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Abstract — The paper considers the adaptive forward error
correction (FEC) technique for real-time video transmission
over a feedback-free channel with limited bandwidth and non-
stationary interference. A hybrid Reed—Solomon coding method
is proposed in GF(2®), combining differentiated redundancy
across specific frame types (I, P, and B), with adaptive code
parameter control driven by physical layer channel state estima-
tion. The channel is modeled by a three-state Markov process
called Gilbert-Elliott—-Jamming (GEJ), in which an explicit jam-
ming state is added to the classical Gilbert-Elliott model. A
closed-form expression for the block decoding failure probabili-
ty under the erasure model is derived, and applicability bounds
for representative RS configurations are determined. A redun-
dancy adaptation function with a guaranteed upper bound on
overhead is introduced together with a control algorithm. Ex-
periments conducted under four scenarios (stable Wi-Fi, mobile
4G, tactical channel and active jamming) show that the mission
success rate increases from 60% for fixed RS and 50% for SRT
to 78% under sustained jamming, while the time to first frame
decreases from 600 —1200 ms to 200 ms. The method is imple-
mentable on the ESP32-S3 and ARM Cortex-M4 platforms with
an encoding throughput of 4 to 8 Mbps.

Keywords — adaptive forward error correction, jamming-resistant
video, Reed—Solomon codes, video streaming

1. Introduction

Video transmissions account for over 80% of global Inter-
net traffic and continue to grow faster than the underlying
infrastructure is capable of absorbing them [1], [2]. This
growth is driven not only by entertainment streaming but al-
so0, increasingly, by interactive and mission-critical services
such as remote surgery and telemedicine, disaster response
and emergency communications, remote education, indus-
trial teleoperation, as well as video links of unmanned aeri-
al and robotic platforms. In such cases, an interruption of
the picture is not merely a comfort issue, but a safety- and
outcome-critical failure. Within this broader class, the most
demanding applications are those in which the decoded pic-
ture is part of a control loop. These include the following:
military and dual use unmanned aerial vehicles, tactical radio
links, telemedicine, and critical infrastructure monitoring.
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The efficiency of modern video delivery is based on predictive
compression. Contemporary codecs such as H.264/AVC [3],
H.265/HEVC [4] and the royalty-free AV 1 solution [5] orga-
nize the stream into groups of pictures (GOPs) built from three
frame types: intracoded I-frames, which are self-contained,
as well as intercoded P- and B-frames, which are predicted
from their neighbors. This creates a strong asymmetry in im-
portance: the loss of an I frame invalidates the related entire
GOP, whereas the loss of a single B-frame degrades only the
frame itself. In this paper, a protection scheme that ignores
this asymmetry and either wastes redundancy on the least im-
portant frames or leaves the most important ones exposed is
developed.

In this paper, the impact of residual losses is ultimately judged
in terms of perceived quality. Full-reference metrics such as
peak signal-to-noise ratio (PSNR) and structural similarity in-
dex (SSIM) [6] quantify the fidelity against a reference, while
the limitations of purely error-based measures are well docu-
mented [7]. Perceptual metrics, such as video multimethod
assessment fusion (VMAF) [8], correlate more closely with
subjective scores and have become a de-facto standard for
streaming evaluation. These metrics provide an objective
benchmark based on which the resilience of a transmission
scheme is assessed.

Furthermore, combat experience gathered in 2022 — 2025 has
shown that civilian real-time protocols, such as RTP, RTMP,
HLS, and analog FPV channels operating in the 2.4 and
5.8 GHz bands, are not usable in zones of active electronic
warfare (EW), because wideband jamming destroys both
the video downlink and the UAV control uplink [9], [10].
Retransmission-based protocols, i.e., TCP and RTP/RTCP
with ARQ, introduce end-to-end latency of 100—-200 ms,
which is unacceptable for real-time control and the loss of key
frames (I frames) interferes with decoder synchronization.

Forward error correction (FEC) offers a good alternative.
However, a fixed FEC scheme is not well matched to a non-
stationary channel: at low loss rates it wastes bandwidth,
while at high loss rates it does not deliver sufficient resilience.

From this dependency, we formulate the research problem as
follows. The purpose of the research is to design an adaptive
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FEC method, based on Reed—Solomon codes, that guaran-
tees, in the feedback-free transmission mode, a specific target
resilience level (Pr,; < €) while minimizing total redun-
dancy (Ogotq; — min) on a channel with non-stationary
characteristics.

