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Abstract — This study proposes an adaptive video stream repre-
sentation model that provides dynamic adjustment of bitrate,
frame rate, compression ratio, and frame structure based on
a comprehensive analysis of network conditions, content priori-
ties, and technical features of endpoint equipment. The research
methodology includes mathematical modeling of video data
transmission processes, analysis of radio channel noise immuni-
ty, algorithmic formalization of adaptive optimization of video
parameters, and simulation modeling in Wi-Fi, 4G/5G, and PON
networks. The results show that the proposed model provides
a bandwidth reduction of 22 — 30% compared to static coding
and classical ABR algorithms, reduces buffer time by 40 — 60%,
increases delay stability to 150 ms in 5G and to 300 ms in 4G
networks, and decreases packet loss rate to 1 — 3%. Its PSNR
and SSIM metrics remain stable and device load is reduced by
15 - 20%.

Keywords — adaptive video data representation, channel modeling,
next-generation networks, noise immunity, quality of experience,
video stream optimization

1. Introduction

Modern telecommunication technologies, such as 5G and 6G
networks, as well as widespread use of Wi-Fi 6/7 standards,
caused an exponential growth in the transmission of video
content. This growth is driven by the emergence and mass
popularization of ultra-high resolution (4K/8K) applications
and services, transmission of augmented and virtual reality
(AR/VR) information, telemedicine and distance learning sys-
tems, and the Internet of Things (IoT), including narrowband
solutions [1]. In all those applications, quality of experience
(QoE) is of key importance for media-related services.

However, despite the increased capacity and reduced delay of
next-generation networks, numerous fundamental problems
remain that can impede efficient and stable video data delivery
[2]. These include high volatility of wireless channel capacity,
which can be caused by fading, interference, and user mobility,
significant transmission delays and jitter, and possible packet
loss during transmission. Limitation of computing resources
and power consumption constraints affecting massive end-
devices may be experienced as well.
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Current, commonly used approaches to solving these prob-
lems demonstrate good effectiveness when relying on HTTP-
based and adaptive streaming (AVR), software-defined net-
working (SDN), network function virtualization (NFV) and
edge computing (EC) technologies. However, as current re-
search shows, existing solutions may be based on client-side
adaptation or direct routing optimization that does not skips,
skip with errors or delays, a holistic model that could dynami-
cally adapt the most fundamental representation of video data
based on a comprehensive analysis of the network state and
equal transmission of all characteristics of the content [3].

Hence, a problem arises of developing an adaptive video data
representation model that would be capable of optimizing
the parameters of a video stream at all stages of its life cycle,
under the conditions of constantly evolving and dynamically
changing new generation networks.

In this context, this research aims to develop an adaptive video
data representation model to improve the efficiency and relia-
bility of video content delivery (streaming) in SG/6G, Wi-Fi,
and NB-IoT networks through multi-parameter structured
optimizations of video stream parameters in real time.

To achieve this goal, the following research objectives are
formulated.

e analysis of current literature regarding the methods and
technologies for adapting video streams, as well as iden-
tification of their advantages and disadvantages in new
generation networks,

e development of an architecture of the adaptive video data
representation model, which may include mechanisms for
monitoring network status, classifying types of end devices,
and analyzing video content priorities;

o identification of hybrid adaptation algorithms that provide
dynamic adjustment of key video stream parameters based
on incoming data,

e analysis of the developed model to evaluate its effectiveness
based on key metrics.

The scientific novelty consists in the creation of an adaptive
video data representation model that is immune to noise. In-
tegration of dynamic bitrate control, frequency filtering, and
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energy-saving mechanisms provides comprehensive stabiliza-
tion of the video stream in the case of bandwidth fluctuations
with regular or quasiregular components. This makes the de-
veloped model a promising solution for 5G/6G networks,
where video quality is one of the key technological priorities.

2. Literature Review

The current stage of the development of telecommunication
networks is characterized by the transition from 3G and 4G
technologies to 5G networks, as well as by preparation for
the advent of 6G networks. This process creates increased
requirements for the efficiency and speed of video content
delivery [2]. Growing traffic volumes, the emergence of new
services and applications, and the need to ensure stable QoE
require a revision of traditional approaches to video transmis-
sion. Current research identifies promising areas for solving
these problems and offers technological solutions that can
optimize video content transmission in the context of the
development of new generation networks [4].

One of the current research areas is the development of funda-
mental technologies for video delivery over modern networks
using adaptive bitrate streaming rate (ABR). Paper [5] covers
the full scope of modern achievements and the next research
vectors, showing the evolution from the simplest adaptive bi-
trate selection to intelligent systems that can take into account
the network component, its state, content characteristics, and
QoE. Another trend is the use of Al to optimize ABR, as
demonstrated in [6], [7], where the benefits and effective-
ness of the deep reinforcement learning (DRL) technique are
relied upon.

These approaches enable bandwidth prediction, and thus
allow for adaptation of video quality and maximization of
QoE. Article [8] supports this idea by proposing a machine
learning-based packet switching path for stabilization and
the ability to transmit multiple video streams, which will be
needed by companies broadcasting mass events.

The architectural shifts and computing frontiers are also
highlighted by the authors of [9], who claim that the transition
to next-generation networks is not possible without SDN,
NFV, and EC. Article [10] stated that the combination of SDN
and NFV plays a key part in ensuring QoE in ultra-advanced
6G networks. It emphasizes the importance of close and joint
integration between the physical layer of a 6G network and
the data presentation layer.

Furthermore, in [11] a reliable physical and link layer is
created to optimize payload for video transmission over LoRa
using HARQ. This direction was also considered in [12]. In
terms of capacity planning in NOMA networks, the authors
solve the problem of efficient resource utilization in the face
of limited bandwidth, interference and obstacles.

Furthermore, the structural and selective methods described
by the authors of [13] provide an alternative view of adaptive
video representation by focusing on selective frame pro-
cessing and the extraction of key components. They display
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efficient coding of structural components and segments of
video frames with key information requirements. In [14],
methods for motion compensation and syntactic data rep-
resentation are developed. The developments aim to reduce
bitrate redundancy through intelligent analysis of the content
structure (video content), which is an important addition to
conventional standard codes.

In [15], [16], the effect of non-fluctuating and multipath in-
terference on signal immunity under conditions of limited
bandwidth and interference during multiposition phase ma-
nipulation is analyzed. The results obtained serve as a basis for
building more accurate models of the communication chan-
nel which, in turn, ensure the effective operation of adaptive
upper-level algorithms [17].

In addition, the authors of [ 18] demonstrate that taking into ac-
count non-fluctuation components facilitates obtaining more
accurate channel quality predictions. Article [19] proposes
an integrated approach to group recommendation, caching,
and video transmission in the [oT for smart transportation,
which is also based on machine learning methods.

Papers [20], [21] focus on probabilistic caching and routing
algorithms for video data in dense device-to-device (D2D)
networks and VANETS, respectively. Using roadside units
(RSUs) and DRL techniques, the research demonstrates that
efficient video delivery in such networks requires not only
client-side adaptation, but also intelligent resource allocation
throughout the network.

Despite the progress in adaptive algorithms, the efficiency
of video data processing remains a fundamental factor. Two
approaches can be distinguished here. The first is presented
in [22], where structural and selective coding methods are
developed. The other is presented in [23], where the latest
codecs and communication technologies are described. The
authors emphasize the need to optimize coding algorithms
to ensure high-quality video content transmission in next-
generation networks.

