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Abstract: This paper proposes an adaptive hybrid forward error correction (AH-FEC) coding scheme for coping with dynamic packet loss 
events in video and audio transmission. Specifically, the proposed scheme consists of a hybrid Reed-Solomon and low-density parity-check 
(RS-LDPC) coding system, combined with a Kalman filter-based adaptive algorithm. The hybrid RS-LDPC coding accommodates a wide range 
of code length requirements, employing RS coding for short codes and LDPC coding for medium-long codes. We delimit the short and 
medium-length codes by coding performance so that both codes remain in the optimal region. Additionally, a Kalman filter-based adaptive al⁃
gorithm has been developed to handle dynamic alterations in a packet loss rate. The Kalman filter estimates packet loss rate utilizing observa⁃
tion data and system models, and then we establish the redundancy decision module through receiver feedback. As a result, the lost packets 
can be perfectly recovered by the receiver based on the redundant packets. Experimental results show that the proposed method enhances the 
decoding performance significantly under the same redundancy and channel packet loss.
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1 Introduction

Mobile video services have proliferated with the 
growth of wireless communications and the Inter⁃
net, and video traffic had been expected to account 
for 82% of total network traffic by 2022. However, 

networks with limited capacity are struggling to support the 
growing number of mobile video users. The complex uncer⁃
tainty of wireless channels limits transmission rates, while 
wired transmissions suffer from packet loss due to buffer con⁃
gestion at routing nodes. For the former, there are well-known 
channel coding methods[1–3] that promise transmission rates 
close to the Shannon bound. For the latter, existing solutions 
mainly involve retransmission techniques or forward error cor⁃
rection coding. The retransmission[4] does not require any re⁃
dundant packets, but the extra round-trip time (RTT) in⁃
creases the end-to-end delay of the entire video and therefore 
does not guarantee real-time video transmission. Forward er⁃
ror correction (FEC) coding[5], by way of contrast, is of interest 
due to its ability to recover lost source packets without adding 
any RTT.

The well-known WebRTC uses an exclusive OR (XOR) -
based[6] FEC coding that generates new redundant packets by 

XORing the original packets. These redundant packets are 
sent to the receiver together with the original packets and the 
receiver recovers the lost packets according to the correspond⁃
ing mapping relationships. There should be neither too many 
nor too few redundant packets, as this would result in waste or 
inadequate protection. Therefore, the FEC should adjust the 
number and size of redundant packets to the network environ⁃
ment to balance reliability and latency. To select the appropri⁃
ate level of redundancy to cope with dynamic network environ⁃
ments, the WebRTC uses the current redundancy state to 
query the FEC redundancy for the next packet. The XOR en⁃
coding and single-step adaptive algorithms described above to⁃
gether form the FEC scheme for WebRTC.

Other FEC schemes also focus on improving packet loss re⁃
covery through advanced encoding methods and adaptive algo⁃
rithms. Examples of such methods include fountain codes[7], 
Raptor codes[8–9], and Reed-Solomon (RS) codes[10–11]. Among 
them, RS codes are widely used by the telecommunication in⁃
dustry due to their superior protection capabilities. However, 
the drawback of RS codes is that decoding requires multiple 
matrix inversions, which results in extremely high computa⁃
tional complexity. In situations where the matrix dimension is 
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too high, such as in high-definition video transmission with 
large packets, the decoding time may be too long to meet the 
needs of real-time transmission.

As for other adaptive algorithms, ATIYA et al. introduced a 
non-linear prediction method for automatic feature selec⁃
tion[12], and EMARA et al. combined an ingenious coding 
scheme with a network adaptive algorithm for parameter up⁃
dating[13]. However, these approaches relied solely on histori⁃
cal network patterns to predict future patterns, overlooking the 
complex relationships that may exist between past and future 
patterns. To better exploit the correlation between current and 
previous network states in a weak network environment, 
CHENG et al. proposed a DeepRS[14] adaptive redundancy 
control algorithm in 2020. The algorithm uses a long short-
term memory (LSTM) network[15–16] to predict the probability 
of packet loss and dynamically adjusts the redundancy rate of 
the RS encoder. However, integrating the LSTM network with 
the underlying user datagram protocol (UDP) protocol requires 
significant engineering effort.

