiple vendors Standard MS IIS server Adobe InteractiveServer
delivery HTTP or Broadcast HTTP or broadcast (and a few others)
server

Playback 3GPP-Rel 9 or Apple iOS, QT Silverlight Flash, Air

MPEG clients X
Security Possibility to use third- AES-128 PlayReady Flash Access

party solutions

Segment length Varies 10 sec. 2-4 sec. 2-4 sec.

Although one might expect that DASH is the most balanced and progressive

protocol and therefore should be widely used, the reality is that it loses out due to greater
complexity of implementation and patent issues. That said, HLS stands out due to its
wide representation on a large number of mobile devices from its developer, and its ease
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of implementation and ability to be used on other companies' devices makes it the most
suitable at the moment. The MSS protocol has benefited from the success of the xbox
range and well-known security systems. However, it is much more common in Europe
than in America. HDS used to benefit from the ubiquity of Flash, but now that this
technology is starting to move away, its future is highly debatable. To summarise, HLS is
the undisputed market leader, although its competitors are in no hurry to give up so there
may be some exciting competition in the future for media streaming technologies.

But it is also important not only to choose a media streaming technology, but also to
implement the service itself correctly, because delays, adaptation, competent buffer
handling are fundamental factors of quality server operation and user satisfaction, also
known as QoE: Quality of Experience.

Comparing services that provide access to media content

As the viewing habits of consumers shift from traditional broadcasting to online
streaming, the competitive landscape of online video is becoming increasingly intense.
YouTube is now in its second decade on the global web, competing with its Vimeo-like
counterparts or with other industry players such as Netflix. In the last five years, there
have been some unsuccessful projects, as well as Amazon, the Seattle-based e-
commerce giant known for its expansion into new markets, which is rapidly rising up the
ranks to compete with industry titans such as Netflix.

A recent Internet usage report from Sandvine indicates that Amazon Video has
become the third most popular online video service, trailing behind Netflix and YouTube.
The network equipment company's biannual Global Internet Phenomena Report
revealed that Amazon's streaming service now accounts for 4.3% of traffic during
evening peak viewing hours.

Netflix continues to dominate the streaming video market, accounting for 35.2% of
traffic in North America over the past year. Although this represents a slight decline from
37.1 per cent, the report notes that this is likely due to improvements in Netflix's video
compression technology. However, measuring downstream Internet activity is not an
exact metric, but it does provide insight into the usage of streaming services — a statistic
that the services themselves are reluctant to provide.

Netflix was founded in 1997, with a total of approximately 65 million subscribers in
40 countries. In 2015, the company had over 100,000 pieces of content available for
streaming. It is reported that 80% of sales come from recommendations. Netflix plays the
role of a content ‘aggregator’. However, in order to expand their business and increase
their profits, they decided to produce their own content in addition to the usual video
rental services [1].

Youtube (Google), founded in 2005, provides video streaming services over the
Internet. Youtube is the largest provider of video streaming services, with an estimated
1.3 billion subscribers. In addition to providing video streaming services, Youtube offers
video recommendations [2]. Amazon Prime Instant Video is a subscription-based video
service, with a cost of $99 per year. Amazon has extended its well-known book
recommendation system to video.

It is evident that platforms differ not only in terms of design and subscription price,
but also in terms of their underlying architecture. Each platform strives to ensure that the
user can consume content in the most comfortable manner possible, as this is directly
related to the user's satisfaction with the service. Consequently, the willingness of the
user to pay for the service or to view advertisements on it is influenced. This, in turn,
provides the owner of the media platform with the opportunity to earn money.

For example, according to the research [3] (Table 2) the average bitrate varies
greatly from service to service depending on the codecs used, server settings and many
other factors, which in turn has a significant impact on QoE.
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Table 2

Average bitrate at different quality of transmitted picture on different
multistreaming platforms [3]

Platform Bitrate 4K Bitrate 1080p Bitrate 720p
Apple TV + 26 Mbps 8,84 Mbps 2,56 Mbps
Disney + 16,59 Mbps 7,42 Mbps 4,42 Mbps
Netflix 16,64 Mbps 6,44 Mbps 3,06 Mbps
Video premium 10,02 Mbps 5,12 Mbps 3,18 Mbps
HBO ND 3,75 Mbps 2,55 Mbps
The movie ND 4,13 Mbps 2,57 Mbps
FlixOlé ND 6,66 Mbps 2,68 Mbps
Atresplayer Premium ND 3,68 Mbps 2,4 Mbps
RTVE Alacarta ND ND 2,79 Mbps
Sky ND ND 3,26 Mbps
FuboTV ND ND 3,2 Mbps

Client-based streaming for progressive loading

In order to apply the principle of streaming to progressive loading, servers, which
have been controlling the loading up to this point, are replaced by clients that take over
the streaming control and request video data from the servers. Clients only request data
if their buffer is below a critical threshold. Once this threshold is exceeded, data is no
longer requested. This limits the amount of video data that is wasted if playback is
interrupted, and thus the amount of data that is wasted by the servers. This results in
more efficient resource utilisation for the video service provider.