To ensure end-to-end adaptation of the video delivery pro-
cess from bitrate selection to caching at the network edge, it
is necessary to use Al technologies, primarily DRL methods.
Moreover, there is a need to establish an architectural imper-
ative, i.e., to create solutions that will be closely integrated
with SDN/NFV and MEC paradigms. In addition, analysis
of the literature shows a lack of comprehensiveness of ex-
isting research: most studies focus only on certain aspects
(client-side adaptation, server caching, or coding methods).
Simultaneously, not all papers propose a holistic video data
representation model capable of ensuring adaptability at all
content lifecycle stages.

In this regard, a promising direction is to combine efficient
coding structural methods with intelligent adaptation algo-
rithms (as demonstrated in studies using DRL). This requires
that the solution be integrated into a single architecture fo-
cused on the requirements of 6G networks [13]. Consequently,
there is a need to develop a model capable of synthesizing
optimal solutions in the areas of adaptive streaming, network
edge computing, intelligent coding, and network resource
management. This will ensure an efficient and flexible video
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content delivery system in the context of future generation
technologies.

3. Proposed Model

This study provides a methodology that combines theoretical,
mathematical, algorithmic, and experimental approaches to
create and test a model for adaptive video data representation
in next-generation networks. First, a critical analysis of mod-
ern scientific sources is carried out to determine the state of
the problem, assess the effectiveness of existing technologies
for adaptive video transmission, and identify their limitations.
Particular attention is paid to ABR methods, Al approaches
based on reinforcement learning, and architectural solutions
integrated with SDN, NFV, and MEC.

The proposed adaptive video data representation model is
based on DRL integrated with the classical ABR mecha-
nism. This approach enables intelligent decision-making for
adaptation of video quality under dynamically changing net-
work conditions. The architecture follows a multilayer design,
which ensures coordinated operation across the application,
control, and network domains. The model consists of three
logical layers:

o The client layer (ABR agent) is responsible for real-time
decision-making regarding the selection of bitrate for each
video segment. The ABR agent operates on the client side
and directly affects playback continuity, as well as perceived
video quality.

o The intelligent control layer (DRL module) performs learn-
ing and inference tasks, enabling the system to predict and
apply an optimal adaptation strategy. By analyzing the cur-
rent and historical network state, the module continuously
refines the bitrate selection policy to maximize QoE.

o The network delivery layer (SDN/NFV-oriented infrastruc-
ture) provides flexible management of network and com-
putational resources through SDN and NFV technologies.
It enables global network awareness and supports adap-
tive resource allocation, which complements the client-side
adaptation process.

Such a multi-layer architecture overcomes the limitations of
traditional ABR algorithms, which typically rely only on local
bandwidth measurements and do not account for the global
network state or cross-layer interactions.

At each decision step, the environment state is represented by
a vector that captures both instantaneous network conditions
and the playback context:

st = {Be¢, Ty, Lt, P, Qi—1} (1)

where B; is an estimated available bandwidth, T} is transmis-
sion delay and jitter, L; is the occupancy of the packet loss
rate, P, is playback buffer, and (Q;_ is a quality level of the
previously transmitted video segment.

This representation allows the agent to incorporate not only
current measures, but also historical data, thus improving the
stability and robustness of the adaptation process. Action
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at corresponds to the selection of one bitrate level from
a predefined discrete set:

Tn} (@3]

where r,, is available for video encoding profiles.

a; € {ri,ra,...

This formulation reflects the practical constraints of adaptive
streaming systems, where only a limited number of bitrate
representations are supported. The core element of the DRL-
based adaptation strategy is the reward function, which jointly
considers perceived quality, stability, and resource efficiency.
It is defined as a weighted combination of the following
components:

R, =a-QoE,— (- Rebufy —v-|Q: — Qi—1]| — - E¢, (3)

where QQoF; is an integrated quality of experience metric,
Rebu f; is rebuffering duration, |Q; — Q¢—1 | is a quality varia-
tion between consecutive segments, E is energy consumption
of the client device, and «, 3, 7, § are weighting coefficients.
This reward formulation enables the model to optimize video
quality, playback smoothness, and energy efficiency. As a re-
sult, the proposed approach differs from conventional ABR
algorithms which primarily focus on bitrate maximization
without explicitly accounting for stability and power con-
sumption.

The next step consists in mathematical and algorithmic for-
malization of video data transmission processes, considering
dynamic changes in channel bandwidth, delays, packet loss,
and the impact of interference [9].

A system of equations is created to describe the interaction
of network parameters and the video stream. An optimiza-
tion objective function is defined to maximize QoE, while
minimizing delays and excessive use of network resources.
To assess noise immunity, the effect of impulse, multiplica-
tive, and harmonic noise on the reception of BFM and DBFM
signals is modeled. It helps identify the most critical types
of distortion and takes them into account when building an
adaptive model [24].

On the basis of theoretical and mathematical results, a soft-
ware adaptive video data representation model is implement-
ed [25]. It takes into account the network state and computing
capabilities of the device, and the nature of the video con-
tent, providing a dynamic change in bitrate, frame rate, and
compression parameters in real time.

The DRL agent is then trained using a hybrid data set that
combines heterogeneous data sources to ensure robustness
and generalization. The data set includes real network traces
collected from Wi-Fi, 4G, and 5G environments, synthet-
ic scenarios with harmonic and impulsive interference, and
video content with different temporal dynamics, including
sports, news broadcasts, and lecture recordings. Such di-
versity permits us to model both stable and highly variable
transmission conditions.

To ensure convergence and training stability, several opti-
mization techniques are applied, such as learning rate decay
to prevent oscillations during weight updates, experience re-
play with filtering of anomalous states, and early stopping
triggered by stabilization of the reward function. As a result,
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the DRL agent demonstrated convergence after approximately
200 - 300 training epochs on average, confirming the practical
feasibility and reproducibility of the learning process.

The proposed system employs an extended video delivery
architecture based on the integration of SDN and NFV. The
SDN controller is responsible for continuous monitoring of
available bandwidth, link utilization, dynamic updates of flow
tables, and prioritization of video traffic based on QoE-related
metrics.

Flow update decisions are driven by control signals generated
by the DRL agent, which enables coordination between client-
side adaptation decisions and the global network state. At the
NFV layer, the architecture supports adaptive placement and
scaling of VNFs. In particular, video caches and transcoders
are dynamically deployed closer to end users, while VNF
instances are scaled according to peak traffic demand.

This approach reduces end-to-end latency through edge-
level processing and provides measurable performance gain
compared to traditional virtualized architectures that lack
intelligent coordination mechanisms.

In contrast to previously reported solutions [5], where band-
width decrease did not exceed approximately 15%, the pro-
posed architecture achieves significantly higher efficiency.
Integral DRL and HARQ mechanisms provide bandwidth re-
duction of 25 to 30%, stable PSNR and SSIM values under
fluctuating network conditions, reduced buffering events and
end-to-end latency, and additional energy savings of 15 to
20%. These improvements result from the synergy between
intelligent client-side adaptation and coordinated SDN/NFV-
based network control, rather than local optimization alone.

In general, the proposed model is characterized by a clearly de-
fined architecture, a formally described DRL-based decision
logic, a validated training methodology, and quantitative-
ly measurable performance gain. These address conceptual
limitations of existing approaches and substantiate both the
scientific relevance and practical applicability of intelligent
bitrate adaptation.