Several aspects of the problem still lack a solution in the
literature. First, the classical Gilbert—Elliott model captures
impulsive interference, but not long, periodic blackouts that
characterize active jamming, and the analytical methodology
for feedback-free channels with explicit jamming states has
not been fully developed. Second, most published AFEC
algorithms do not provide an analytical upper bound on
total redundancy, which complicates deployment in bitrate-
constrained channels. Third, the adaptive schemes usually
apply a uniform FEC rate to all packets, ignoring the differing
importance of I, P and B frames within the group-of-pictures
(GOP) structure. Fourth, in one-way scenarios, for example,
a UAV transmitting to a ground station with a jammed uplink,
the algorithm has to rely only on a priori channel data and
physical layer measurements.

The object of this research is the process of transmitting real-
time video signals over a channel with limited bandwidth and
strong interference, operating in feedback-free one-way mode.
The purpose of the work is to develop an adaptive hybrid
Reed—Solomon coding method that ensures Pyq; < 10—3
at packet loss rates of up to 20%, with a guaranteed upper
bound on total redundancy equaling Oyt < 30% and an
end-to-end latency below 150 ms, with the solution remaining
implementable on embedded microcontroller platforms of
the ESP32-S3 and ARM Cortex-M4 class.

The research tasks set in support of this purpose are as follows:

e to derive a mathematical channel model that accounts for
non-stationary jamming states,

e to derive a closed-form expression for the block decoding
failure probability under the erasure model,

e to formalize the redundancy adaptation function and the
differentiated frame-type FEC control algorithm,

e to compare the RS code against alternative FEC schemes,

e to implement and verify the method on an experimental
software testbed.

2. Related Works

The theory of forward error correction for erasure channels is
mature. Reed—Solomon codes [11], introduced as polynomi-
al codes over finite fields, are maximum distance separable
(MDS) and, therefore, optimal in their trade-off between re-
dundancy and correction ability. Canonical treatments of their
algebraic decoding are provided in [12] and [13]. For multi-
media transport specifically, the low delay error protection
design space —from block codes to rateless and streaming
constructions —is surveyed in [14].

These foundations fix the achievable protection for a given
overhead, but say nothing about how the overhead should be
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chosen when the channel is non-stationary, which is the main
concern of the literature focusing on adaptive solutions.

As far as adaptive, channel state-driven FEC is concerned,
the most recent work tunes the coding parameters to the es-
timated channel state. The ABRF scheme of [15] performs
joint bitrate-FEC control and reports a 68 —95% reduction
in VMAF degradation compared to earlier adaptive FEC
schemes. In [16], DeepRS, an LSTM network, predicts pack-
et loss patterns and adjusts the RS parameters. Reinforcement
learning controllers such as RL-AFEC [17] and R-FEC [18]
select FEC parameters online from interaction with the net-
work.

These methods report substantial quality gains, but they
share two properties that matter here: they apply a single,
uniform code rate to all packets of a frame, ignoring the
GOP importance asymmetry, and they either rely on an
accurate online loss estimate or on a learned predictor, without
providing an analytical guarantee on the resulting redundancy.

In streaming, cross-layer, and neural approaches a parallel line
of work targets low latency through streaming code —such as
the Tambur method provided in [19] for videoconferencing —
and the network adaptive error control presented in [20] and
through cross-layer coordination between the application and
transport layers, as in VOXEL [21]. A more radical direction
replaces the codec itself with a neural solution.

The GRACE algorithm introduced in [22] reports a large
reduction in unrecoverable frames and a gain in the mean
opinion score at the cost of a learned encoder-decoder pair.
These approaches improve resilience but move away from
the lightweight, analytically tractable operation required on
resource-constrained hardware.

On the channel-modeling side, the Gilbert—Elliott two-state
model remains the standard abstraction of a bursty erasure
channel, because it represents a single “bad” regime. It un-
derestimates the long periodic blackouts produced by active
jamming.

To the best of our knowledge, no existing methods address
the combination of the three following elements jointly: an
explicit jamming state inside the channel model, a closed-
form analytical bound on FEC overhead, and an explicit use
of GOP frame type differentiation in the adaptive control.

