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Abstract—This paper investigates the adaptive bitrate (ABR)
video semantic communication over wireless networks. In the
considered model, video sensing devices must transmit video
semantic information to an edge server, to facilitate ubiquitous
video sensing services such as road environment monitoring at the
edge server in autonomous driving scenario. However, due to the
varying wireless network conditions, it is challenging to guarantee
both low transmission delay and high semantic accuracy at the
same time if devices continuously transmit a fixed bitrate video
semantic information. To address this challenge, we develop an
adaptive bitrate video semantic communication (ABRVSC) system,
in which devices adaptively adjust the bitrate of video semantic
information according to network conditions. Specifically, we
first define the quality of experience (QoE) for video semantic
communication. Subsequently, a swin transformer-based semantic
codec is proposed to extract semantic information with considering
the influence of QoE. Then, we propose an Actor-Critic based ABR
algorithm for the semantic codec to enhance the robustness of the
proposed ABRVSC scheme against network variations. Simulation
results demonstrate that at low bitrates, the mean intersection over
union (MIoU) of the proposed ABRVSC scheme is nearly twice
that of the traditional scheme. Moreover, the proposed ABRVSC
scheme, which increases the QoE in video semantic communication
by 36.57%, exhibits more robustness against network variations
compared to both the fixed bitrate schemes and traditional ABR
schemes.

Index Terms—Semantic communication, adaptive bitrate, video
semantic segmentation, Actor-Critic

I. INTRODUCTION

Future wireless network is required to support Internet of

everything (IoE) which provides ultimate user experiences

through ubiquitous connectivity and sensing techniques. In

practical scenarios such as smart home and autonomous driving,

wireless devices must transmit massive amounts of data (e.g.,

texts, audios, videos) to achieve ubiquitous sensing. However,

due to the huge data amount of videos, it is a large over-

head for wireless networks with limited spectrum resources to

support pervasive video transmission. Thus, this motivates the

implementation of video semantic communication techniques

which can reduce the transmitted data amount through trans-

mitting small-size video semantic information. For instance, in

autonomous driving scenario, vehicles primarily concentrate on

the locations of pedestrians and buildings for obstacle avoid-

ance, rather than all the pixels sampled by vehicle cameras.

In such applications, by substituting raw data transmission

with obstacle-related semantic information, semantic commu-

nication techniques can reduce the bandwidth occupation of

video transmission while maintaining the accuracy of task-

oriented communication. However, the adaptive scheme for

video semantic communication over dynamic wireless networks

has not been well designed.

Recent works [1]–[4] have investigated the efficiency and

robustness of semantic communication. In [1], an efficient

text codec was proposed to achieve lower word error rate

with high transmission efficiency. Considering the image data,

the authors in [2] employed a generative adversarial networks

(GANs)-based image semantic codec to enhance the semantic

consistency of the received images which reduced the amount

of the transmitted data. Besides, in [3], an autoencoder was

proposed for audio semantic communication to improve the

spectrum efficiency while maintaining accuracy. Furthermore,

the authors in [4] proposed an efficient semantic communication

system for the multimodal multi-user scenarios which improved

visual question answering (VQA) accuracy under low signal

to noise ratio (SNR) conditions. However, focusing on the

accurate semantic extraction, existing works in [1]–[4] have

not considered the delay guarantee problem for semantic com-

munication, especially with varying transmission environments.

The prior contributions [5]–[7] have explored adaptive mech-

anisms for semantic communication in varying transmission

environments. In [5], an adaptive transformer based codec

was introduced to the text semantic communication system,

enabling the system to flexibly adapt to channel variations.

In [6], the authors proposed an adaptive bit-length scheme

for text semantic communication to reduce the transmitted bit

amount avoiding a significant accuracy decrease. Furthermore,

in [7], the authors improved the results of the reconstructed

image through an adaptive coding method that assigns different

numbers of bits to different semantic important levels. However,

existing studies [5]–[7] have not considered an adaptive video

bitrate mechanism tailored for video semantic transmission.

Given that video semantic communication has a stronger de-

mand for delay guarantee compared to other adaptive systems,

it calls for an adaptive bitrate (ABR) mechanism that adapts to

varying network conditions while meeting the requirements of

high semantic accuracy and low delay.