The effectiveness of software implementation is tested using
simulation modeling in controlled environments that repro-
duce the characteristics of 4G, 5G, Wi-Fi 6/6E, PON and
hybrid topologies [24]. In addition, statistical data processing
methods are used to quantify the results, including analysis
of means, variances, standard deviations, and correlations
between network parameters and video quality [27]. A com-
parative analysis is used to compare the results of the devel-
oped model with traditional video delivery methods, such as
H.264/H.265 and classical ABR algorithms.

The final stage consists in experimental verification of the
proposed model under real and semi-real network condi-
tions, which involves the reproduction of streaming video
data of varying degrees of complexity and the evaluation
of bandwidth, delay, transmission stability, end-point power
consumption, and subjective video quality.

This approach allows to conduct a comprehensive test of
the model and confirm its advantages in the context of next-
generation networks.
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4. Results

4.1. Mathematical Model of Adaptive Video Data
Representation

Mathematical and algorithmic modeling aims to formalize
video data coding processes, considering changes in chan-
nel bandwidth, delays, and packet losses [9]. Adaptive video
stream representation describes the dynamic selection of
video transmission parameters depending on network condi-
tions. Network environment parameters are represented as
time functions: channel capacity C'(¢), transmission delay
L(t), and packet loss probability Pj,ss(t). Furthermore, pa-
rameters of the video stream, such as bit rate R(t), frame
rate F'(t), and compression quality Q(¢) are formalized as
variables that can be adjusted in real time.
The system is optimized by maximizing QoE — a metric
impacted by weighting factors wy, . . ., ws which determine
the balance between playback quality and data transmission
stability. The objective function of the optimization process
reflects the task of maximizing QoE while reducing delays,
packet loss, and excessive bandwidth usage. Its generalized
formula is given by:

R P aw U@F) = @

w1 Q) — ws - % s L(8) — wi - Pross(t) .

The model is subject to a number of constraints that reflect the
physical limits of the network environment, acceptable bitrate
levels, frame rates, and playback continuity requirements:

0< R(t) < C@),
Qmin g Q(t) g Qmaa: .

Rather than relying on heuristic adaptation rules, the devel-
oped approach is formulated as a constrained optimization
problem with a unified objective function and well-defined
decision variables. Consistent with the objective function pre-
sented in Eq. (1), the quality of experience for the i-th user is
defined as follows:

QoE; =w1Qi —w2Di —w3R; (6)

where (); represents objective video quality metrics (PSNR,
SSIM), D; is the end-to-end delivery delay and R; is the total
consumption of network resources. The weighting coefficients
w1, we, and ws are identical to those used in Eq. (4) and
explicitly control the trade-off between visual quality, latency,
and resource utilization efficiency.

Maximization of the global QoE function in Eq. (4), sub-
ject to the constraints specified in (5), is achieved through
a hierarchical optimization strategy operating at three inter-
dependent levels. At the client level, adaptive bitrate selection
and buffer management act on short-term variations of C(t),
D(t), and P,,s5(t), ensuring local compliance with playback
continuity and delay constraints.

At the edge level, transcoding and caching decisions are
optimized to reduce processing latency and computational
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load while satisfying resource constraints imposed by the edge
infrastructure. At the network level, bandwidth allocation and
traffic control mechanisms enforce global capacity and loss
constraints, ensuring system-wide stability.

Importantly, these levels do not operate independently. In-
stead, each level optimizes a subset of decision variables
that contribute to the same global objective function in Eq.
(4). This coordinated formulation guarantees mathematical
consistency between local adaptation mechanisms and the
end-to-end QoE optimization target, addressing the previous-
ly noted lack of clarity in the interaction between architectural
components.

Furthermore, the packet loss prediction component is extend-
ed in accordance with the constraints in (5). Temporal fea-
tures are incorporated to model the time evolution of Pj,44(),
enabling the capture of short- and long-term loss trends. Fur-
thermore, correlation analysis is performed to quantify the
dependence between packet loss, delay D(t), jitter, and chan-
nel capacity C'(?).

Next, the extended model is validated in heterogeneous sce-
narios, including LTE, 5G, and mobility-driven handover
conditions, demonstrating that the proposed optimization
framework remains stable under varying network dynam-
ics. These improvements directly improve the reliability of
loss estimation and allow the adaptive video representation
system to proactively adjust transmission parameters within
the formally defined optimization framework of (4), (5), thus
improving QoE and resource utilization efficiency.

The next stage of the study focuses on analyzing noise immu-
nity of coherent reception of multiphase shift keying signals
(MPSK) subjected to noise and non-fluctuating interference.
The level of reliability at the physical layer is quantified by
the bit error probability (BER) parameter, describing the
robustness of symbol detection in the presence of noise.

For binary phase-shift keying (BPSK) over an additive white
Gaussian noise (AWGN) channel, the BER is given by the
following formula:

2F,
Po=Qy/ 5 @)

where (@ is the Gaussian Q-function, P, is a symbol rate, F,
is the energy per transmitted bit, and Ny /2 is the one-sided
power spectral density of AWGN.

At the source coding level, the distribution of bits within
a video frame is modeled using an entropy-based approach.
If a video frame is composed of N blocks, and the random
variable X = {z1,xs,..., 2N} represents the number of
bits allocated to each block, with probability distribution
p(x;), then the entropy of the frame, which represents the
minimum achievable average number of bits required for
lossless encoding, is defined by Shannon’s formula:

N

H(X) ==Y pl:)logy p(:) - ®)

mone {0096
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If the encoder assigns b; bits to block z;, the average bit
consumption of the frame is:

N
B=> p(@:)bi . 9)
i=1
The compression efficiency is evaluated as:
H(X
ﬁzi(g),ﬁﬁly (10)

where values of n approaching unity indicate more efficient
utilization of the available bitrate.

To account for structural differences between video frame
types, frames are classified into aset T' = {I, P, B}. Entropy
is evaluated separately for each type. For a frame of type 7',
the entropy is expressed as:

Nt

Nr =" pr(:)log, pr(w.) , (1n

=1
where N7 is the number of blocks in a frame of type 7', and
pr(x;) is the corresponding probability distribution.

This formulation supports adaptive bitrate allocation based
on frame complexity.

To stabilize data transmission under time-varying network
conditions, a dynamic congestion control (DCC) mechanism
is used. At time ¢, the system monitors the transmission delay
Dy, available bandwidth C, and packet loss rate P;. On
the basis of these parameters, the target transmission rate is
computed as follows:

R =aCy— Dy, 12)

where « and /3 are weighting coefficients.
The actual rate is updated using a smoothing rule:

Ri=~Ri-1+ (1 —7)Rf . (13)

If AR; = Ry — R*, where R* is the steady-state optimal rate,
then the adaptation process satisfies the following inequality:

|AR:| < 7'|AR|, (14)

guaranteeing exponential convergence and confirming sta-
bility of the proposed congestion control mechanism under
dynamic network conditions.

The multiplicative noise, which models the fading of the
signal amplitude in the radio channel, is described by the
following model:

Si(t) = p(t)Ao cos (wo t + @i + @n) , (15)

where p; = 2% ¢ € (0,t,),i=0,1,...,M — 1, p(t) is an
amplitude coefficient that follows the Rice distribution.