In response to the shortcomings of existing coding and 
adaptive algorithms, we propose a new coding scheme cover⁃
ing low-density parity-check (LDPC) and RS to ensure 
smooth transmission of arbitrary definition video and design 
a multi-step Kalman filter-based adaptive algorithm for prac⁃
tical deployment. The contributions in this paper are summa⁃
rized as follows.

• We develop a hybrid FEC highly efficient encoding 
method to cope with continuous burst packet loss and different 
application scenarios. We design an encoding scheme of the 
LDPC code and the RS code in their respective optimal code 
length ranges. We optimize a progressive edge growth algo⁃
rithm to get the LDPC coding matrix of the application layer. 
The coding scheme of the design system could cover various 
source code lengths and reduce the computational complexity 
of codes.

• We propose a Kalman filter-based multi-step adaptive 
method for video transmission. 
The system makes multi-step pre⁃
dictions based on packet loss 
feedback and then predicts the 
coding code rate based on the de⁃
coding terminal redundancy. It 
turns out that our method always 
maintains a high data recovery ra⁃
tio with the interval change of the 
packet loss rate.

The rest of this paper is orga⁃
nized as follows. Section 2 de⁃
scribes the system architecture. 
Next, Section 3 proposes a frame-
level partitioning method. Then, 
we present the hybrid coding 
method in Section 4. The code 

rate adaptation algorithm is evaluated in Section 5. Sections 6 
and 7 give the evaluation and conclusions.
2 System Architecture

The prototype system verification framework for combating 
weak network conditions in video and audio transmission is 
shown in Fig. 1. The system uses the application-layer end-to-
end FEC technology at the video frame level, and selects the 
optimal bit rate based on the network status information fed 
back by the terminal. Metrics such as historical packet loss 
rates and throughput are used to predict future network states 
and adaptive packet loss compensation is performed to opti⁃
mize overall performance.

The sender serves as the video input source to the system, 
providing raw video streams that are processed into multime⁃
dia stream files with frame structures through generic protocol 
encoding. Before transmission, the sender side establishes a 
channel for transmission by selecting the optimal bitrate 
based on the network status information feedback from the ter⁃
minal. To improve the reliability of end-to-end mobile video 
transmission, the sender-side encoder performs frame-level 
FEC (we give a frame-level partitioning method in this reign 
as shown in Section 3) encoding on the multimedia stream at 
the application layer and packages and sends the data accord⁃
ing to the real-time transport protocol (RTP)/UDP principles. 
Specifically, on a small timescale, the application-layer FEC 
encoder processes each video frame in a fast serial manner 
based on the coding rate, that is, it divides each frame into 
source data packets, performs FEC encoding on these packets 
to generate repair data packets that facilitate the recovery of 
the original video data stream by the receiver. The mobile ter⁃
minal serves as the video output and processes the received 
data packets by unpacking them. After obtaining the raw data 
packets with the RTP/UDP headers removed, the terminal-
side decoder performs decoding and error correction accord⁃

AL: application layer      FEC: forward error correction
▲Figure 1. Framework of FEC
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ing to the agreed FEC encoding and decoding principles and 
finally obtains the raw video stream through the decoder.

Upon receiving the restored video stream, the mobile termi⁃
nal sends real-time feedback on network status information 
(such as packet loss rate and throughput) through a control sig⁃
naling port to the adaptive module located at the sender. The 
adaptive module monitoring and prediction unit in the module 
uses the feedback information to determine the encoding rate 
of the FEC encoder on the sender in the next slot. It is worth 
noting that during this process, the adaptive module needs to 
prevent excessive coding redundancy that may cause transmis⁃
sion congestion, while ensuring that the FEC encoder gener⁃
ates enough repair data packets to support data packet recov⁃
ery, without compromising user experience in weak network 
environments. Additionally, the application-layer FEC en⁃
coder on the sender should always maintain the same data 
packet generation, validation, and recovery as the application-
layer FEC decoder on the mobile terminal.
3 Frame-Level Partitioning

We divide the video into blocks according to the frames. 
Each block contains one or more frames, and we ensure the 
FEC encoding and decoding are synchronized with the video 
timestamp as much as possible. The sender obtains the video 
frame information by calling the FFmpeg tools and recom⁃
bines the frames into blocks. The FEC encoding and decoding 
process at the application layer is based on the entire block. 
Successful decoding can obtain the entire video data of the 
block. In this paper, we set a limit of K frame for the number of 
frames in a block, as excessively long blocks cause additional 
video delays. After the video is divided into blocks, we divide 
the blocks into coding data packets.