Client-based HTTP Adaptive Streaming: in order to be more flexible and avoid the
need to evaluate the client's network conditions, the paradigm shift has evolved even
further. Nowadays, video files are no longer stored as a whole file for each quality level
(i.e. bitrate). Instead, they are stored as multiple files, so-called fragments or segments,
each consisting of just a few seconds of playback time. The mapping of files to video
segments is defined in a special media description file. This allows for a finer selection of
quality (adaptive streaming). In combination with client-based streaming, an advantage
arises because the client is directly aware of the current state of the network. This
awareness encompasses the client's physical layer for data transmission and also
includes the client's awareness of the video streaming capabilities due to the media
description file. Consequently, client-based adaptive streaming can adapt seamlessly to
changing network conditions by requesting video clips from the server at the appropriate
bit rate. This results in the highest possible playback quality and reduced latency, which
enhances the user experience [4]. Many proprietary solutions have implemented this
new paradigm of client-based adaptive streaming. YouTube has also recently followed
the current trend by integrating the standardised adaptive streaming technology MPEG
Dynamic Streaming over HTTP (DASH) [5].

The popular Internet service YouTube has adopted Hypertext Markup Language
Version 5 (HTML5) by default. This transition has resulted in YouTube adopting Dynamic
Adaptive Streaming over HTTP (DASH) as its Adaptive Bit Rate (ABR) video streaming
technology. Moreover, rate adaptation in DASH depends solely on the receiver. This
problem motivated the authors of the paper [6] to perform an in-depth analysis (Figure 1
and 2) of a specific YouTube implementation of DASH. Firstly, this paper provides an
overview of the state of the art in DASH and adaptive streaming technology and works
related to the characterisation of YouTube traffic. Secondly, the paper describes a new
methodology and testbed for traffic characterisation and performance measurement of
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DASH implementation on YouTube. This methodology and testbed do not utilise proxies
and are also capable of handling redirections of YouTube traffic.

Finally, a set of experimental results involving a dataset of 310 YouTube videos is
presented. The presented results characterise YouTube traffic patterns and discuss the
acceptable download bandwidth, the bitrate consumed by YouTube and the video
quality. In addition, the results are cross-validated by analysing the HTTP requests made
by the YouTube video player. The results of the paper [6] are applicable in the field of
quality of service (QoS) and quality of experience (QoE) management. This is valuable
information for Internet Service Providers (ISPs), as QoS management based on
guaranteed downstream throughput can be used to ensure a targeted end-user quality of
experience when using the YouTube service.
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As the description of the paper [7] suggests. This paper contributes to the existing
literature by characterising the traffic of DASH implementations on YouTube and
analysing YouTube's adaptation to dynamic conditions in terms of upload bandwidth
fluctuations. In order to contribute, this paper firstly reviews the state of the art in DASH
and adaptive streaming, and reviews related work on YouTube traffic analysis.

The proposed methodology and testbed included in this work allow us to
characterise the structure of YouTube traffic without the use of proxy servers. In addition,
the methodology and testbed address the problem of YouTube redirections, which has
been pointed out in other papers [8]. A large dataset of 310 videos was used for the
presented tests. In these tests, network parameters, internal YouTube player parameters
and HTTP requests of the YouTube player were correlated. Moreover, a number of
experimental results were obtained showing interesting results. The average YouTube
download bitrate was obtained, capturing the requested quality, but it was shown that it
was not useful for making bandwidth provisioning decisions. Instead, information was
provided on the required available bandwidth to obtain a certain requested quality
automatically with an estimated probability. It is also observed that the video bitrate
requirements on the quality level of YouTube videos have increased compared to the
results obtained in [9] in 2015.

Optimising video streaming parameters to improve user satisfaction

Video quality and resolution:

Investigating the impact of video resolution on user satisfaction is a key aspect in
QoE optimisation. The optimal resolution depends on many factors, such as the type of
content and the device on which it is viewed. For example, for static content such as
films or TV series, a high resolution may be preferred to provide a more immersive
content experience. However, for dynamic content, such as video games or sports
broadcasts, a lower resolution with a higher frame rate may be preferred to reduce
latency and provide smooth playback.