The pulse noise, which models short high-frequency pulses,
is set by a formula corresponding to a chaotic sequence of
short radio pulses:

S3(t) = A(t) cos (wot + pn), 0 <t < T3. (16)

Harmonic noise is regarded as periodic oscillations that could
be superimposed on the carrier frequency:

S3(t) — pAg cos [(wo Awp)t + <pp] . (17)
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The noise is described by AWGN with the correlation function
R(7) = §(7), meaning that there is no correlation between
the noise values at different times:

L={L} i#jj=1,..,M-1. (18)

The probability of correct reception of a symbol is determined
through the conditional probabilities of exceeding the voltage
at the output of the correlator for the correct symbol over
the voltage for other symbols. This physically means that the
system receives the symbol j if the corresponding correlation
detector generates the largest signal:

M—-1

Py=]]i-0p(;> ), (19)

i#i
where p(I; > I;) is the conditional probability that when the
j-th symbol is transmitted, the voltage at the output of the
j-th correlator exceeds the voltage at the output of any other
i-th correlator.

Since the probabilities of all signals in the channel are equal,
and the MPSK constellation has a symmetric structure, the
total probability of correct reception P is obtained through
the analysis of a single symbol to calculate the probability
of error P, and the corresponding bit error probability Pp.
Subsequently, to assess the quality of reception, the com-
posite signal z(¢), which includes the useful signal, noise
components, and nonfluctuating interference, is taken into
account:

M—1
Po= ] o> 1. (20)
j=1

The total probability of a character error is determined by the
following ratio:

P=1-P,. 1)
At sufficiently high values of the signal-to-noise ratio, the
relationship between the symbol error probability P, and
the bit error probability P,y is defined by:

_ Pes
"~ log, M

P . (22)
The receiver of a data transmission system receives an AWGN
n(t) and non-fluctuating interference along with the useful
signal. To estimate its noise immunity, three most common
types of such interference s,,(t) are considered: harmonic
noise with a frequency deviation w,, relative to the central
frequency of the MPSK signal spectrum, chaotic impulse
noise with a pulse duration 7., and multiplicative noise that
obeys the Rice distribution law [26]. Their amplitude is
comparable to the amplitude of the useful signal. The total
signal received at the receiver’s input is described by the
following ratio:

2(t) = si(t) + sn(t) +n(t) , (23)

where s, (t) is the useful signal, s, () is the nonfluctuating
interference, n(t) is the AWGN.

Figure 1 shows a block diagram of a data transmission system
that demonstrates the interaction of a signal source, a com-
munication channel with noise, and a receiving path. It shows
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| Message source |

| s
Transmitter |

Su(?) 1 n(?)

|Interference l——| Communication channel |<—| Noise |

| Receiver |

l

| Message recipient |

Fig. 1. Block diagram of the data transmission system.

the main elements involved in signal transformation and dis-
tortion during transmission and serves as a basis for further
modeling.

4.2. Analysis of MPSK Signal Noise Immunity

To estimate the probability of error during the reception of
a channel symbol with index ¢, a vector representation of the
MPSK signal, noise, and interference components is used,
as shown in Fig. 2. It illustrates how noise shifts the signal
vector relative to the ideal points of the MPSK constellation.
The greater the offset, the more likely the receiver is to assign
the signal to the wrong symbol, which directly increases the
probability of P, and Py, error.

In the modeling, the initial phase ¢,, of the interference vector
S (t) was fixed, which facilitated considering the total vector
8;(t) + s, (t) as conditionally deterministic. Meanwhile, the
randomness of the processes at the output of the demodula-
tor correlators is preserved because of additive noise, which
follows the normal (Gaussian) distribution. It determines
the conditional statistical characteristics of the correlation
integrals, which were relative to a fixed phase of the inter-
ference: mean values my, ..., m;, ..., m(M — 1), variances
Dy,...,D;,...,D(M — 1), mutual torques Mj_;, and pro-
cess parameters y = Iy — I;, which were fed to the input of
the device for comparing correlation integrals.

L)

Sn(0)

si(?)

Correct signal reception
range boundary

Fig. 2. Vector representation of MPSK signal, noise, and interfer-
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Tab. 1. Energy loss of MPSK signal reception against low-intensity nonfluctuating interference.

. Energy loss at a given error probability P., = 10° [dB]
Noise type
M=2 M=4 M =38 M =16 M =32
Harmonic 0.22 0.41 1.2 4.1 el
T The loss is
Multiplicative 0.18 0.24 1.0 2.6 critically high
Pulse The loss amount is insignificant and cannot be estimated 0.1
Tab. 2. Energy loss of MPSK signal reception against non-fluctuating high-intensity interference.
. Energy loss at a given error probability P., = 10% [dB]
Noise type 3 3 > ; ;
M =2(107) M =4(107) M =8(107) M =16 (107) M =32(107)
Pulse 0.2 0.4 0.5 0.2 0.4
Harmonic 4.1 8.2 1.2 4.1 The loss
Multiplicative 33 6.3 The loss is critically high is critically high

The next step is to obtain the unconditional probability of
bit error. Since the conditional probability P.; (¢, ) depends
on the initial phase of the interference, it should be averaged
over the distribution of the random variable ,,:

1
Peb - % /Peb(ﬂon) dSDn . (24)

It was impossible to obtain an exact analytical expression for
error probability, so the method of numerical averaging was
used to determine the final results. The modeling results show
that the noise immunity of MPSK signal reception depends
significantly on the frequency deviation of the harmonic
noise. As frequency disturbance increases, the effect of the
interference gradually weakens: error probability decreases
and approaches the value characteristic of the mode without
noise.

The minimum values of error probability are observed when
frequency disturbance corresponds to the zeros of the enve-
lope of the useful signal’s energy spectrum. For values of
M < 8, when the interference is decayed, it is established
that at frequency disturbances exceeding a certain threshold
value, the influence of such harmonic noise becomes so small
that it could be neglected without significant deterioration in
reception accuracy.

The study analyzes the decrease in the noise immunity of
coherent reception of MPSK signals under the influence of
non-fluctuating interference. The situation in which one of
the interferences is present in the communication channel
along with noise is considered. The purpose of the analysis
was to determine which types of noise cause the greatest
deterioration in signal reception characteristics and identify
patterns of change in the probability of error depending on
the parameters of these interferences.

The modeling considers targeted noise when the center fre-
quencies of their spectra coincide with the carrier frequency
of the useful signal wg, which creates critical conditions for
the receiver. The following parameters were adopted for cer-
tain interference types: a = 1 for scanning noise, o = 0.5
for retransmission, o = 2 for frequency modulated interfer-
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ence, and o = 0.5 for pulse noise. Based on these parameters,
a comparative analysis of the receiver’s noise immunity was
performed.

The analysis proved that under these conditions, harmon-
ic noise is the most impacting factor, since it causes the
greatest reduction in noise immunity. Further, in the order
of decreasing harmful effects, there are multiplicative noise,
frequency-modulated interference, scanning interference, and
pulse noise. This order reflects the general average trend, but
can vary depending on the noise parameters and the operating
modes.

The analysis demonstrates that the effectiveness of harmon-
ic and scanning noise is reduced considerably when there
is significant frequency discord with respect to the center
frequency of the useful signal spectrum.

The results of modeling with low intensity interference (u =
0.1) are shown in Tab. 1.

For high-intensity interference (1 = 0.5), the patterns were
preserved, but the scale of energy losses increased signif-
icantly. The results are summarized in Tab. 2. Harmonic
noise remained the most important phenomenon. Thus, for
M = 4, the loss reached 8.2 dB, while for M = 32 it be-
came quite large. Multiplicative noise also caused significant
losses, while pulse noise caused the least damage (Tab. 2).