For short codes, the upper limit of the block size is 20×
1 400 bytes, where 1 400 setups are based on the maxi⁃
mum transmission unit (MTU) and 20 based on the decod⁃
ing performance of RS coding (we use RS coding because 
of its superior performance in this region as is shown in 
Section 4.2). Generally, the data sizes of B-frames and P-
frames are small[17]. We take several consecutive B-frames 
or P-frames as a block, if the data size of the block does 
not exceed 28 000 bytes and the number of frames in the 
block does not exceed K frame. The block data carries the en⁃
coding method and block size (in bytes). Optionally, we 
can place it in the block header as basic information.

The optimal interval selection [ Nmin, Nmax ] for medium-long 
codes is more flexible. Due to the encoding characteristics of 
the LDPC code, longer code length results in better decoding 
performance. In addition, different code lengths and encoding 
code rates correspond to different LDPC generator matrices, 
where the storage complexity of LDPC generator matrices is 
O (n2 ). For instantaneous decoding refresh (IDR) frames that 
contain a large amount of information, they can be used di⁃
rectly as a block. Accordingly, we combine several P-frames 

with a large number of data into a single block, when the num⁃
ber of frames is not larger than K frame and the block data size is 
not larger than  Nmax×1 400 bytes. Within the allowable range 
of decoding delay, a longer code length means an enhanced 
ability to cope with continuous packet loss.
4 Hybrid Coding Method

In this section, we first present an improved LDPC that bal⁃
ances decoding latency and error correction performance in 
application layer packet loss scenarios. The optimal operating 
regions of RS and LDPC codes are then designed based on the 
performance analysis of the improved LDPC and RS codes. 
The two coding methods are combined to cover the require⁃
ments of various code lengths.
4.1 Improved Medium-Long LDPC Codes

As linear block codes, an LDPC or an XOR code is defined 
by its parity-check matrix H of dimensions (n - k ) × n, where 
n represents the number of all packets and k is the source 
packet number. The entries of the parity-check matrix H are 
exclusively 1 or 0, which means that it operates in the Galois 
Field GF(2). The parity-check matrix is so named because it 
provides n - k parity-check equations that generate con⁃
straints between data bits and parity bits. Moreover, an LDPC 
code is defined as a linear block code for which the parity-
check matrix H is very sparse, which means a low density 
(LD) of 1.

We construct an LDPC parity-check matrix H using the pro⁃
gressive edge growth (PEG) method, where the code length 
and the variable node (Dv) can be adjusted, like the physical 
layer LDPC channel coding. However, unlike before, when  
Dv is even, the decoding result fails irregularly, and the decod⁃
ing result has a foreseeable change when Dv is odd, as shown 
in Fig. 2. Because in the binary erasure channel, the erased 
bits may appear to be unevenly distributed, and bits will inter⁃
fere with each other when Dv is even. So only odd values of 
Dv can be selected. In addition, Dv represents the protection 
of the source packet in relation to the redundant packet. 
Therefore, LDPC decoding performance increases as Dv in⁃
creases. At the same time, the decoding delay as a cost also in⁃
creases. As shown in Fig. 3, with the number of Dv increases, 
there is a noticeable decrease within the range of 3–7, fol⁃
lowed by a stabilizing trend. When Dv increases to a threshold 
value, the improvement in decoding performance no longer 
changes significantly as Dv increases further, but the latency 
still shows a linear increase (as shown in Fig. 4). Considering 
the delay and error correction performance, the threshold 
value of Dv is chosen to be 7 in the application layer of the 
LDPC scheme.