Adaptive streaming:

Adaptive streaming is a technique that optimises playback quality depending on the
available bandwidth and the characteristics of the user's device. Adaptive streaming
algorithms automatically select the optimal video resolution and bitrate for each particular
moment in time, based on the current network and user device conditions. This allows
for the best possible playback quality to be provided to the user while minimising latency
and interruptions [10].

Latency and buffering:

Latency and buffering can have a significant impact on QoE, as they can cause
playback interruptions and degrade the overall user experience when viewing content.
Intermittent stops or long delays in video loading can cause annoyance and degrade
user satisfaction [11].

Exploring methods to reduce latency and optimise buffering plays an important role
in improving QoE. One approach could be the use of data preloading algorithms or
buffering optimisation combined with adaptive streaming. This can reduce latency and
provide smoother content playback, which ultimately contributes to increased user
satisfaction.

Traffic management and network protocols:

Studying the impact of network protocols such as HTTP, UDP on streaming video
quality and the possibility of optimising them represents a significant research area.
Different protocols have different transmission characteristics that can significantly affect
QoE. For example, HTTP is often used for video transmission over the Internet, but can
cause delays and quality degradation in case of unstable connection. Investigating the
performance of different network protocols and developing methods to optimise them wiill
help improve video streaming quality and overall user satisfaction.
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Audio Quality:

Conducting research on the impact of audio quality on overall user satisfaction and
how it can be improved is an important aspect of optimising QoE in video streaming
services. While attention is often focused on video quality, audio quality is also important
to the user experience. Exploring methods to improve audio quality, such as audio
compression technologies or the use of high-quality audio codecs, can help create a
more enjoyable and engaging user experience.

Personalised content:

Exploring methods of delivering personalised content and its impact on QoE is an
important aspect of the development of video streaming services. Personalising content
allows users' individual preferences and interests to be taken into account, which can
significantly improve their satisfaction and time spent on the platform. Exploring methods
of audience segmentation, user behaviour analysis and recommendation systems will
help to develop effective strategies to deliver personalised content and optimise QoE for
each user.

QOE evaluation metrics:

Developing or analysing metrics to evaluate QOE is a key aspect in video streaming.
Effective metrics should consider various aspects of the user experience, including video
and audio quality, playback latency, and interface usability and content availability.
Conducting a study to develop such metrics will help improve the ability to conduct
service quality assessments and identify areas for improvement.

Impact of devices and platforms:

Examining the differences in QoE across devices and platforms is an important
aspect of the study. Users may use different devices, such as computers, smartphones
or smart TVs, with different operating systems such as iOS, Android or Windows. Each
of these platforms may present unique technical and user characteristics that affect QoE.
Exploring these differences will help to develop optimisation strategies for different
platforms and devices to ensure consistent playback quality for all users.

Cloud Computing and Distributed Systems:

Exploring the potential of cloud computing and distributed systems in the context of
improving QoE in video streaming represents an important research direction. Cloud
computing can provide scalability and flexibility for processing and storing multimedia
data and for delivering content to end users. Distributed systems can improve the
availability and reliability of video streaming services by providing data backup and query
processing closer to end users. Research into these technologies can lead to the
development of more efficient and reliable video streaming services [12].

Machine Learning and Data Analytics:

The application of machine learning and data analytics to optimise QoE parameters
is a promising area of research. Machine learning can be used to predict user
preferences, identify anomalies in the data stream, and automatically adjust playback
parameters for each user. Data analysis can help identify patterns and trends in user
behaviour, which can help optimise video quality, traffic management and other aspects
of video streaming services [13-14].

Summary and Conclusion:

In this chapter, various aspects of optimising QoE parameters for video streaming
services have been discussed. The study has shown that video quality and resolution
play a key role in user satisfaction and the optimal parameters may vary depending on
the type of content and user devices.

Adaptive streaming allows dynamic adaptation of playback quality based on network
and device conditions, which significantly improves the viewing experience and user
satisfaction.
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Latency and buffering have a direct impact on QoOE, and optimising these
parameters can significantly improve user satisfaction and reduce the likelihood of churn.

Traffic management and choice of network protocols are also important to ensure
stable and high-quality video content playback.

Audio quality and personalised content are additional aspects that can significantly
improve user experience and satisfaction.

Thus, to ensure a high level of QoE in video streaming services, it is necessary to
take a comprehensive approach that takes into account all of these aspects and
optimises each of them based on user needs and preferences.

Optimising operator transmission equipment to improve QoE

Operator transmission equipment plays a key role in delivering content from the
provider to the end user. Optimising this equipment can significantly improve user
satisfaction and quality of user experience (QoE). Below are some ways that can help in
improving QoE through optimising the operator's transmission equipment:

1. Increase network bandwidth: Ensuring sufficient network bandwidth allows video
content to be transmitted at higher resolution and quality. This can be achieved through
upgrading network equipment, increasing link bandwidth and optimising traffic routing.