3. Proposed Method

3.1. Mathematical Channel Model

We modeled the channel as a three-state Markov GEJ
(Gilbert-Elliott-Jamming) process with states {G, B, J} and
a transition probability matrix. In state G (good), the packet-
loss probability is pe < 0.01, in state B (bad) it lies in
pp € [0.05,0.15] (impulsive interference), and in state .J
(jamming) it is p; ~ 1.0 (a near-complete blackout). The
transition matrix is parametrized by Pgp, Psa, P, Pia,
Ppj and Pjp, forming an irreducible ergodic chain in most
realistic regimes. The problem of sweep jamming, which
breaks stationarity, is treated separately.
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Tab. 1. GEJ model parameters for typical operating scenarios.

Scenario \ Tq \ TB \ Ty jZe! \ DB \ DJ \ Lp (avg) L, (avg)
S1: Wi-Fi 5 GHz 0.97 0.03 0.00 0.001 0.05 — 50 pkts —
S2: 4G/LTE 0.85 0.13 0.02 0.002 0.08 0.95 200 pkts 1000 pkts
S3: Tactical 0.60 0.30 0.10 0.005 0.15 0.99 500 pkts 5000 pkts
S4: Active EW 0.40 0.30 0.30 0.005 0.15 0.99 500 pkts 5000 pkts
The stationary distribution 7 = (7¢, 75, 7;) is the left Tab. 2. Block decoding failure probability for representative RS

principal eigenvector of the transition matrix, normalized
by 7 + mp + m; = 1. The typical scenario parameters [10]
are collected in Tab. 1. The steady-state packet loss probability
is:

Pavg = TG PG +TBPB+ T Py - (1)
The burst length distribution within each state follows an
exponential law:

—1

P(L >1)=elavs .

The model was calibrated by Baum—Welch estimation on
two real, publicly available packet loss traces that bracket
the regimes of interest: a benign link without jamming (the
CRAWDAD DUE packet delivery dataset [10], overall loss ~
33.6%) and a link recorded under a periodic RF jammer (the
CRAWDAD vanetjamming2014 dataset [23], overall loss ~
77.9%). Under the Kolmogorov—Smirnov criterion, the three-
state GEJ and the two-state Gilbert—Elliott models fit the
benign trace comparably, achieving a KS error of 0.02 vs.
0.03 —without jamming the third state is largely redundant.
Under active periodic jamming, the explicit jamming state
becomes decisive (KS error 0.25 vs. 0.88), because a single
bad state cannot simultaneously reproduce the short impulsive
bursts and the long deliberate blackout.

3.2. Block Decoding Failure Probability

Consider a systematic Reed-Solomon code RS(n, k) over
the finite Galois field GF(2®), n = 255. Its error-correcting
capability is:

t:[(";k)J. )

As a maximum distance separable (MDS) code, RS attains the
Singleton bound d;, = n— k41 and corrects up to ¢ symbol
errors with unknown positions or up to 2¢ erasures with
known positions. In UDP transmission with packet sequence
numbers, lost packets always have known positions, so the
erasure regime applies, doubling the protection capability.

The probability of failing to decode a block of length n under
independent Bernoulli losses with rate p is:

i=2t+1

Numerical values of Eq. (3) for representative RS configura-
tions are provided in Tab. 2. From the table, we can read off
applicability bounds: RS(255, 231, 12) keeps Pri < 10~3
as long as p < 5%, and RS(255, 191, 32) does so up to
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configurations (erasure model).

P Cyclic RS(255,231, | RS(255, 191,
[%] | g(z)=20+2124+234+1 t=12) t=32)

1 9.2.1071 3.0-10717 6.4-10"70
5 ~1 1.1-1073 7.8-1028
10 ~1 5.7-1071 1.2-10712
20 ~1 ~1 1.9-1072
30 ~1 ~1 9.5.1071

p < 10%. For p greater than 20%, the code alone is no longer
enough and one has to add interleaving or a frequency hop.
For burst losses of length L distributed exponentially, the
block failure probability is approximated by:

2t

Pt =e Tae 4)

An interleaving depth D distributes a burst of length L across
D blocks, reducing the effective burst length by a factor of
D:

2tD

Pl =e Tae . Q)

Beyond the block-failure probability, the effective rate R.g
captures both the nominal code rate k/n and the full-block
loss probability:

Reﬁ(pvnvt) = % . (1 - Pfﬂil(p, n, t)) . (6)

The decoding complexity of Berlekamp—Massey + Forney
over GF(28) is as follows:

Cuaec(n,t) = O(n -t + 7). )

For RS(255, 223, 16) this amounts to roughly 12 000 elemen-
tary GF operations per block, which translates to 12 s on an
ARM Cortex-M4 clocked at 168 MHz or approximately 1 us
on an ESP32-S3 that features hardware GF acceleration. The
effective channel throughput under a given code is:

k

where B is the physical radio-link capacity [bit/s].