To address this issue, in this paper, we propose an adaptive

bitrate video semantic communication (ABRVSC) system to

adapt the bitrate of video semantic information to the network

variation. The main contributions of this paper are as follows:
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Fig. 1. The proposed ABRVSC system.

1) We develop an ABRVSC system in which devices adap-

tively adjust the bitrate of video semantic information accord-

ing to network conditions. 2) We first define the quality of

experience (QoE) for video semantic communication and for-

mulate a QoE maximization problem to improve the semantic

accuracy while meet the delay requirements of video semantic

communication. 3) To solve the proposed problem, we then

propose a swin transformer-based semantic codec for extracting

semantic information, and further, introduce an Actor-Critic

based ABR algorithm for the semantic codec to select the

appropriate bitrate and to guarantee low transmission delay

and high semantic accuracy. 4) Simulation results with CamVid

dataset demonstrate that at low bitrates, the mean intersection

over union (MIoU) of the proposed ABRVSC scheme is nearly

twice that of the traditional scheme. Moreover, the proposed

ABRVSC scheme, which improves the QoE in video semantic

communication by 36.57%, exhibits more robustness against

network variations compared to both the fixed bitrate schemes

and traditional ABR schemes.

The rest of this paper is organized as follows. Section II

introduces the system model and problem formulation. Section

III provides detailed descriptions of the proposed codec and

Actor-Critic based video ABR algorithm. Simulation results are

presented in Section IV. Conclusion is drawn in Section V.

II. SYSTEM MODEL

We consider an ABRVSC system consisting of a device and a

server, as shown in Fig. 1. In the considered system, the device

(e.g., vehicle) must transmit video semantic information which

contains locations of key objects (e.g, humans and vehicles) in

the sensing area, to an edge server. Then the edge server utilizes

the information to sense the road environment, thus enhancing

the server’s ability to manage the road situation. To efficiently

achieve this goal of video data transmission, the device must

extract the accurate video semantic segmentation features using

a semantic encoder and the server must reconstruct the video

segmentation using a semantic decoder. Meanwhile, due to the

dynamic characteristics of wireless network environments, the

bitrate of transmitted information cannot be always guaranteed

during a long time when the channel seriously degrades. As

a result, the video semantic segmentation features must be

encoded into multiple bitrates to guarantee both low transmis-

sion delay and high semantic accuracy by adjusting the bitrate

when network condition varies. To meet the aforementioned

requirements, an ABR module and a multiple bitrate semantic

encoder (MBSE) module are deployed at the device. The ABR

module first selects the appropriate bitrate, and then the MBSE

encodes the video into semantic features with the determined

bitrate. Given that the selection of bitrate precedes the encoding

process, the computational complexity of our proposed system

aligns with that of systems using a fixed bitrate. As such,

the proposed scheme is suitable for deployment on the device

for video semantic encoding. On the server side, the received

semantic features, which have passed through the wireless

channel, are processed by a deployed multiple bitrate semantic

decoder (MBSD) module to reconstruct the required video

segmentation.

In this section, we first present the details of the video se-

mantic transmission model in the developed ABRVSC scheme.

Subsequently, we introduce the metric for semantic accuracy.

Finally, we propose a QoE model for the ABRVSC scheme and

formulate the QoE maximization problem.

A. Video Semantic Transmission Model

We assume that a device collects videos using a visual sensor

(e.g., a camera) and preprocesses the video data (denoising and

enhancing) to generate the raw video v with an initial bitrate B.

The raw video v consists of n video chunks {v1,v2, ...,vn}.

Before transmission, the device must select an appropriate

video bitrate bn ∈ B for each chunk vn according to the ABR

algorithm, to adapt to the network conditions, where B is the

set of bitrates available for selection. Then, the bitrate bn and

video chunk vn are delivered to the MBSE module for semantic

extraction and coding.

Due to the varying network conditions, it is challenging

to guarantee both low transmission delay and high semantic

accuracy at the same time if the device continuously transmit

fixed bitrate video semantic information. Therefore, it is nec-

essary to pretrain MBSE models with different compression

ratios offline. The MBSE module selects the compression ratio

according to the bitrate and video chunk for semantic extraction

encoding. The bitrate of video chunk vn can be given by:

bn =
B

cn
, (1)

where cn is the compression ratio of the video chunk vn.