2. Deployment of caching servers: Placing caching servers closer to end users
reduces latency and content download time. This improves user experience, especially
for streaming services with high traffic volumes.

3 Using CDN technology: Content delivery networks (CDNs) allow content to be
distributed to different nodes in the network, reducing the distance and time it takes to
deliver content to the end user. This reduces network load and improves QoE by
increasing download speeds and reducing playback latency.

4. Monitoring and Quality of Service (QoS) Management: Implementing QoS
monitoring and management systems allows operators to monitor network performance
and respond to potential problems before they occur. This helps prevent playback
interruptions and ensures stable, high-quality content playback.

5. Optimised data encoding and compression: Using advanced data encoding and
compression techniques, content can be delivered with higher quality at lower
bandwidths. This reduces network resource utilisation and improves QoE for users with
limited access to broadband.

These techniques can help operators optimise transmission equipment and improve
QoE for users of video streaming services. By investing in state-of-the-art equipment,
utilising advanced technologies and network management, operators can ensure stable
and high-quality content playback, leading to higher user satisfaction and increasing the
competitiveness of their services in the market.

Conclusion

In today's world, video streaming services have become an integral part of our lives,
providing access to a variety of media content anytime and anywhere. In this study, we
have examined several key aspects of media streaming technologies and optimising
parameters to improve user satisfaction (QoE).

Analysing media streaming technologies allowed us to familiarise ourselves with the
main methods of delivering content to end-users and to understand which technologies
are the most effective in terms of user satisfaction.

We looked at comparing different services that provide access to media content,
which allowed us to understand their strengths and weaknesses.

Optimising video streaming parameters to improve user satisfaction was the central
theme of our research. We looked at the impact of video resolution, adaptive streaming,
latency and buffering, traffic management and network protocols, audio quality,
personalised content, QoE evaluation metrics, device and platform impact, cloud
computing and distributed systems, machine learning and data analytics on overall user
satisfaction.
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We concluded the study by highlighting the importance of optimising an operator's
transmission equipment to improve QoE. This means that operators should invest in
state-of-the-art equipment, utilise advanced technologies and manage the network in a
way that ensures stable and high quality content playback for their users.

Thus, our research allowed us to cover a wide range of topics related to video
streaming services and identify the key factors that affect user satisfaction. The
implementation of the proposed recommendations will help operators and providers to
achieve a high level of QoE and strengthen their positions in the media streaming
market.
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ABSTRACT

The change of the number of subcarriers in SEFDM signal from 5 to
1024 leads to the growth of the PAPR (peak-to-average power ratio)
from 4.5 to 9 dB. PAPR of SEFDM signals stays about constant
(instability is no more than 5%) while normalized subcarriers frequency
spacing increase from 1/2 to 1. It indicates no additional energy loss
during the transition from OFDM signals to SEFDM signals, caused by
an increase in the PAPR. It is proposed to use a part of the resulting
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1 Introduction

Orthogonal frequency division multiplexing (OFDM) signals are widely used in
systems such as Wi-Fi, WiMAX, LTE, DVB-T2, DAB, DRM and 4G LTE downlink [1, 2].
Currently, active research is underway on signal systems for fifth generation
communication networks. Multi-frequency signals with non-orthogonal multiplexing
(Spectrally Efficient FDM signals) are considered as the most promising alternative to
OFDM in these networks. Such signals are formed from OFDM signals by reducing the
spacing between subcarriers, thereby significantly increasing the spectral efficiency of the
signals [11, 12].

The main disadvantage of multi-frequency signals is the high peak factor and, as a
consequence, significant underutilization of output amplifiers in terms of power [2, 5]. In
portable transceiver devices, a high peak factor value (5-10 dB) causes a limitation in the
signal amplitude at the transmitter output and, as a consequence, an increase in the level
of out-of-band emissions [6]. The peak factor of OFDM signals has been well studied
today [13-15], and a large number of different methods have been proposed to reduce it
[7, 8]. However, the issue of reducing the peak factor of SEFDM signals has been poorly
considered. In this work, an algorithm for reducing the peak factor is developed, based on
a modification of the Tone Insertion method [9]. The developed algorithm makes it
possible to reduce the peak factor by an average of 1.5 dB for the case of 103 subcarriers
at moderate costs for its implementation.

The goal of the work is to reduce the peak factor of SEFDM signals.

To achieve this goal, the following tasks were solved in the work:

1. assessment of mathematical expectations and variances of the peak factor of
SEFDM signals for the number of subcarriers used from 5 to 32768, various manipulation
methods and compression factors;

2. construction of integral distribution functions for the peak factor of SEFDM signals;

1. analysis of existing algorithms for reducing the peak factor and proposing an
option for reducing it for a large number of subcarriers;

2. assessment of the feasibility of the proposed algorithm for reducing the peak
factor in programmable logic integrated circuits (FPGA).