3.3. Adaptive Redundancy Function and Differentiated
Protection

The proposed adaptation function combines packet loss prob-
ability and the average burst length into a single scalar coeffi-
cient such as:
L
f@(p,L):min{l—i—Qp—l——, 3}. )
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The cap rKmax = 3 prevents unbounded overhead growth
in catastrophically degraded channels. The redundancy for
frame type F' € {I, P, B} is as follows:

rFp = min {wF “Toase * K(p, L), 0.6} , (10)

where w; = 1.0, wp = 0.3, wp = 0.1 are weights and
Tbase € [0.1,0.4] constitutes the baseline rate driven by target
VMAF.

The total redundancy for a GOP of period G with size ratio
p=5;/Spand p € [4,10] is:
p-ri+(G—1)-rp
p+(G-1)
For a typical H.264 stream with GOP = 30 and p = 6, Eq.

(11) gives Oyorar = 23.4%, against 40% for uniform protection
at the same I-frame rate. This is a relative reduction of 41.5%.

Olotal = (1 1)

3.4. RS Code Selection

Table 3 summarizes the comparative properties of the FEC
schemes against key criteria. We selected the RS code as the
baseline FEC algorithm, because it satisfies three require-
ments at once. It is MDS, i.e. it offers the optimal correction
capability for a given redundancy, it tolerates burst losses
up to 2t erasures, and its decoding cost remains moderate —
about 12 000 GF operations per block at ¢ = 16, which is well
within the throughput capacity of an ESP32-S3 at 4 Mbps
encoding.

The alternatives we considered fail to satisfy at least one
of those criteria: RaptorQ does not provide a strict over-
head bound, LDPC needs a more powerful platform than
a Cortex-M4, and plain XOR-FEC offers very limited correc-
tion capability.

3.5. Parameter Sweep

To identify the best RS configuration for a given channel state,
we ran a sweep over the (¢, p) parametric plane. Five configu-
rations with n = 255 and k € {239,223,207,191,175}
so that ¢ € {8,16,24,32,40} were tested at p €
{1, 5,10, 15, 20, 25} %. The test vector was the publicly avail-
able mobile_cif.y4m sequence (Xiph media, CIF 352 x
288), and the full RS encoding and decoding were performed
on GF(2®) using reedsolo 1.7.

This amounts to 5 x 6 x 30 = 900 independent encode—decode
runs with distinct seeds of random loss, requiring in total
65 min on an Intel CPU. At each of the 30 grid points,
we computed Pp; from Eq. (3) and averaged the measured
VMAF-proxy over 30 frames. UDP-baseline on the same 30
frames: VMAF,q4,(p) = {71.8;47.7;37.9;33.1; 28.3; 23.4}
for p = {1;5;10; 15; 20; 25} [%]. The results are reported in
the Tab. 4.

Each configuration has a clear applicability range, as one may
notice in Tab. 4 and Fig. 1. The configuration { = 8 keeps
VMAF > 95 up to p = 5% but then collapses at p > 10%,
t = 16 holds up to p = 10%, t = 24 up to 15%, t = 32 up
to 20%, and ¢ = 40 covers the entire range up to 25%, at the
price of 45.7% overhead. Therefore, a fixed configuration
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Fig. 1. Frame recovery quality for the family of RS configurations
(n = 255, k varies; mobile_cif test vector).
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Fig. 2. Pareto chart overhead vs. quality for RS configurations.

sized for the worst case (t = 40) wastes 6.8 x the necessary
bandwidth in a stable channel at p = 1% (45.7% vs. 6.7%).

This is the main argument in favor of adaptive switching. The
Pareto frontier in the overhead — VMATF plane (Fig. 2) gives
the decision rule t*(p) = argmin{overhead | VMAF >
95}: RS(255, 239, 8) at p € {1,5}%; RS(255, 223, 16) at
p = 10%; RS(255, 207, 24) at p = 15%; RS(255, 191, 32)
at p = 20%; RS(255, 175, 40) at p = 25%.