Given the video chunk vn, semantic feature of vn needs to

be extracted before transmission. Let En(·, bn) be the encoding

function of the MBSE module which encodes video with bitrate

bn. The relationship between the semantic feature xn and input

vn can be given by:

xn = En(vn, bn). (2)

The encoded semantic feature is transmitted over wireless

channels and the received semantic feature at the receiver is

given by:

yn = hxn + z, (3)



Fig. 2. The framework of swin transmformer-based semantic encoder.

where yn is the semantic feature received by the semantic

decoder, h is the Rayleigh fading channel coefficient, and z is

the additive noise which follows a Gaussian distribution, z ∼
N

(

0, σ2I
)

, with σ2 being variance and I being the identity

matrix.

The server selects the corresponding decoder model to

decode the received semantic feature yn. The function of

the MBSD module is represented by Dn(·, bn). Thus, the

correlation between the output video segmentation on and the

received semantic features yn is given by:

on = Dn(yn, bn). (4)

B. The Metric for Semantic Accuracy

A video chunk consists of a continuous sequence of frames.

In the ABRVSC scheme, the objective of semantic segmenta-

tion is to assign a label to each pixel in a frame, denoting the

object or region to which it belongs. This process is driven

by the primary objective of enhancing the average accuracy

of model-based segmentation across all frames. Consequently,

semantic segmentation tasks utilize MIoU as the accuracy

metric, which is calculated by:

MIoU =
1

c

c−1
∑

i=0

pii
c−1
∑

j=0

pij +
c−1
∑

j=0

pji − pii

, (5)

where c is the total number of categories and pij is the count

of pixels in on predicted as category j, which actually belong

to category i. MIoU assesses the segmentation accuracy of

the model for all categories and is given an average value,

ranging from 0 to 1. A higher MIoU means a more accurate

segmentation.

C. QoE Model and Problem Formulation

Video transmission performance is closely related to user

experience. In order to evaluate the user experience of video

semantic communication, we propose a QoE model based on

MIoU which is given by:

QoEn = αMIoUn − βTn − |bn − bn−1|, (6)

where α and β are hyperparameters, bn is the bitrate of

video chunk vbn at the current moment, |bn − bn−1| is the

bitrate switching smoothness, and Tn is the rebuffering time.

Rebuffering, a result of exhausting data in the buffer area neces-

sitating data reloading for continued playback, can significantly

Fig. 3. The structure of convolutional neural network (CNN) based semantic
decoder.

contribute to transmission delay. The aim of our ABRVSC

scheme is to maximize QoE during video transmission over

wireless networks, and the problem is formulated as follows,

max
bn

1

N

N
∑

n=1

QoEn

s.t. bn ∈ B.
(7)

where N is the number of total video chunks. From (6),

we can see that the QoE maximization problem (7) involves

MIoU, delay, and smoothness optimization. MIoU optimization

relies on accurate semantic information extraction from the

video, while delay and smoothness depend on proper bitrate

selection based on accurate network condition prediction. To

tackle these challenges, we proposed a semantic codec and an

ABR algorithm which are explained in detail in Section III.

III. SEMANTIC CODEC AND ABR ALGORITHM

With the aim of maximizing the QoE for the device in the

ABRVSC scheme, we delve into the critical components re-

sponsible for realizing this objective, including the MBSE mod-

ule, the MBSD module, and the ABR algorithm. The design and

implementation of these components are adapted to optimize

the QoE, considering the precise semantic representation of the

video and ABR algorithm. In this section, we first introduce

the MBSE and MBSD modules, which implement a multiple-

bitrate video codec via deploying multiple compression ratios.

Subsequently, we provide a detailed description of the video

semantic communication ABR algorithm.

A. Semantic Encoder

In order to extract the video semantic information, we adopt

the scheme that processes video frames. The video frames are

extracted using H.264 encoding standard (a widely adopted

standard for video compression) and then fed into the semantic

encoder. In the semantic encoder as shown in Fig. 2, a swin

transformer-based model [8] is employed to perform seman-

tic segmentation on the input video frames, separating and

identifying various objects within each frame. Key semantic

features, including object types, shapes, and locations, are

extracted from the frame. Next, the semantic encoder encodes

the extracted semantic features, generating a compact semantic

representation, which is then transmitted over the wireless

channel.