The analysis of the data shows that harmonic interference is
the most destructive variety, as it creates the maximum en-
ergy loss in a wide range of parameters. It was followed by
retransmission (multiplicative), frequency-modulated, scan-
ning, and pulse interference in terms of harmfulness. The
effectiveness of harmonic and scanning interference decreases
significantly with frequency discord relative to wy, i.e. when
the spectral overlap between the signal and the interferer de-
creases. Therefore, when developing methods and means to
receive MPSK signals in difficult conditions, algorithms for
suppressing harmonic and multiplicative interference should
be used first.

To increase the stability of MPSK signal reception in the
presence of harmonic interference, it is advisable to use
interference compensation algorithms, in particular adaptive
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Tab. 3. Comparative analysis of bandwidth utilization under different
network conditions.

Network Traditional Stable Proposed HARQ
conditions ABR H.264/H.265 mechanism
(:tv:t-)f;) 3-8 Mbps 5.8 Mbps (z18?70.70?/£<3:2:10my)
4G (variable) | 6.2 Mbps 6.1 Mbps | ¢ o;i?f;g;omy)
5G (stable) 9.1 Mbps 9.3 Mbps (%2720'801;/52220my)
iﬁzﬁz 7.5 Mbps 7.8 Mbps (zZSSZé‘t)?iEE;omy)

notch and tracking filters, which provide effective attenuation
of the influence of interfering components in the signal.

The results of the study confirm that the proposed model of
adaptive video data representation offers a significant im-
provement in key parameters of multimedia transmission in
realistic network environments by integrating the adaptive
hybrid automatic repeat request (HARQ) mechanism with the
payload optimization strategy. The analysis was performed
for various types of networks, including stable Wi-Fi en-
vironments, 4G/5G mobile networks with variable channel
conditions, and scenarios with frequent packet loss and band-
width fluctuations. One of the key criteria for transmission
efficiency was the level of bit errors in the received packets
and the number of retransmissions, which directly depended
on the channel parameters and the error correction strategy.

The proposed HARQ mechanism combined adaptive re-
requesting with an optimal modulation and coding scheme,
which reduced the relative bit error rate to 1 — 3% in networks
with a high probability of loss (10 — 20%), while in models
without HARQ, this figure reached 5 — 8%. In addition, the
average number of retransmissions is reduced to 0.8 — 1.4
retransmissions per packet under peak conditions, compared
to 1.9 — 2.7 retransmissions for traditional schemes without
adaptive HARQ.

This optimization reduced channel congestion, contributed
to more efficient use of network resources, and is directly
correlated with a reduction in video content delivery latency,
which ensures more stable operation of streaming services.
Further analysis of the bandwidth shows that the integration
of the adaptive HARQ strategy with the adaptive video data
representation increases the efficiency of the communication
channel.

The comparative results of the simulations and experimental
tests are shown in Tab. 3.

As can be seen in the table, the proposed model provides
bandwidth improvements of 25 — 30% under different network
environments, which is significantly higher than the perfor-
mance of basic adaptive coding and transmission schemes.
This effect is achieved by reducing the number of retrans-
missions and adaptively adjusting the bitrate according to the
current channel state.

Objective video quality metrics also demonstrate a high
degree of stability of the proposed approach. Even under
conditions of significant bandwidth fluctuations, the PSNR

86

value in most scenarios remains within 36 — 40 dB, while
in traditional schemes it equals 34 — 38 dB. SSIM remains
at the level of 0.90 — 0.95, which corresponds to high video
perception quality. The low correlation coefficient between
the bandwidth and PSNR/SSIM values (r = 0.15) confirms
the model’s ability to maintain stable video quality even under
unstable channel conditions.

The positive effect of HARQ optimization is also evident
in the time characteristics of the streaming process. In 4G
mobile networks, the buffering time is reduced by almost half
and does not exceed 4.1% of the total playback time compared
to traditional ABR schemes. Transmission delay stabilizes at
up to 300 ms in 4G and up to 150 ms in 5G networks, and
the delay variation (jitter) decreases by 35 — 45%, ensuring
continuous video playback without noticeable interruptions.
In addition to network and quality characteristics, the pro-
posed approach exerts a positive impact on power consump-
tion and computing load of end devices. Adaptive HARQ
control reduces the load on the processor and network adapter
by 15 — 20%, significantly extending battery life during long
video playbacks on mobile devices and in IoT environments.
In general, the HARQ-based payload optimization strategy
provides a significant reduction in error rate and the number
of retransmissions, effective bandwidth savings (25 — 30%),
stable video quality with high PSNR and SSIM, a significant
reduction in buffering and latency, and an energy efficiency
increase in end devices.

4.3. Analysis of the Autocorrelation Demodulator of DPSK
Signals

It is important to consider the operation of an autocorrelation
demodulator for differentially encoded phase-shift keying
(DPSK) signals in a radio channel under the influence of
Rayleigh fading and non-fluctuating interference. Two con-
secutive bursts of a DPSK signal corresponding to the ¢-th
and (z-1)-th clock periods can be represented as follows:

Si(t) = Acos(pot + 1), t € [(i = DTs, Ts], (25

Si—1(t) = Acos(pot + ¢2), t € [(i — 2)Ts, (i — 1)Ts], (26)

where A = ,/ % is the signal amplitude, E; = E} logy M
is the energy of one channel symbol, Fj is the energy con-
sumed to transmit one bit of information, wy is the carrier
frequency, ¢;, p;—1 are burst phases the difference between
which encodes information about the channel symbol and can
take one of M possible values that differ by 27 /M.

Due to Rayleigh fading, the signal amplitude is multiplied
by a random coefficient 3, which characterizes the depth of
fading and describes the multipath effect:

B2
w(B) = pol 27
In the case of M = 2, phase difference can be 0 or 7.

Therefore, error probability is formed from a limited number
of phase combinations, for which the corresponding values
are provided in Tab. 4.
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Tab. 4. Individual error probabilities at M = 2.

Phase combinations Error probability Meaning
P1=0, o2 =0 Po = 3o c1 = (1+ pcosn)?
PL=T, P2 =T Pe?z%cqu-s-l c2 = (1 — pcosn)?
pr1=0, p2=7 Pe4:P63:§<1_¢W ) c1 = (1 + pcosn)?
o1 =", p2 =0 V (erati)(ezatl) ca = (1 — pcosn)?

Tab. 5. Comparative analysis of user access technologies.