3.6. Adaptive FEC Control Algorithm

Algorithm 1 estimates the channel state from physical layer
metrics and selects RS code parameters before encoding each
frame.

The complexity is O(w + logn), where w is the observation
window size. For a typical w = 30, this is 30 comparison
operations per call, which is negligible in addition to the cost
of RS encoding itself.

3.7. Experimental Verification and Results

The method was verified on a software testbed written in
Python 3.11, using the following libraries: pyfinite > 1.9
for GF arithmetic and reedsolo > 1.7 for systematic RS
encoding. The testbed parameters are summarized in Tab. 5.
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Tab. 3. Comparison of FEC schemes for real-time video transmission over channels with non-stationary interference.

Scheme gz;z%clﬁﬁ; Decoding complexity Burst resilience Overhead at t = 16 suli\t/ilgilljity
RS(255, 223) 16 (MDS) O(nt+t?) High 14.3% Yes
BCH(255, 215) 5 O(nt) Medium 15.7% Yes
Hamming(15, 11) 1 O(n) Low 26.7% Yes
RaptorQ No hard bound O(n) High Variable Partial
LDPC Near-Shannon O(nlogn) High Variable No
Plain XOR-FEC 1 per pair O(n) Low 100% (1:1) Yes
Tab. 4. Sweep over RS(255, k, t) X p configurations.
. i Overhead VMAF at VMATF at VMATF at VMAF at VMAF at VMAF at
[%e] p=1% p = 5% p = 10% p=15% p = 20% p = 25%
8 239 6.7 100.0 95.9 39.7 31.5 26.7 21.7
16 223 14.3 100.0 100.0 100.0 44.9 26.7 21.7
24 207 23.2 100.0 100.0 100.0 97.4 45.1 21.7
32 191 33.5 100.0 100.0 100.0 100.0 97.4 63.3
40 175 45.7 100.0 100.0 100.0 100.0 100.0 100.0

Algorithm 1 Adaptive FEC controller

Tab. 5. Software experimental testbed parameters.

Input: packet history H (RSSI, SNR, AckRate over window

Parameter Value

W) of size w, current frame type F' € {I, P, B}, jamming-
detector thresholds Ogssy, Osn R. Platform Intel i7-12700H, 32 GB RAM,
Output: RS code parameters (n, k, t) for encoding frame F' Linux Ubuntu 22.04
Start Language Python 3.11

1: emp, «— (1 — mean(AckRate, H)) RS libraries pyfinite > 1.9 (GF(256)),

> empirical loss prob. reedsolo > 1.7

2 medpssy — me.dlan(RSSI H) Channel Custom GEJ implementation

3: vargrssy — variance(RSSI, H) emulator

4: phat < - empp + (1 — @) - pprev Transport UDP loopback with controlled

> EWMA filter (o« = 0.3)
Lpat < autocorr_burst_length(H)

Jflag < (medrssr < Orssr) U (vargrssr > 0snr)
> jamming detector

7: wp «— match FF: I — 1.0;P —0.3;B — 0.1
8: Tpase <« match F': I — 04;P —0.2;B — 0.1
9: kK min(1l + 2 - ppat + Lnat/200,3)

> adaptation function
7« clamp(wg - Tpase - K,0.05,0.6)

. if jflag = 1 then

r «— max(r, 0.5)
end if
n «— 255
t—|r-n/2]
ke—n-2-t
return (n, k, t)

> jamming regime

> fixed for GF(256)

End

Each of the four scenarios S1—S4 listed in Tab. 1 was run 30
times with different seeds from the random generator.

The testbed compares five solutions:
e UDP without FEC,
e Fixed RS(255, 223, 16),

70

latency / drop-rate

Synthetic H.264-like, GOP = 30, p = 6,
bitrate 0.5 - 10 Mbps

VMAF (1ibvmaf 2.3.1), PSNR, SSIM
MSR, TTFF, EFR

Test stream

Quality metrics

Integral metrics

Runs per

. K = 30 with distinct seeds
scenario

4 scenarios X 5 solutions x 30 seeds
= 600 runs

Total sample
size

e SRT with default settings,
o WFB-NG-emulation with RS 12/8,

e The proposed method using Algorithm 1.
Aggregate results are reported in the Tab. 6.