Then, to generate the code vector c from the data vector s, 
we define the generator matrix G, which holds:

c = sG . (1)
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The main algorithms that create G from H consist in arrang⁃
ing H in an appropriate form that allows to develop G and con⁃
struct it in a systematic form. Thus, H is randomly generated 
and then organized as:

H = [ PT|In - k ] , (2)
where In - k is the identity matrix of dimensions (n − k) × (n − 
k) and P is a sparse matrix of dimensions k × (n - k ). So, the 
corresponding G matrix is:

G = [ Ik|P ] . (3)
This approach is based on the use of the Gauss-Jordan 

elimination. However, if we transform the right part of H to an 
identity matrix In - k, there is no way to ensure P is a sparse 
matrix. So we define H as the encoding matrix G directly. The 
encoding matrix H of dimensions n × k is different from the 
parity-check matrix H before. We define the encoding vector 
sp as:

sp = Hs . (4)
We generate code vector sp from data vector s. In the sys⁃

tem code, sp includes s, which means the source bit/byte and 
the redundancy bit/byte are separated. Whether it is a system 
or non-system code, we can rebuild the coefficient matrix H' 

▲Figure 2. Packet error rate performs irregularly when Dv is even or 
odd

Dv: variable node

LDPC: low-density parity-check
▲Figure 3. Average receiver redundancy in different values of variable 
nodes

▲ Figure 4. RS and LDPC performance with the number of source 
packets
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to restore the original data by the approach of the Gauss-
Jordan elimination as:

sp' = H's , (5)
where a certain correspondence exists between sp' and H'. sp' 
means the accepted sequence, and H' means the correspond⁃
ing row in H with sp'. Because in the packet erasure channel, 
a lost bit/byte can be located at a specific position.

The decoding end (LDPC uses soft decision at the physical 
layer, while at the application layer, the hard decision is used.
Therefore, we employ the Gaussian elimination method at the 
decoding end) reassembles the received packets, where the 
rows in the coefficient matrix H' correspond to the sp' code 
bits. If the reassembled matrix is full rank, it satisfies the 
Gaussian elimination decoding requirements:

H'm × k sk = sp'm . (5.1)
The receiver needs to provide feedback to the sender re⁃

garding the overall packet loss rate based on the total number 
of packets received. Once decoding is successful, the received 
information packets are arranged in sequence and the video 
data are extracted based on the block header information. 
With the improvement, LDPC can perform even better in the 
binary erasure channel in the application layer.
4.2 Length Bounds for LDPC and RS

For encoders, the coding method directly affects the delay 
and effectiveness of packet loss recovery. We use a hybrid 
coding method of LDPC and RS, and restrict the code lengths 
of LDPC and RS in their own optimal interval to cover all code 
length requirements.

The RS code, as an ideal code, can be successfully decoded 
when receiving several packets equal to the number of infor⁃
mation source packets. So, while the sender pays for extra n-k 
redundant packets, the receiver only needs to receive k arbi⁃
trary packets to recover the source packet. However, as the 
code length increases, the computational complexity of the RS 
code also increases sharply. In contrast, LDPC is a non-ideal 
code, so it is necessary to receive extra redundancy to ensure 
successful decoding (when the de⁃
coding sparse matrix is not full 
rank, the Gaussian elimination 
method cannot be used). How⁃
ever, the computational complex⁃
ity of LDPC increases linearly 
with the code length. LPDC is 
therefore expected to perform bet⁃
ter in the long code region.

Fig. 4 shows the performance 
of RS and LDPC in the decoding 
end under the simulation environ⁃
ment. It is shown that RS has bet⁃

ter performance in short codes, but as the code length in⁃
creases, the delay of RS cannot meet requirements. Therefore, 
we choose to use LDPC instead of RS. LDPC operates in the 
binary field GF(2) different from RS in GF(2^8). It causes 
LDPC as an upper-layer coding method to have a lower decod⁃
ing delay but also requires considering the additional redun⁃
dancy at the receiving end of LDPC. Fig. 4 shows as the code 
length increases, LDPC has a high receiver redundancy in 20 
source packets and it gradually becomes lower and closer to 
the ideal code performance, so we decide to use RS coding for 
code lengths not greater than 20 and LDPC coding for other 
situations. Besides, we set the upper limit of  Nmax comprehen⁃
sive weight decoding delay and receiver redundancy to meet 
video transmission needs (the upper limit is relatively flexible 
due to LDPC characteristics, but we give an upper limit ac⁃
cording to practical needs as shown in Section 4.1).