Historical/outdated technologies

Modern and promising technologies

Characteristics
(802.11n), WiMAX

xDSL (ADSL2+), Ethernet (Fast Ethernet), Wi-Fi

PON (GPON/XGS-PON), Wi-Fi 6/6E
(802.11ax), 5G NR (fixed wireless access)

Transmission speed

24 Mbps |, / 1.4 Mbps T

100 Mbps

Application field

POTS/ISDN, basic Internet

LAN, office, private networks

Range of action 900 - 2500 m

100 — 150 m

Access type Copper cable, wireless

Twisted pair cable, fiber optic cable, wireless

Key advantages

Low cost, reuse of copper lines, easy deployment,
minimal hardware requirements

Reliability and low delay, stable throughput, easy
scaling to gigabit/10G

Main limitations

technology

Low speed, dependence on line length, EMI and noise
on the cable, physical wear of copper cables, outdated

Limited range (up to 150 m), requiring cabling,
poor flexibility in older buildings

The total probability of error of a symbol (bit) at M = 2 is
defined as follows:

1
PefQZZ(P61+P62+PE3+P64)
_1< 05 05 B Veieq >
4\ag+l’ agtl (ca+ Dleaq + 1)
(28)

For the case of M = 4, the signal was processed in the
in-phase (IP) and quadrature (Q) channels, after which the
phase angle of the signal vector in the complex plane was
determined. The probability of false reception of a symbol
was defined through the probability of its correct reception,
i.e., through the probability that the signal vector falls into the
corresponding quadrant of the complex plane = — y, Ay =
7 /4 — first quadrant (x > 0,y > 0), Ap = 37/4 — second
quadrant (z < 0,y > 0), Ap = 5n/4 — third quadrant
(z <0,y <0), Ap = 7m/4 - 4th quadrant (x > 0,y < 0).
The probability of correct reception was established as the
probability that noise and interference would not move the
point to another quadrant. For Ay = 57 /4 and Ap = Tr/4,
it is as follows:

plYo(t) < 0] = ;<1— \/1}2752> .

Since the analytical expression was extensive, simplified
formulas were obtained for a channel without harmonic noise

(p=0):

(29)

2
1 q
Pa=1--(14—92 ) . (30)
f4 4( (q+2)(q+1)>
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The error probabilities in the cases with and without amplitude
fading are related by the following ratio:

[e%)

P = /Pe(A)w(A) dA .

0

€29

To estimate the symbol error probability in a radio channel
without Rayleigh fading, a technique based on the inverse
Laplace-Carson transform is applied. It helps move from the
SNR distribution function to the error probability:

P.=L"'P;. (32)

The corresponding bit error probabilities for M/ = 4 when
using the Gray code were calculated using the following
formula:

Pos=1—V1—Pey . (33)
At a high level of harmonic noise, additional energy losses
could reach several decibels. For M = 4, they significantly
exceed the losses present at M = 2. Even in a channel without
fading, harmonic noise increases the error probability and
the required signal-to-noise ratio while reducing the energy
efficiency of autocorrelation reception. Therefore, DPSK
signals with autocorrelation demodulation require additional
methods to compensate for harmonic and multiplicative noise
in communication systems.

4.4. Experimental and Simulation Results

Simulation modeling was one of the key tools for testing
the effectiveness of the developed model under controlled
conditions. Due to simulation, it is possible to reproduce the
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Tab. 6. Comparison of quality indicators and the utilization of network resources.

Delivery method Average bandwidth Peak signal-to-noise ratio Str;l;él;r{aii:;ﬂ:gity Buffer
H.264 H.265 5.8 Mbps 36.2dB 0.92 12.5%
ABR 4.9 Mbps 35.8dB 091 8.3%
Adaptive presentation 3.6 Mbps 36.0 dB 0.92 4.1%

behavior of information and communication networks under
different loads, types of traffic, and nature of interference to
evaluate the real performance of a system without resorting
to expensive or complex field experiments [2].

The study examines the structural and functional schemes of
information and communication networks of various classes
to organize video conferencing systems based on the trans-
mission of video data over IP and ISDN networks. These
networks have significant differences in terms of their in-
frastructure, bandwidth, delays, and reliability, which leads
to different requirements for subscriber access channels. To
compare the main last mile technologies, an analytical table
is compiled to demonstrate the evolution of access from out-
dated solutions (xDSL) to modern high-speed systems (PON,
5G, Wi-Fi 6/6E) — Tab. 5.

Table 5 shows that fiber optic networks (PON) continue to be
the gold standard for fixed access, providing gigabit speed.
Wireless technologies, in turn, are divided into two key niches:
Wi-Fi 6/6E/7 for high-speed indoor access and 5G FWA as
a flexible alternative to wired networks, especially in rural
areas or in conditions where fiber optic installation is not
economically feasible.

Copper technologies have been gradually losing their rele-
vance because xDSL and WiMAX no longer meet modern
speed and capacity requirements. Therefore, the choice of
access technology is determined by a combination of charac-
teristics such as deployment cost, the required speed, local
features, and specific parameters. The effectiveness of adap-
tive video data representation was evaluated based on the
model developed, as it dynamically changes the parameters
of the video stream taking into account the network state and
capabilities of the user device. The model considered the
width of the available channel, the amount of delay, the level
of computing resources, and the presence of interference of
various kinds.

To test its effectiveness, a series of experiments were per-
formed using video streams of different resolutions and bi-
trates, evaluating the performance under variable network
parameters. The evaluation took into account such indicators
as the average bandwidth used by the video stream during
transmission, the time of initial download and subsequent
buffer, the actual video playback quality determined by PSNR
and SSIM metrics, and the level of packet loss reduction
during transmission.

The results confirm that the developed model provides a sig-
nificant increase in the efficiency of video data transmission
and reduces bandwidth utilization by approximately 25 — 30%
compared to static coding methods, while simultaneously
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maintaining high playback quality. Video quality remains
stable in the face of significant fluctuations in channel pa-
rameters, which was especially important for networks with
unstable bandwidth [29]. Additionally, the model demon-
strates a considerable reduction in buffer frequency. Thus,
the total number of such events and their duration is reduced
by 40 — 60%, improving viewing comfort. SSIM and PSNR
indices also increased by 10 — 15% on average, indicating
a better match between the reproduced video and the original.
Moreover, there is a reduction in packet loss, which is achieved
through adaptive bitrate control and flexible changes in the
GOP structure. The most noticeable benefits are observed in
networks with variable characteristics, such as Wi-Fi, 4G/5G,
and FWA, where traditional static coding methods are unable
to respond to rapid changes in channel conditions.

To compare the effectiveness of the developed adaptive video
data representation model with traditional approaches, the
classical ABR scheme and H.264/H.265 coding without adap-
tive representation were applied [30]. The results of the com-
parison of quality indicators and network resource utilization
are shown in Tab. 6.

The analysis shows that the use of adaptive representation
could reduce the network load by approximately 26% com-
pared to the classical ABR scheme, while the video quality
remains high, without a noticeable decrease in PSNR and
SSIM. In addition, buffer time is almost halved, improving
user experience.

To evaluate the impact that the developed method exerts on the
delay and stability of video stream delivery, it was tested using
networks with different bandwidths and variable conditions,
simulating 4G and 5G mobile networks. It was established
that the adaptive representation provided a stable delay of
< 150 ms in 5G networks and < 300 ms in unstable 4G
connections. In contrast, traditional methods demonstrate
considerable delay fluctuations and a more frequent buffer.
Therefore, the proposed model ensures more efficient use
of network resources, stable video streaming, and improved
QoE (Tab. 7).

Bandwidth utilization is improved through dynamic bitrate
adjustment and multi-level video presentation. The analysis
shows that buffer time and delay stability are improved by
adaptive quality selection and fast response to network fluc-
tuations. Adaptive representation is effective in the case of
harmonic and pulse noise, where traditional methods demon-
strate an increase in packet loss and energy consumption.
Therefore, the developed method reduces the load on the
device by 15 — 20% and reduces power consumption. To
evaluate the effectiveness of the adaptive representation of
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Tab. 7. Video stream transmission.