Three observations follow from Tab. 6. In the stable channel
S1, all five solutions deliver comparable quality (VMAF of
approx. 91), but the proposed method reaches this with an
overhead of 8 - 12%, while fixed RS uses 22 —-25%, a 2- to
3-fold saving in bandwidth. In S2 and S3, where the loss
rate is 5—20%, the proposed algorithm is consistently 5—19
VMAF points above fixed RS and WFB-NG, and matches
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Tab. 6. Aggregate experimental results (mean =+ std over K = 30 channel emulator runs).

Metric Scenario UDP raw Fixed RS SRT WFB-NG Proposed

VMAF avg S1 90 £+1 91+1 91 £+1 90 +1 91 +1

VMAF avg S2 65 +6 8443 88 +2 82 +4 89 +2

VMAF avg S3 28 £9 7545 78 +£4 62 +7 81 £3
MSR [%] S4 <10 50 60 78
Latency p95 [ms] S2 60 350 90 95
Overhead [%] S3 0 ~5 (ARQ) 33 30
TTFF [ms] S4 — 1200 600 200

SRT in terms of quality, while running with 3.5 times lower
latency (95 vs. 350 ms).

In S4, where the channel is under sustained EW, MSR in-
creases from 60% with WFB-NG to 78% with the proposed
method, and TTFF — after the channel exits a jamming state —
drops from 600— 1200 ms to 200 ms, due to the directed
I-frame protection and fast resync mechanism.

A two-tailed Student’s t-test at significance level of a = 0.05
confirms a statistically significant separation between the
proposed approach and each of the baselines in scenarios
S2—S4. The proposed method vs. fixed RS and the proposed
approach vs. WFB-NG generate p-values below 0.01, and the
proposed vs. SRT in S3 results in p = 0.03.

To illustrate the recovery effect, Fig. 3 shows the result
of transmitting a test CIF frame from mobile_cif.y4m
(352 x 288, fragmented into 149 UDP packets of 1024 bytes
each) at three loss rates: p = 5%, 15% and 25%.

At p = 5%, UDP raw degrades to PSNR = 15.6 dB and SSIM
= 0.85, leaving the frame visually unintelligible. The adaptive
scheme switches to RS(255, 223, 16) at an overhead of 14.3%
and recovers the frame in full (PSNR =99 dB, SSIM = 1.00).
At p = 15%, the raw UDP drops to PSNR 11.9 dB, SSIM 0.76
and the adaptive scheme now selects RS(255, 191, 32) at an
overhead of 33.5% and again returns PSNR 99 dB. At p =
25%, the raw UDP collapses to PSNR 8.2 dB, SSIM 0.44, the
adaptive scheme moves to RS(255, 175, 40) at an overhead
of 45.7% and recovers the frame.

3.8. Comparison with Recent Adaptive-FEC Methods

Table 7 illustrates the proposed method against representative
published adaptive FEC systems along the dimensions that
matter for a resource-constrained one-way link.

The features of the present method are the explicit GOP frame
type differentiation and, above all, the closed-form analytical
bound on total redundancy (Sec. 3.3), which none of the
learning-based systems provides and which is what makes
the scheme deployable within the fixed compute and energy
budget of a microcontroller class node.

The price of this simplicity is the controller’s reactivity:
instead of predicting variations, it relies on recent physical-
layer measurements to estimate the channel. At the onset of a
new interference regime, this estimate lags, causing frames
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transmitted during the transition to be protected according to
the previous, milder state.

This is the principal limitation of the approach and the reason
why a predictive channel state estimator in the light of DeepRS
[16] is identified as the first line of further work (Sec. 4). We
stress that the comparison provided in Tab. 7 is qualitative:
the quantitative gains reported for [15], [16], and [22] were
obtained under different channels, codecs, quality metrics,
and are therefore not directly commensurable with the results
reported here.

4. Conclusions

The work reported in this paper develops and verifies a hybrid
forward error correction method based on Reed—Solomon
codes with adaptive control of the coding parameters for
a one-way channel with non-stationary characteristics. The
main findings can be summarized as follows.

On a benign real link, the three-state GEJ and the classical
two-state Gilbert—Elliott model fit the loss-burst distribu-
tion comparably (Kolmogorov—Smirnov error 0.02 vs. 0.03),
whereas on a real trace recorded under active periodic jam-
ming the explicit jamming state is decisive (0.25 vs. 0.88).

This supports including an explicit jamming state precise-
ly when the channel is subject to deliberate interference and
shows that the third state is not required under benign condi-
tions.