In Section 3, we limit the selection of RS and LDPC code 
lengths to certain intervals. However, these intervals are cho⁃
sen to optimize the performance of RS and LDPC encoding 
and decoding within those specific code length ranges. It does 
not mean that we are restricted to only those code lengths.
5 Code Rate Adaptation Algorithm

FEC encoding redundancy allocation is mainly based on 
the estimated packet loss rate of the channel. Therefore, we es⁃
tablish a packet loss rate prediction module based on a multi-
step Kalman filter system which is shown in Fig. 5. By calcu⁃
lating the linear minimum mean square error of the data and it⁃
eratively predicting results, we can obtain the next predicted 
value. The prediction process of this algorithm involves using 
the optimal result predicted at time k - 1 and the measure⁃
ment value at time k to calculate and update the optimal result 
of the state prediction at time k, and then continue iterating to 
obtain the predicted value of the next time.

First, we determine the state space equation used to esti⁃
mate the packet loss rate of the channel. The state prediction 
equation is ck = Ack - 1 +  Buk + wk, where A is the state transi⁃
tion matrix, ck - 1 is the previous prediction value, B is the in⁃
put gain matrix uk system input vector, wk has a mean of 0, co⁃
variance matrix Q = E [ wk2 ], and follows a normal distribution 

▲Figure 5. Packet loss ratio predictor by using a Kalman filter
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process noise. The state measurement equation is zk = ck + vk, where vk has a mean of 0, covariance matrix R = E [ vk2 ], and 
follows a normal distribution measurement noise.

The single-step adaptive algorithm consists of two pro⁃
cesses, namely prediction and correction. In the prediction 
phase, the filter uses the estimated packet loss rate of the pre⁃
vious state to predict the current state. In the correction 
phase, the filter uses the measurement value of the current 
state to correct the predicted value obtained in the prediction 
phase, i. e., the feedback value of the packet loss rate, to ob⁃
tain a new estimate value that is closer to the true value. This 
new estimate value is the Kalman estimate value, which is 
used as the estimate of the previous state for the next Kalman 
estimate. Since the uncertainty of process noise and measure⁃
ment noise cannot be modeled, the Kalman filter is used to 
continuously correct the estimation model to minimize the 
mean square error between the true value and the estimated 
value. The main steps are as follows:

Step1: Kg (k) = P ( )k - 1 + W
P ( )k - 1 + W + Q

 , (6)
Step2: ĉ (k) = ĉ (k | k - 1) + Kg (k)[ z (k) - ĉ (k | k - 1) ] , (7)
Step3: P (k) = (1 - Kg (k) ) (P (k - 1) + W ) , (8)

where P (k) = E [ ( ĉ (k) - c (k ) ) 2 ] is the error variance of the 
model. Through the Kalman filter, we obtain a packet loss rate 
ck at a certain time scale.

To obtain the multi-step packet loss rate prediction value, 
the average packet loss rate of five blocks in the future is pre⁃
dicted at each step. Since the average packet loss rate mea⁃
surement z (k + 1)，z (k + 2)，z (k + 3)，z (k + 4)，z (k + 5) is 
still unknown when encoding block z (k ) of the next blocks 
meets z (k + 1) =  z (k + 2) = z (k + 3) = z (k + 4) = z (k +
5) = z (k).

As an important parameter for adaptive redundancy calcula⁃
tion, the packet loss is accompanied by another important pa⁃
rameter, which is the redundancy at the receiving end. Given 
that the RS code is ideal, decoding can be successfully 
achieved by receiving any k packets. However, the long-code 
LDPC method is not an ideal one, and the scheme needs to es⁃
tablish the cost of receiving redundancy at the receiver, which 
describes the mapping relationship between the number of ad⁃
ditional packets required by the receiver and the retransmis⁃
sion rate due to decoding failures.