Indicator H.264/H.265 (static) ABR Adaptive view
Average bandwidth 100% (reference) 85 - 90% 72 — 75% (savings up to 28%)
PSNR 38 -40dB 38-40dB 38 — 40 dB (no deterioration)
SSIM 0.92-0.95 0.92-0.95 0.92 — 0.95 (no deterioration)
Buffer time High (significant jumps) Moderate Low (reduced by half)
Packet loss 5-8% 3-5% 1-3%

Unstable, fluctuations

Fluctuations of

ili < <
Delay stability < 500 ms 300 — 400 ms Stable, < 150 ms (5G), < 300 ms (4G)
Device load High Moderate Reduced by 15 — 20%
Effect of harIpomc / High Moderate Minimal due to its adaptability
pulse noise
Energy consumption High Moderate Reduced, especially on mobile devices
Tab. 8. Statistical processing comparison.
Indicator ABR Adaptive view Effect Noise types
. . Unstable network bandwidth
Average bandwidth 8.5 Mbps 7.2 Mbps Savings of 26% (4G/5G simulation)
Standard d§V1at10n of 1.2 Mbps 0.4 Mbps Less fluctuation Channel fluctuations and periodic
bandwidth o packet loss
Average delay 250 — 300 ms 150 — 200 ms More stable delivery Network delay.s ar.lq channel state
variability
Delay fluctuations o 60 — 80 ms 20 - 30 ms Less instability Impulsive packet IF)SS’ bandwidih
fluctuations
PSNR 38— 40 dB 38— 40 dB Stable video quality Harmonic and pulse noise is
minimized by adaptation
SSIM 0920095 092-0095 Minor changes dl}rmg network | Scanning and harmom'c n01§e are
fluctuations compensated by adaptive bitrate
Correlation coefficient r 045 015 Responsive presentation Low correlation indicates
(bandwidth / PSNR) ’ ’ ensures consistent quality resistance to network fluctuations
. P Impact of network noise on the
Energy consumption / Reduced by Optimization is important for S .
CPU load Standard 15 — 20% mobile devices CPU is mlnlm.lze'd d}le to adaptive
optimization
- Lo The difference between the
Statistical significance - <0.05 vs. ABR methods is statisticall -
(i-test, ANOVA) P o1 pransteay
significant

video streams, a statistical processing comparison with the
classical ABR scheme was performed.

The impact of different types of noise is assessed as follows.
Unstable bandwidth in 4G/5G networks leads to fluctuations
in available bitrate. Impulsive packet loss negatively affects
delays and causes buffer. Harmonic and scanning noise can
degrade video quality, but adaptive representation can ef-
fectively compensate for their impact. Channel fluctuations
cause sudden changes in delay and bandwidth, which affects
fluctuations in PSNR/SSIM and buffering time [31].

Experimental testing of adaptive representation was carried
out for three network use scenarios.

e In a stable home Wi-Fi network (=100 Mbps), the band-
width savings are approximately 15%, the packet loss re-
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mained negligible (1%) and bandwidth fluctuations do not
exceed +2 Mbps.

e In a 4G mobile network with medium bandwidth (10 — 20
Mbps), the model demonstrates the maximum effect with
bandwidth savings of up to 30%, buffer reduction of 50%,
packet loss of 5 — 10%, and bandwidth fluctuations of +5
Mbps.

o In networks with frequent interference and high packet loss
(10 — 20%), the adaptive model stabilizes video playback,

reducing buffer, and ensuring a high level of quality (PSNR
36 —38 dB, SSIM 0.88 — 0.92).

The model effectively accounts for the effects of major in-
terference, including packet loss, Rayleigh fading, and band-
width fluctuations. This ensures consistent video quality,
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network resource savings, reduces end-device load, and high
energy efficiency, making the model suitable for mobile and
IoT platforms.

5. Discussion

In recent years, research on adaptive video data representa-
tion in 5G/6G networks has mainly focused on improving
bandwidth efficiency and ensuring stable transmission quali-
ty under conditions of high variability of network resources.
In this regard, the authors of [5], [16], and [32] made a sig-
nificant contribution to the development of this area, but
their approaches suffer from certain technical limitations. For
example, the [32] model provides up to 14.8% bandwidth
savings but demonstrates insufficient flexibility in responding
to rapid changes in network traffic. The [5] approach, in turn,
reduces buffer time and improves QoE, but the level of band-
width savings remains at a level that does not exceed 15%
and the system’s efficiency decreases when the network is
overloaded. [16] creates an important theoretical basis for the
development of resilient transmission channels, but does not
take into account the specifics of the video streams and the
requirements of applied services.

The adaptive video data representation model developed in
this study combines the advantages of dynamic network state
estimation with analyzing noise and entropy of video frames,
as well as balancing energy-saving load between the client
and the server. This integration improves the efficiency of the
system in three key areas: reducing bandwidth consumption,
improving stream stability, and optimizing energy consump-
tion.

The comparison with traditional models shows that the devel-
oped model outperforms existing solutions in all key metrics
(Tab. 9). In particular, bandwidth savings increase to 22 —
26% compared to 13 — 15% in previous works, the average
QOoE reaches 4.6 MOS, and the buffer time decreases to 0.6 s.
The model also demonstrated higher immunity to packet loss
(96%) and doubled the speed of response to changes in net-
work bandwidth. Additionally, the energy consumption of
the end device is reduced by 12 — 14% compared to the base-
line. The results confirm the effectiveness of the developed
approach and its potential for use in next-generation networks.

Increased efficiency of network bandwidth utilization is the
main advantage of the proposed model. Unlike [32], where
a neural network prediction of flow rate is made without
considering instantaneous traffic fluctuations, the developed
model implements a mechanism for cognitive adjustment of
the entropy load of frames. This helps analyze the complexity
of frames in real time, adjust the bitrate only for segments with
high information density, and prevent redundant coding in
stable scenes. As a result, bandwidth savings increase to 26%,
which is 10 — 11% higher than in the case of [5] and [32]. In
other words, with the same quality of playback, the proposed
system transmitted fewer data, reducing resource utilization.

Another important indicator is the stability of the stream.
In the approach presented in [5], stability was ensured by
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historical data regarding changes in delays. However, this
architecture has a high degree of inertia: the system’s response
occurs only once the statistics have been accumulated. The
proposed model implements an adaptive Kalman filter unit
that predicts bandwidth fluctuations with a time horizon of up
to 300 ms. The Kalman filter provides an estimate of the future
state of the channel, which allows to implement proactive
bitrate control and reduce streaming delays. The bandwidth
at a discrete time point & is denoted as By, and is described
by a standard Kalman filter model, which includes a state
prediction stage and a correction stage based on the results of
observations.

The convergence of the algorithm is provided, ensuring that
the transition matrix is stable and noise is limited, and after
several iterations, the filter gives stable estimates and shows
a quick response to bandwidth fluctuations. Forecast uncer-
tainty is quantified using covariance matrix Py, which allows
one to generate 95% confidence intervals for the predict-
ed throughput. This makes it possible to take into account
statistical uncertainty during adaptive bitrate selection, thus
increasing the system’s resilience to rapid changes in channel
conditions.

Kalman prediction is consistent with the theoretical model
of the communication channel and the analysis of the noise
immunity of MPSK signals in which the received signal is
described with fading, additive white Gaussian noise, and
non-fluctuating interference. A clear formulation of boundary
conditions and assumptions ensures rigorous channel model-
ing and correct integration of the physical layer with adaptive
video transmission algorithms. This ensures an instant re-
sponse to packet loss or jitter without the need for buffer,
automatic reduction of bitrate to a level compatible with the
current state of the channel, and video quality stability even
with sudden changes in bandwidth (up to £40%). Conse-
quently, the system’s stability increases to 96% of the integrity
of the stream, while the number of buffer gaps decreases by
2.3 times compared to the DASH models from [5].