2 Generation of SEFDM signals. Peak factor

The main characteristic of SEFDM signals is the compression factor:

a=MNT=AMN1NM, where Afgor — Frequency domain subcarrier spacing  for

pT 2

orthogonal signals. For OFDM signals a = 1. SEFDM signals occupy less bandwidth than

OFDM signals, i.e. for Af < Af | compaction factor a < 1.

For a finite discrete signal sN(i), corresponding to the nth FDM symbol, extended in
duration to N samples, the following expression is satisfied:

= jzﬁﬁ
sy()=—> Cy(k)e V,i=0,...,(N-1),
Ni=

where Cng— manipulation symbols (index N indicates the duration of the symbol). The
signal is generated by an N-point inverse discrete Fourier transform (IDFT) from the
manipulation symbols Cn), after which the sequence of samples of length N obtained at
the output of the IDFT is truncated to L samples [3].

The peak factor P of a SEFDM signal will be the ratio of the highest (peak) power to
the average power P of the signal s(t) for the duration of one symbol T:
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Note that the peak factor of SEFDM signal is a random variable.

3 Peak factor analysis of SEFDM signals

To analyze the peak factor of SEFDM signals, two approaches to generating SEFDM
words were used: for all possible variants of manipulation symbols and for randomly
generated manipulation symbols. The second approach was used to analyze the peak
factor of signals with the number of subcarriers greater than 15, or the volume of the
channel alphabet greater than 16.

The obtained quantitative results of the oscillation peak factor for 5 and 1024
subcarriers for two keying methods (FM-2 and QAM-64) and compression factors a: 1/2,
3/4, 7/8, 15/16, 1 are presented in Table 1. Columns Eans) show the values of the peak
factor of the random SEFDM signal s averaged over the entire ensemble of
implementations. Here Eans)is the mathematical expectation of signal s, depending on
both a and the number of subcarriers N, the manipulation method and the number of
implementations. Values for 1024 subcarriers are given for 106 implementations.

Table 1

Quantitative results of peak factor changes

0,50 2,62

0,75 2,70

FM-2 0,88 2,70
0,94 2,67

1,00 2,63

0,50 2,38

0,75 2,73

QAM-64 0,88 2,87
0,94 2,87

1,00 2,87

From Table 1 it can be seen that with an increase in the number of subcarriers, there
is an increase of approximately 2.5 times (from 4.5 to 9 dB) in the peak factor values
averaged over the ensemble of SEFDM signals, which practically do not change when
moving from one value of the compression factor to another.

By calculating the peak factor of the corresponding SEFDM symbol for each
information word and sorting the obtained results in ascending order and representing
them as a column vector, it is possible to obtain the dependence of the peak factor of the
SEFDM signal on the serial number in the column vector. The resulting distribution for the
case a = 3/4 is presented in Figure 1.

Figure 2 shows the integral distribution functions for four manipulation methods. On
it, the average values of the peak factor over the ensemble of SEFDM signals are plotted
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along the abscissa axis, and the values of the integral distribution function of the peak
factor F(IT) are plotted along the ordinate axis. From Figure 2 it can be seen that the
integral distribution functions for QAM-16 and QAM-64 practically coincide, which is due
to the large number of combinations of manipulation symbols.

F(P)
1,0
0,9t
0,8
0,7
0,6 |

0 2 4 6 8 10 12 0.1 7, . . |
Nx10 2 4 6 3
Fig. 1. Dependence of the peak factor of a SEFDM signal Fig. 2. Cumulative distribution functions

on the serial number in the vector-column vector of the SEFDM signal peak factor
for a signal with QAM-16, 5 subcarriers and a = 3/4

4 Peak factor reduction algorithm

To reduce the peak factor of SEFDM signals, an algorithm based on the Tone
Insertion method was developed [9]. The essence of the algorithm is as follows: additional
subcarriers are added to the original signal (SEFDM symbol), the complex amplitudes of
which are selected in such a way as to reduce the peak factor of the original signal. The
developed algorithm alternates information subcarriers with additional subcarriers. In this
case, the occupied frequency band becomes wider depending on the number of additional
subcarriers.

The Tone Insertion method is presented in Figure 3a, its proposed modification is
shown in Figure 3b. The abscissa axis shows the frequency domain, the ordinate axis
shows a schematic representation of frequency subcarriers (dashed lines show additional
subcarriers).