We establish a receiver redundancy cost function, and the 
selected code rate is influenced by the receiver redundancy 
cost. The goal is to minimize the overall transmission cost as 
much as possible. The receiver redundancy cost of the target 
video can be characterized by the receiver redundancy cost 
function:

C = [ Q (k,r - m) - δ∙P rtt(k,r - m) ]2 , (9)

where C represents the receiver redundancy cost of the t-th 
block, i.e., the total cost of transmitting block t at the current 
code rate. Q (k, k + r - m) represents the code rate with the 
source information bit length of k and the redundancy bit 
length of r (since the medium-long code is not in the form of a 
system code, r can be expressed as n - k, where n is the total 
information bit length after encoding), and m represents the 
number of lost packets. The code rate can be expressed as 
k/ (k + r ) and the packet loss rate can be expressed as m/ (k +
r ). k + r - m represents the number of packets received, and 
Q (k, r - m ) represents the function related to k and 
k + r - m. Optionally, Q (k, r - m) = ( r - m ) /k can be di⁃
rectly expressed as the redundancy ratio of the receiver, where 
P rtt (k, r - m ) represents the decoding failure rate under the 
current receiver redundancy ratio which is the ratio of the 
overall decoding errors of the block in the simulation process. 
Decoding failure requires retransmission of the block, and δ 
represents the weight of the decoding failure item. An increas⁃
ing value of δ indicates that we consider the current decoding 
failure rate to be unacceptable.

By reversely solving the redundancy cost function problem, 
we can obtain the proportion of additional packets that the re⁃
ceiver needs to receive, rrec, when the expected retransmission 
probability is not greater than a probability P using LDPC en⁃
coding. Then, by estimating the packet loss rate below, we can 
obtain the encoding redundancy:

r = é

ë

ê
êê
ê ù

û

ú
úú
ú(k + k

rrec ) /c - k , (10)
where c is the current packet loss estimate and k is the length 
of the information source code.
6 Evaluation

6.1 Setup
1) Datasets: This paper considers a transmission channel 

based on the Gilbert-Elliott model[18], which is acknowledged 
as a common simulation environment of network packet deliv⁃
ery. The Gilbert-Elliott model is a Markov process, where B 
and G indicate the bad and good network state. The probabil⁃
ity of transitioning from state B to G is denoted as PBG, and the 
probability of transitioning from state G to B is denoted as PGB. 
The transition matrix of the Markov chain is as follows:

A = ( )1 - PGB PGB
PGB 1 - PGB  . (11)

In a stable state, πG is the probability of being in a good 
state and πB a bad state.

πG = PGB
PGB + PGB  ,
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πB = PGB
PGB + PGB  . (12)

The formula for calculating the probability of packet loss is：
PE = πG(1 - k) + πB(1 - h) , (13)

where k represents the probability of successful reception in 
a good state, and h represents the probability of packet loss 
in a bad state. Therefore, PE is decided by setting the value 
of four parameters. Table 1 shows four parameter values for 
network packets loss ratio range of 5%–20%, 20%–40%, 
and 40%–80%.

2) The high-bitrate 4K/30fps video is performed frame-level 
cutting by FFMPEG. We sample the generalized GE channel 
with different packet loss rates based on the total number of 
blocks. Then, the proposed scheme is compared with the We⁃
bRTC FEC algorithm in the GE channel:

• WebRTC-FEC based on the XOR algorithm employs a 
redundancy protection scheme. When the original packet 
size is less than or equal to 12, the redundancy level is di⁃
rectly obtained from a lookup table and the packet is en⁃
coded. When the original packet size is greater than 12, an 
interval-based grouping redundancy encoding method is 
used. The adaptive solution of WebRTC predicts the network 
status based on the video bitrate and the packet loss rate of 
video transmission. The redundancy level is obtained from a 
lookup table based on the video bitrate and packet loss rate, 
and is combined with the network status prediction that in⁃
creases the RTT of transmission.

• The proposed AH-FEC is a long and short code adaptive 
redundancy coding algorithm based on RS and LDPC codes. It 
selects the coding redundancy degree based on the decoding 
redundancy at the receiver and the packet loss rate of the 
channel, balancing system latency and redundancy. At the en⁃
coding end, the future packet loss rates of multiple video 
blocks are predicted based on the packet loss rate of past 
video blocks for a certain period. Then, the encoding redun⁃
dancy is dynamically adjusted accordingly.

3) Metric: In performance comparison, we consider the fol⁃
lowing measurement metrics.

• Data recovery ratio. The percentage of data blocks that 
are successfully recovered is the proportion of all data blocks.

• Redundancy ratio. The redundancy ratio is the proportion 
of encoded extra packets relative to packets, and it is ex⁃
pressed as n - k

k .