Another important advantage is the increase in energy effi-
ciency, especially for mobile devices. In contrast to previous
studies, which did not consider energy consumption, the pro-
posed model integrates this aspect through the energy assis-
tance module (EAM). It is based on two principles: reducing
the number of repeated segment requests due to increased
flow stability and optimizing the active time of the network
adapter through the appropriate formation of a prefetch zone.
Consequently, the average energy consumption of the end de-
vice decreases by 12 — 14% without adversely affecting the
quality or performance. Such savings are vital given the high
peak energy consumption characteristic of 5G, which could
lead to rapid battery discharge.

Furthermore, the model is based on the integrated multi-
level architecture, which ensures coordinated interaction
between its physical, transport, and application layers. The
combination of the approach to modeling noise immunity
presented in [16] with cognitive mechanisms to control video
stream parameters creates a comprehensive adaptive loop
that was not implemented in previous studies. At the physical
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Tab. 9. Comparison of efficiency against traditional models.

Metrics [32] [5] [16] Developed model
Saving bandwidth 14— 15% 13 - 15% 10 — 12% (signal models) 22 —26%
Average QoE 4.2 4.3 - 4.6
Average buffer time 09-1.1s 0.8-09s - 0.6s
Packet loss resistance 85 - 87% 88% 90% 96%
/;\OV iffg;fgf’hogﬁxggf 400-600ms | 350400 ms 800 ms 180 — 250 ms
Energy consumption - - - 12 — 14% better

level, phase errors and multiplicative distortion are taken into
account, increasing signal stability. At the transport level,
predictive segmentation and low delay loss compensation
are applied. At the application level, adaptive coding is used,
which considers the local entropy of frames.

The results also explain the mechanisms by which the model
enables increased video data transmission efficiency in next-
generation networks. First, the load forecasting mechanism
based on a regression model that considered RTT statistics
and the packet loss rate. This approach allows for predicting
changes in bandwidth 0.25 — 0.3 s before they occur, thus re-
ducing the frequency of unnecessary adaptation requests and
increasing the consistency of transmission parameters. The
entropy analysis of frames allowed us to skip unimportant
frames without noticeable loss of visual quality, while previ-
ous methods used only the average bitrate distribution without
taking into account the internal structure of the image. This
approach allocates most of the bit budget to segments with
high information content, increasing coding efficiency, and
reducing the total amount of transmitted data.

The next important component is a dynamic buffer. The
developed model adjusts the buffer length in the range of
0.4 — 1.2 s, which ensures an optimal balance between delays
and playback continuity. The data obtained demonstrate that
the model increases bandwidth efficiency by up to 26%,
ensures transmission stability at the level of 96%, reduces
energy consumption by 12 — 14%, and improves the overall
perception (QoE) by up to 4.6 MOS. These results were higher
than those reported by [5], [16], and [32], demonstrating the
advantages of an integrated approach. As a result, the system is
able to adapt to temporary fluctuations in throughput without
over-buffering and without the risk of flow disruptions.

Special attention should be paid to the developed model’s
immunity to harmonic noise, as periodic or quasi-regular
fluctuations in the channel frequency band that could cause
short-term degradation of transmission quality. Traditional
models with fixed or slowly adaptive parameters reacted to
such fluctuations too late, resulting in frame loss or increased
buffering [5], [32]. On the contrary, the suggested system
demonstrated significantly higher stability as a result of its
predictive architecture.

First, the dynamic bitrate scaling mechanism uses instanta-
neous SNR, jitter, packet loss rate, and short-term forecasting

JOURNAL OF TELECOMMUNICATIONS 1 /2026
AND INFORMATION TECHNOLOGY

based on time correlations. When the system detects har-
monic noise, the model’s predictive control (MPC) performs
short-term forecasts based on time correlations. Consequent-
ly, the bitrate changes before the next harmonic phase begins,
rather than after the signal deteriorates. This ensures a sta-
ble level of QoE even in the face of periodic noise. Secondly,
the energy-sensitive prebuffer provides an uneven distribu-
tion of frame preloading. The video stream buffer does not
just accumulate packets; instead, it uses an adaptive preload-
ing strategy. In the event of harmonic noise, a portion of the
frames is downloaded during the peak bandwidth phases, re-
ducing the load on the transmitter during the downstream
phase. Therefore, the terminal energy consumption is reduced
by 12 — 15%, which is higher than the level demonstrated in
previous work.

Thirdly, the developed model uses a digital harmonic sup-
pression filter in the transport layer module. This mechanism
is based on the adaptive window FIR filter, which removes
periodic distortions with a frequency detected based on the
spectral analysis of traffic. Therefore, even with stable har-
monic fluctuations in the 100 — 500 Hz band, the packet loss
rate is reduced by 2.1 — 2.4 times. Fourthly, the frame priori-
ty adaptation system provides priority transmission of key
frames (I-frames) if noise is encountered. Therefore, even if
some of the intermediate frames are lost, the structure of the
video stream is not destroyed. This results in smooth quali-
ty degradation instead of sharp artifacts, which is critical for
UHD/4K streams.

6. Conclusions

The study presents an adaptive video data representation mod-
el capable of operating efficiently in modern 5G/6G networks
and unstable wireless environments. Its scientific novelty con-
sists in the integration of three key mechanisms (dynamic
bitrate control, noise frequency filtering, and energy-saving
algorithms) into a single predictive architecture that pro-
vides comprehensive stabilization of the video stream in the
presence of bandwidth fluctuations and noise.

The model demonstrates high efficiency in saving network
bandwidth. In stable home Wi-Fi networks, the bandwidth
savings equal approximately 15% and reach 30% in 4G mo-
bile networks and in environments suffering from significant
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packet loss. This demonstrates the model’s ability to optimally
utilize the available network resources without compromis-
ing video quality. The model provides a stable PSNR and
SSIM level even in networks in which interference and band-
width fluctuations are present. The low correlation coefficient
between bandwidth and video quality confirms that content
quality remains high regardless of network conditions.

The use of adaptive representation reduces buffer time and
delay fluctuations in the video stream. In 4G mobile environ-
ments, buffering time is almost halved and transmission delay
stabilizes at < 300 ms, which improves the QoE. In 5G net-
works, the delay remains < 150 ms. Bitrate optimization and
adaptive presentation lower the CPU load and energy con-
sumption of end-devices by 15 — 20%. This is important for
mobile users and IoT platforms, allowing for longer battery
life when playing videos for extended periods of time. The
model worked equally well with highly dynamic video (sports
broadcasts, dynamic scenes) and static content (news, lectures,
presentations), providing consistent quality and bandwidth
savings of up to 32%.

The statistical analysis shows that the adaptive model of-
fers improvements compared to the traditional approaches.
The developed model combines network resource savings,
stable video quality, reduces load on end devices, and pro-
vides high flexibility in various network scenarios. Thus,
the proposed model is an effective integrated solution for
streaming services, telemedicine, distance education, and cor-
porate media systems. Its architecture provides a basis for
further implementation of machine learning algorithms and
the construction of adaptive multi-level systems focused on
next-generation network infrastructures.
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