The semantic encoder [8] is composed of a patch partition

layer, four stages, a downsampling layer, and a convolutional

layer. Each stage contains a common unit with several swin



transformer Blocks (STBs) that can partition the input frame

into non-overlapping local windows and conduct self-attention

calculations within each local window. This self-attention

mechanism enables STBs to allocate varying importance to

distinct input elements while handling particular elements.

Concurrently, STBs employ a hierarchical architecture with

shifted windows, allowing the STBs to capture both local and

global contextual information. These characteristics allow the

model to selectively concentrate on particular regions of the

input frames that are more pertinent to the objective of semantic

segmentation, thereby enhancing its performance in this task.

The self-attention [8] operation of the window can be given by:

Attention(Q,K,V ) = Softmax(
QKT

√
d

+ τ)V , (8)

where Q, K, and V are the corresponding query, key, and

value matrices for the features of each window, respectively. In

(8), d is the dimension of the K matrix and τ is the relative

position deviation.

Following the downsampling layer, the features are passed

through a convolutional layer consisting of G filters, each with

size 1 and stride 1. The video compression ratio of the semantic

encoder can be controlled by adjusting the value of G. When

the values for G are 128, 64, 32, and 16, the corresponding

compression ratios are 6, 12, 24, and 48, respectively.

B. Semantic Decoder

In the semantic decoder, the receiver reconstructs semantic

features from the transmitted representation, with the objective

of achieving maximal semantic information recovery of the

original frames. Then, the segmentation frames are recon-

structed using decoded semantic features, minimizing frame

quality loss while preserving semantic information. Finally, the

reconstructed frames are combined into a video.

Fig. 3 presents the semantic decoder for video segmenta-

tion, which primarily comprises several deconvolutional layers,

multiple upsampling layers, a softmax activation layer, and an

argmax layer [9]. The first three deconvolution layers aim to

mitigate the effect of noise. Subsequently, in order to complete

the details of the frame, three upsampling layers are inter-

leaved between the deconvolutional layers, allowing the feature

dimensions to gradually match the input in terms of length

and width. After activation of the softmax activation layer, the

obtained feature dimension is H×W × c, where H and W are

respectively the height and width of each frame within the input

video chunk, and c is the number of categories for semantic

segmentation. The value of the last dimension signifies the

prediction probability of pixel multi-class classification. Lastly,

semantic segmentations of video frames are acquired through

the argmax operation with a dimension of H ×W .

The objective of the decoder is to accurately classify each

pixel in a frame. Therefore, we utilize the cross entropy of the

multi-class classification for each pixel as the loss function. For

a batch of frames, the loss function of the entire system can be

given by:

Tn Tn-1 Tn-k+1

Dn Dn-1

TCN

TCN

TCN

160
kbps

320
kbps

1280
kbps

Hidden Layer Fully Connected

Actor Network
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Linear
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Fig. 4. The actor-critic based ABR model.

Loss =

−
S
∑

s=1

H×W
∑

l=1

c−1
∑

i=0

(ps,l,i log(p̂s,l,i))

S ×H ×W
, (9)

where S is the batch size, p̂s,l,i is the predicted probability that

the pixel at position l in the s frame is classified into category

i, and the value of ps,l,i ∈ {0, 1} is the label of the frame pixel

at position l in the s frame that belongs to category i.

C. Actor-Critic based Video ABR Algorithm

To guarantee both low transmission delay and high semantic

accuracy under various network conditions, the device must

select an appropriate bitrate based on the video ABR algorithm.

Consequently, we employ Actor-Critic reinforcement learning

(RL) for ABR, which efficiently converges by leveraging

temporal difference error. The Actor-Critic based ABR model

is shown in Fig. 4. In the Actor-Critic algorithm, there are

two main components: Actor network and Critic network. For

each video chunk, state sn, which indicates the communication

network condition, is input into the neural network of an agent.

The RL agent deployed on the device selects the transmission

bitrate bn as the action an. The agent then executes the action,

observes the reward from environmental feedback, and the RL

environment evolves to the next. After the action is performed,

the Critic estimates the state value based on the action an and

network state sn, providing the Actor with an evaluation of the

action, denoted by value qn. The Actor then updates its model

parameters according to qn.