6.2 Experiments on Simulation
Simulation traces contain 300 sample frames, and the re⁃

dundancy strategy in WebRTC treats each frame as a block di⁃
rectly. We reorganize it according to the frame partition 
method and evaluate the results of the two FEC schemes.

Fig. 6 presents the recovery ratio and redundancy ratio of 
the two algorithms under network packet loss rates of 5%–
20%, 20%–40%, and 40%–80%. As evidenced by Fig. 6, 
the recovery success rates of both the proposed scheme and 
the WebRTC scheme approach 100% at packet loss rates of 
5% to 20%, while the proposed scheme only requires about 
32% redundancy. This lower redundancy requirement is at⁃
tributed to the proposed scheme using RS-LDPC hybrid cod⁃
ing, which proves more efficient than the XOR coding em⁃
ployed by WebRTC, thereby requiring less redundancy to of⁃
fer comparable protection capability. In addition, the adaptive 
capability of Kalman filtering is also superior to the fixed re⁃
dundancy table of WebRTC, so the redundancy rate is greatly 
compressed. When the redundancy rate ranges between 20% 
and 40%, the WebRTC redundancy reaches its peak in the re⁃
dundancy table at 100%. At this stage, a substantial reduction 
in the data recovery rate is observed due to WebRTC’s lim⁃

▼Table 1. Parameter values for different packets loss ratio ranges
Parameter

Value

PGB ( p )
0.130
0.360
0.900

PBG ( r )
0.910
0.840
0.600

k

0.970
0.980
0.980

h

0.030
0.050
0.020

PE

0.114
0.299
0.596

Range
(0.050, 0.200)
(0.200, 0.400)
(0.400, 0.800) ▲Figure 6. Data recovery and redundancy ratio in different packet loss ratios
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ited capability. In contrast, the proposed solution outperforms 
WebRTC in terms of both recovery and redundancy rates. Fi⁃
nally, the proposed solution works stably even at packet loss 
rates of 40% to 80%, when the redundancy rate reaches over 
180% and the recovery rate reaches over 93%. In contrast, the 
redundancy of WebRTC is limited by an offline table so the 
FEC cannot work.

To illustrate the specific results in Fig. 6, we present the 
specific results of data recovery ratio and redundancy ratio in 
Table 2.

In summary, the proposed scheme presents the following ad⁃
vantages over the current FEC techniques (RFC5109) imple⁃
mented in WebRTC:

• For network packet loss rates of 5%–20%, the retrans⁃
mission rate is kept at a relatively low level, achieving a 
65.65% reduction in the redundancy ratio of the sent data.

• For network packet loss rates of 20%–40%, in compari⁃
son to WebRTC, this approach improves the data recovery ra⁃
tio by 2.21% and decreases redundant data by 22.06%.

• For network packet loss rates of 40%–80%, the redun⁃
dancy ratio increases by 82.56%, achieving a tremendous re⁃
duction in the retransmission rate.

These results suggest that the redundancy strategy em⁃
ployed by WebRTC lacks adaptability and depends heavily on 
retransmission, making it unsuitable for high-bitrate videos. 
Conversely, the proposed AH-FEC succeeds in reducing both 
redundancy and retransmission rates under identical condi⁃
tions, demonstrating adaptability to complex channel loss sce⁃
narios, especially in weak network environments with high 
packet loss rates.
7 Conclusions

The FEC scheme employed in WebRTC is unsuitable for 
high-bitrate video due to limitations in coding efficiency and 
adaptive capacity. Therefore, we develop a hybrid coding 
method based on RS/LDPC codes, which determines the cod⁃

ing redundancy according to the receiver redundancy and 
packet loss rate. When contrasted with the group XOR method 
in WebRTC, the proposed scheme significantly reduces send⁃
ing redundancy while ensuring low delay and high recovery 
rate. We also implement a redundancy decision algorithm 
based on multi-step packet loss rate prediction, which gener⁃
ates forward-looking redundancy decisions based on feedback 
from the packet loss rate of the receiver. In comparison to the 
static table lookup method in WebRTC, this approach can 
adapt to complex and dynamic packet loss environments. The 
proposed AH-FEC consistently maintains a high data recovery 
ratio with the interval change of packet loss rates.
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