The closed-form Eq. (3) for the block decoding failure prob-
ability under the erasure model gives applicability bounds
for representative RS configurations: RS(255, 231, 12) keeps
Pri < 1072 as long as p < 5%, and RS(255, 191, 32) does
soup to p < 10%. For p above 20%, interleaving or frequency
hopping is needed in addition to the code itself.

The adaptation function x(p, L) = min{1 + 2p + L/200, 3}
packs the packet loss probability and the average burst length
into a single scalar coefficient. Due to the cap Kmax = 3,
the overhead cannot grow without bound, no matter how
degraded the channel becomes.

Frame-type-differentiated protection through Eq. (11) gives
a total overhead Oy = 23.4%, versus 40% for uniform

protection at the same I-frame rate. This is a relative reduction
of 41.5% for a typical H.264 stream with GOP =30 and p = 6.
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Fig. 3. Visual comparison of mobile CIF frame recovery under different loss rates: a) reference, b) raw UDP — horizontal stripes correspond to
lost UDP packets, and c¢) proposed method with adaptive RS.

Tab. 7. Positioning of the proposed method relative to recent adaptive FEC systems.

Method Adaptation driver Rate granularity Analyti)c(?lll:(\izerhead Target platform Reported gain
ABREF [15] Joint ?blt.rate. FEC Uniform per frame No Server / GPU Up to 68-95% l'ess VMAF
optimization degradation
DeepRS [16] LSTM loss predictor Uniform per frame No Server / GPU Proactive loss prediction
RL-AFEC [17] Online remforcement Uniform per frame No Server RL-tuned FEC in real time
learning
R-FEC [18] Onllnekrzzlrl:g);cement Uniform per frame No WebRTC endpoint Improved QoE in WebRTC
Neural codec ~95% fewer unrecoverable
GRACE [22] (loss-aware) Codec level No GPU frames, +38% MOS
PHY-layer estimate Frame type ESP32-S3/ ARM
Proposed + GEJ state differentiated (I/P/B) Yes (< 30%) Cortex-M4 See Sec. 3.5-3.7

Experiments conducted under the four scenarios (mobile 4G, each, show a statistically significant advantage of the proposed
stable Wi-Fi, tactical channel, active EW), with K = 30 runs method. The MSR climbs from 60% with fixed RS and 50%
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with SRT to 78% with sustained jamming, TTFF falls from
600 —1200 ms to 200 ms, and in stable channels the overhead
is 2—3 x lower than for fixed RS.

The sweep over five configurations ¢ € {8, 16,24, 32,40}
and six loss rates p € {1,5,10,15,20,25} [%] on the
mobile_cif.y4m test vector pins down the applicability
range of every configuration. It also shows that the adap-
tive scheme reaches VMAF > 97 at the minimum overhead
needed in each case (between 6.7% and 45.7% depending on
p), and avoids the 6.8 x bandwidth waste incurred by a fixed
worst-case configuration.

In conclusion, the novel results of this work may be summa-
rized as follows: (i) a closed-form expression for the block
decoding failure probability under the UDP erasure model
that links RS code parameters directly to channel characteris-
tics, without requiring simulation, (ii) an adaptation function
k(p, L) with a guaranteed upper bound, (iii) a frame-type-
differentiated FEC control algorithm with a guaranteed 30%
overhead bound that reduces total redundancy by 41.5% while
keeping the I-frame protection at the same level, and (iv) an
experimentally constructed Pareto chart of RS(255, k, t) con-
figurations in the overhead — VMAF plane, from which five
operating modes for the adaptive controller are read off.

The proposed solution applies to video surveillance of criti-
cal infrastructure, telemedicine, communication protocols for
FPV UAVs and autonomous robotic systems, as well as video-
conferencing services over unstable networks. The method
runs on the ESP32-S3 (4 Mbps encoding) and ARM Cortex-
M4 (1 -3 Mbps) platforms, with a footprint of at most 1 KB
of static data and 10 KB of dynamic memory.

Several lines of further work remain open. First, an LSTM
channel-state predictor with a 5-step horizon, in the spirit of
DeepRS [16], could be added on top of the present controller
for proactive parameter adaptation. Second, the testbed can be
extended to real H.265/AV 1 streams with on-bench VMAF,
PSNR and SSIM evaluation. Third, a cross-layer optimization
following VOXEL [21], in which the encoder bitrate and the
FEC parameters are jointly controlled, seems to be a natural
next step for the future.
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