For each video chunk, the input state space [10] consists of

six parameters: sn = (t,d,u, Cn, Bn, Ln). t is the throughput

vector for the past k video chunks, d is download time vector

for the past k video chunks, and u is a vector containing m

available sizes for the next video chunk. They are processed

by a Temporal Convolutional Network (TCN) layer with 64

filters, kernel size 3, and stride 1. Here, we employ the TCN

due to its superior performance in processing time series data.



Algorithm 1 Video Bitrate Adaptive Algorithm based on Deep
Reinforcement Learning.

1: Initialization: Initialize policy network parameter θ and value
network parameter w. Set the hyperparameter α, β and discount-
ing factor γ. Initialize the environment and get the initial state
s0. Select action a0 according to the policy network π(a|s0; θ).

2: while training epochs < Total training epochs M do:
3: while video chunks < Total video chunks N do:
4: Observe the network state sn and randomly sample the

bitrate an according to the policy function π(·|sn; θn).
5: Play the video chunk with bitrate an and get the new

network state sn+1 and reward rn.
6: δn = qn − (rn + γ · qn+1) ⊲ calculate TD error

7: dw,n = ∂q(sn,an;w)
∂w

|w=wn
⊲ calculate derivative

8: wn+1 ← wn − ς · δn · dw,n ⊲ update parameter w

9: dθ,n = ∂ log π(an|sn,θ)
∂θ

|θ=θn ⊲ calculate derivative
10: θn+1 ← θn + σ · qn · dθ,n ⊲ update parameter θ
11: end while
12: end while
13: Output: Final policy network parameter θ∗, value network pa-

rameter w∗ and reward curve.

This is largely attributed to its unique utilization of causal

convolution, dilated convolution, and residual operations. The

current buffer occupation Cn, the last video chunk bitrate Bn,

and the number of remaining video chunks Ln are extracted

by a fully connected neural network with 128 neurons. The

output features of these layers are then transmitted to a hidden

layer of 128 neurons. The hidden layer is fully connected to

an output layer which uses the softmax function to select the

action an. Different from the Actor, the Critic employs a linear

activation at the output layer to evaluate the QoE of the video

service. The training objective is to maximize the reward value

rn, which corresponds to the QoE introduced in Section II. The

reward function is given by:

rn = αMIoUn − βTn − |bn − bn−1|. (10)

We use Vπ(sn) =
∑

a

π(a|sn)Qπ(sn, a) as the state value

function, representing the average value of all actions. Then,

Vπ(sn) can be approximated by a neural network weighted

with w, which is given by:

Vπ(sn) ≈ V (sn; θ, w) =
∑

a

π(a|sn; θ)q(sn, a;w). (11)

The value network (Critic network) q(sn, a;w) is updated

based on V (sn; θ, w) to enhance the scoring accuracy, which

in turn allows for better estimation of the sum of future

expected rewards, bringing V (sn; θ, w) closer to the actual

average value. The policy network (Actor network) π(a|sn; θ)
is updated according to q(sn, a;w) in order to increase the

state value V (sn; θ, w). The complete Actor-Critic based ABR

algorithm is presented in Algorithm 1, which leverages Tem-

poral Difference (TD) error to guide both the value function

estimation and the action selection optimization.

Moreover, to address the parallel training problem of Actor-

Critic in multi-core or distributed computing environments, we

adopt [11] the Asynchronous Advantage Actor-Critic (A3C)

TABLE I
SIMULATION PARAMETERS.

Parameter σ ς α β k m c

Value 0.0001 0.001 9.6 4.3 8 4 32

algorithm. This approach employs multiple agents with each

possessing its own Actor and Critic. These agents train asyn-

chronously and subsequently aggregate their experiences into a

global network.

IV. SIMULATION RESULTS

In our simulations, the device has a 60 seconds video play-

back buffer and employs four different bitrates: B = {160 kbps,

320 kbps, 640 kbps, 1280 kbps}. The specific experimental

parameter settings are presented in Table I. To evaluate the

performance of our algorithm in a real network environment,

we adopt a mixed dataset of FCC and HSDPA [12] as our

network bandwidth dataset and CamVid as the video dataset

[13], respectively. In the network bandwidth dataset, we utilize

75% dataset for training the model, and 25% for testing. For

the video dataset, the dataset is partitioned into 367 frames for

training, 101 for validation, and 233 for testing. We compare

our algorithm with a) OCRNet+JPEG (semantic segmentation

model with JPEG coding), b) Buffer-Based (BB) Algorithm

[14], c) Model Predictive Control (MPC) Algorithm [15], and

d) Fixed bitrate transmission schemes, which bitrates ∈ B.