I IR

Fig. 3. Methods for adding additional subcarriers: a) along the edges of the used subcarriers
(Tone Insertion); b) alternating used and additional subcarriers

Both methods, with similar parameters, provide the same reduction in peak factor on
average. However, when constructing a distribution histogram and its bicubic
approximation, one can see a wider spread in the ratio of the original peak factor of the
SEFDM signal to the maximum possible reduction in the peak factor over the symbol
duration for the second approach.

The specified spread of peak factor values is presented in Figure 4, in which the x-axis
shows the ratio of the original peak factor of the SEFDM signal to the maximum possible
reduction in the peak factor over the duration of the symbol, which we will call gain, and the
ordinate axis shows the normalized number of sample elements. In this case, normalization
is necessary due to the different widths of the pockets of the original distribution histogram
(for the second method, the distribution histogram without normalization is approximately
twice as high).
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The gain is calculated by finding the ratio of the peak factor of the SEFDM signal
before reduction (Porig) in the absence of additional subcarriers to the peak factor of the
SEFDM signal after adding additional subcarriers (Ps). To each information vector,
presented as points on the complex plane, elements of an additional vector are added, the
elements of which are formed randomly according to a uniform distribution. After that,
SEFDM signals are generated in the time domain and the peak factor is calculated for each
implementation of the additional vector. After calculating the peak factors for all
implementations of the additional vector, the SEFDM symbol with the minimum peak factor
is selected to be sent to the channel.

1
2 | on
5 = 100 comb.
é Method a) é extra subcarriers
g [ Method b) J10000F N[ 1000 comb.
§ 0.5 2 extra subcarriers
5 S
B 2 5000
c o
£ 0 = = 0
E 43 2 -1 01 2 3 4 5 = (10 1 2 3 4 5 6
2 10 |Og10 Porig /Ps,dB

10log,, Porig /Ps, dB

Fig. 4. Normalized bicubic approximation of
the histogram of the peak factor gain
distribution for 105 information vectors and
100 combinations of additional subcarriers
(FM-4 for the used subcarriers, a = 3/4, FM-4
for 32 additional subcarriers)

Fig. 5. Bicubic approximations of the distribution
histograms of the peak factor gain depending on the
number of combinations of additional subcarriers for

105 information vectors (FM-4 for the used
subcarriers, a = 3/4, QAM-64 for 32 additional
subcarriers)

Obviously, the more SEFDM symbols with different combinations of additional
subcarriers are generated, the greater the reduction in peak factor can be obtained.

Figure 5 shows bicubic approximations of the distribution histograms of the peak factor gain
depending on the number of combinations of additional subcarriers for 105 information
vectors.

In the course of studying the influence of the method of manipulating additional
subcarriers on the peak factor, it was found that the gain increases with increasing volume
of the alphabet of the signal constellation (Fig. 6). Based on Figure 6, the change in the
average gain ranges from 0.6 dB for FM-2 to 1.4 dB for QAM-64.

,, 15000 r

*é — FM-2

g 10000F [P AANE [T FM-4

Q ---------- QAM_16
o

§ 5000F - QAM-64
ks / . oSy

3 0 : A LN L

E 4 3 2 - 0 1 2 3 4 5 6
=

10log,, Porig /Ps, dB

Fig. 6. Bicubic approximations of the distribution histograms of the peak factor gain depending on the
method of manipulation of additional subcarriers for 105 information vectors (FM-4 for the subcarriers
used, a = 3/4, 100 combinations of 32 additional subcarriers)
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5 Implementation proposals

Inverse Fast Fourier transform — (IFFT) from a vector decimated by zeros with
information elements at Mk positions (k= 0, ..., M, where M — 1 is the number of information
elements between zero positions) is equal to the IFFT of dimension M repeated Nm/M times
without decimation, where Ng is the dimension of the OBFT. In addition, when a zero
appears at any of the Mk positions, a zero appears at the k-th position of the OBFT of
dimension M. The latter property is used when adding additional subcarriers in the case of
using guard intervals in the frequency domain.

The advantage of the second method over the first is the ability to use blocks (Inverse
Discrete Fourier Transform — IDFT) of a smaller dimension than the main ODFT block to
form SEFDM symbols from combinations of additional subcarriers. An example of
interleaving for 12 information subcarriers and four additional subcarriers is presented in
Figure 7a. Thus, it will be necessary to create a zero-decimated OFDM symbol once, as
shown in Figure 7b, and then transition to a SEFDM symbol.

The symbols of additional subcarriers form an IFFT of dimension M (in the example in
Figure 7c (M = 4, N= = 16), and the resulting vector is sequentially duplicated N#/M times,
after which it is converted according to the rule for generating SEFDM symbols and added
to the previously generated SEFDM symbol. This happens a predetermined number of
times for various combinations of additional subcarrier keying symbols, after which the peak
factor is calculated and the SEFDM symbol with its minimum value is selected.

iRt
o 111 1 1At A,

Fig. 7. Example of interleaving for 12 information subcarriers and four additional subcarriers:
a) information vector in the frequency domain with additional subcarriers; b) information vector
decimated by zeros; c) presentation of additional subcarriers

The proposed method for reducing the peak factor can be implemented using FPGA.
To generate one reduced peak factor SEFDM symbol for a WiMAX communication system,
one 1024-point IFFT and 100 32-point IFFTs are required. Considering that the latency of a
1024-point OBPF on the Xilinx board of the Virtex 7 family is 2171 clock cycles (or 8.684
ps), and the latency of a 32-point OBPF is 142 clock cycles (or 0.568 us) [10], then in one
formation of zero-decimated information vectors can be made sequentially in one 32-point
block of 2171/142 =~ 15 pseudo-random combinations of additional subcarriers. The
number of pseudo-random combinations increases according to the increase in the number
of parallel installed 32-point IFFT blocks as 15k, where k is the number of 32-point IFFT
blocks.

5 Conclusion

When changing the number of subcarriers in a SEFDM signal from 5 to 1024, the
average peak factor increases from 4.5 to 9 dB. The peak factor of SEFDM signals
practically did not change (no more than 5%) with an increase in the frequency multiplexing
factor from 1/2 to 1, which indicates the absence of additional energy loss when moving
from orthogonal to non-orthogonal signals due to an increase in the peak factor.

To reduce the peak factor, it is proposed to use part of the resulting gain in the
occupied frequency band. The developed modification of the Tone Insertion method, which
consists in adding additional subcarriers with various combinations of keying symbols,
allows reducing the peak factor by an average of 1.4 dB. The degree of reduction in the
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peak factor depends on the volume of the channel alphabet of additional subcarriers (the
change in the average gain value ranges from 0.6 dB for FM-2 to 1.4 dB for QAM-64), as
well as on the number of iterations of symbol combinations on additional subcarriers (1.6 dB
for 1000 searches for QAM-64).

According to the above assessment of the used FPGA resources, implementing the
peak factor reduction algorithm will require relatively small additional resource costs
compared to generating a SEFDM signal without reducing it.
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ABSTRACT

The modern period of communications development is associated with
the search and use of new broadband noise-like signals. One of the
pressing problems in this area — large-power ensembles synthesis of
broadband noise-like signals with good correlation and group properties.
Another problem is the difficulty of isolating components from a mixture
of several broadband noise-like signals under noise conditions, as well
as the difficulty of reproducing such signals during correlation reception
shape. The article discusses an incoherent correlation method of data
transmission, based on the use of signals generated on the transmitter
side by some noise generator. The noise signal is divided into parts
(noise pulses) of a given duration. When the current noise pulse is
transmitted, the next noise pulse is orthogonalized or collinearized
depending on the transmitted data bit. On the receiver side, the mutual
energy of the current and previous noise pulse is calculated. If this
energy is less than the threshold, a decision is made to transmit zero,
otherwise, to transmit one. Synchronization of the receiver and
transmitter is carried out by changing the sign of the mutual energy of
adjacent noise pulses.

KEYWORDS: noncoherent data transfer, orthogonal noise signals,
synchronization, receiver, transmitter.
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1 Introduction

The noncoherent communication systems based on the using of orthogonal noise
signals is discussed. The noise signal is divided into pulses noise of the given duration T.
When transmitting current pulse }; next pulse };,; exposed orthogonalization or
collinearization depending on each bit of data p, e {-1,+1}:

To synchronize transmitter and receiver is used a change of sign of mutual energy of
the neighboring pulses [1-4, 8].

On the receiver side it is calculated the scalar product the current };,; and previous
received pulse noise };. If the scalar product module is less than the threshold & the
transfer of zero is detected, otherwise, the transfer of unit is detected:

Receiver and transmitter synchronization is based on the identification of energy
integral derivative gap when changing from one pulse noise to another:

‘- —+A (i=1,N),

1

d T+AT
E( j ()% ¥ () dtJ

where 7, —moment of the end of the pulse noise };, AT — maximum synchronization
error, & — the threshold of clock signal. The proposed method allows achieving an
arbitrarily small error probability by one bit.