In Fig. 5, we show the cumulative distribution function

(CDF) of MIoU for all considered schemes with different net-

work conditions. The CDF indicates the probability distribution

of a random variable. From Fig. 5, we see that although MIoU

of the ABRVSC scheme is slightly lower than that of 1280 kbps

scheme, the ABRVSC scheme can achieve 151.85%, 28.30%,

7.94%, 33.33%, and 11.48% gain in terms of MIoU compared

to 160 kbps, 320 kbps, 640 kbps, BB and MPC schemes,

respectively. This is due to the fact that the 1280 kbps scheme

pursues high semantic accuracy at the cost of delay caused by

huge transmission data amount, while the Actor-Critic based

ABR algorithm enables the ABRVSC scheme to select high

bitrates in the case of high bandwidth, thus improving MIoU.

Fig. 5 demonstrates that the ABRVSC scheme can attain high

MIoU for video semantic communication.

Fig. 6 shows the CDF of transmission delay for all considered

schemes with different network traces. From Fig. 6, we see

that although the average transmission delay of the ABRVSC

scheme is higher than the 160 kbps scheme, the ABRVSC

scheme can reduce 3.83%, 37.61%, 59.17%, 18.58%, and

0.85% average transmission delay compared to 320 kbps, 640

kbps, 1280 kbps, BB and MPC schemes, respectively. This

is because that the 160 kbps scheme at the cost of a lot of

semantic accuracy in exchange for low transmission delay,

while the accuracy of the network condition prediction enables

the ABRVSC scheme to select low bitrates in the case of low

bandwidth, thus reducing transmission delay. Fig. 6 reflects the

outperformance of ABRVSC scheme on guaranteeing low video

service transmission delay.

In Fig. 7, we show the CDF of QoE for all considered

schemes with different network conditions. From Fig. 7, we



Fig. 5. CDF of MIoU. Fig. 6. CDF of delay. Fig. 7. CDF of QoE.

Fig. 8. MIoU of different models under different bitrates.

see that the ABRVSC scheme can achieve 166.49%, 94.09%,

36.57%, and 24.49% gain of the QoE compared to 160 kbps,

320 kbps, BB and MPC schemes, respectively. This is due to

the fact that the ABRVSC scheme can adjust the bitrate in

time according to the real-time channel state to maximize the

utilization efficiency of the channel resources, so as to obtain

better QoE. Fig. 7 demonstrates that the ABRVSC scheme

outperforms the baselines in terms of QoE.

Fig. 8 shows how the MIoU of ABRVSC scheme and tradi-

tional coding scheme change as the bitrate varies. From Fig. 8,

we see that under low bitrates, the MIoU of the ABRVSC

scheme surpasses that of the traditional scheme. Although at

the bitrate of 1280 kbps, the ABRVSC scheme has a slightly

lower MIoU compared to the traditional scheme, when the

bitrate is 160 kbps, 320 kbps, and 640 kbps, the MIoU of

the ABRVSC scheme is nearly 92.86%, 107.03%, and 15.38%

higher than that of the traditional scheme, respectively. This is

due to the fact that traditional schemes extract all the details of

the video frame, and completely reconstruct the encoded frame

under a high bitrate while the ABRVSC scheme can effectively

extract the semantic information of video frames thus achieving

better performance with low bitrates. Fig. 8 demonstrates that

the proposed ABRVSC scheme can achieve higher semantic

accuracy under low bitrates compare to traditional coding

scheme.

V. CONCLUSION

In this paper, we proposed an ABRVSC system and first

defined the QoE for video semantic communication and for-

mulated a QoE maximization problem. To solve problem, we

then proposed a swin transformer-based semantic codec and in-

troduced an Actor-Critic based ABR algorithm to the semantic

codec. Simulation results demonstrates that at low bitrates, the

MIoU of the proposed ABRVSC scheme is nearly twice that

of the traditional scheme. Moreover, the proposed ABRVSC

scheme increases the QoE in video semantic communication,

which exhibits more robustness against network variations.
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