2 Noise signals orthogonalization

Let noise pulses of duration T be given

4@ (i=0,N, te[0,T]), (1)

received from some noise generator. Define a vector space in which the operations of
adding signals [5], multiplying a signal by a constant and scalar product are specified:

x+y, z@)=x()+y(@) (te€[0,T]);
ax, z()=axx() (te[0,T])

z

z

(x.3) = [x()x y(@)dt

where operations on numbers are performed in some finite or infinite field F.
Perform Gram-Schmidt orthogonalization procedures for signals (1):

i1 oy
Vi=Xi— ,2,) ; (i=0.N). (2)
=)

As a result, we obtain orthogonal noise signals (2) such that

Synchroinfo Journal 2024, vol. 10, no. 2

45



0, i#j;

In(t)xy_,-(t)dt={ (i,j=0,N), (3)
0 p

i°

where pi — signal energy vi.

Equation (3) allows for correlation reception and detection of noise signals. However,
for such reception it is necessary to have copies of all transmitted signals on the receiver
side, which is practically impossible when using real noise generators.

3 Ortho-noise transmitter

Transmitter output signal (transmitting data) p, e{-1, 1} (i=L,N ) form in
accordance with the following recurrent equation:

=1 X .5
{po 7/[+l:Zi+piX(7”Z_l)7/,‘ (i=0,N), (4)
70 =0, 770

where y, — i-th output noise pulse of the transmitter, 5, — i-th input noise pulse of the
noise generator. The mutual energy of adjacent noise pulses will be equal to (y,,,,7,),

Fiao7) = [ 1ea@©x 7O dt = (27) + 2% (o7 - (5)
0

From (5) it follows that when p, =-1 noise pulse y,,, will be orthogonal to the
noise pulse y;,, and when p, =1 —is collinear to it, i.e. The mutual energy of the pulses
will either be zeroed or doubled.

The block diagram of an ortho-noise transmitter that implements the formulas is
shown in Figure 1, and one of the ortho-noise signal implementations shown in Figure 2.

At the transmitter output, a signal normalization unit can be used, which allows the
output signal to be obtained without a noticeable change in instantaneous power caused
by orthogonalization or collinearization of noise pulses [6].
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Fig. 1. Ortho-noise transmitter:

NG — noise generator, CG — clock generator, DS — data source, DL — delay line, SE — storage
element, OB — output block, — — inverter, £ — adder-subtractor, x — multiplier, % — divisor,

| — integrator with reset.
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Fig. 2. The ortho-noise signal at the transmitter output during data transmission is 01011001, where
the first transmitted noise pulse is starting one.

4 Synchronization signal transmission
A delay line and an inverter are used to synchronize the receiver and transmitter [7]
ensuring a sign change of the neighboring noise pulses mutual energy:

1) =ox&@) (1e[0,)),

where £(r) — signal from the noise generator, o — inverting multiplier, y(r) — a
synchronized noise signal such that the mutual energy of adjacent pulses changes its
sign at each clock interval (Fig. 3):
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Fig. 3. Integral of the instantaneous mutual energy of the direct and delayed noise signal with noise
in the communication channel (solid curve), first derivative of the mutual energy (dashed curve),
original clock signal (dashed curve)

5 Ortho-noise receiver

Transmitted data p, on the receiving side are detected as follows:

-1, |(7i’7/i+l)|<ﬁx(7i’7/i); d (78T . TAr
P, = 2 i [7:(0) %y dt |=+A (i=LN),  (6)
0

+1, |(7/i57i+1)|2§><(7/i:7/i)9

where y,., (y,)— current (previous) noise pulse, ¢, —impulse end moment y,, AT -
maximum synchronization error, A — clock signal threshold, & — minimum value of the
relative mutual energy modulus of the noise generator adjacent noise pulses,

_ N |(Zi9;{i+l)|
SF=mm——-
=0 (X Xi)

The block diagram of an ortho-noise receiver that implements formulas (6) is shown
in Figure 4.
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Fig. 4. Ortho-noise receiver: RIB — receiver input block, ISDL — input signal delay line, CG — clock
generator, C — comparator, DR — data receiver, x — multiplier, |- integrator with reset, 0 - low
pass filter and differentiator
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Fig. 5. Dependence of the erroneous reception probability of one bit of data on the signal energy
ratio to spectral noise density in the 2.1 GHz frequency band (dB)

6 Conclusion

Good correlation, spectral and statistical properties of noise signals will allow them to
be effectively used in advanced communications. The results of an experimental test of the
noise immunity of ortho-noise data transmission are shown in Figure 5. The graph shows
that for a given signal-to-noise ratio, by increasing the duration of the noise pulses, an
arbitrarily small probability of erroneous reception of one bit of data can be achieved. It
should be noted that the transformations of the original noise signals used in the transmitter
do not significantly affect the correlation, spectral and statistical characteristics of the noise
source.

To increase transmission secrecy, you can use normalization of transmitted noise
pulses, as well as random or pre-agreed changes in the duration of noise pulses and the
phase of the synchronization signal. There are also no obstacles to using a chaotic signal
generator instead of a master noise generator.
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