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Large Language Model Enabled Semantic
Communication Systems

Zhenyi Wang , Li Zou, Shengyun Wei , Feifan Liao, Jia Zhuo, Haibo Mi, Rongxuan Lai

Abstract—Large language models (LLMs) have recently
demonstrated state-of-the-art performance across various natural
language processing (NLP) tasks, achieving near-human levels in
multiple language understanding challenges and aligning closely
with the core principles of semantic communication. Inspired
by LLMs’ advancements in semantic processing, we propose
an innovative LLM-enabled semantic communication system
framework, named LLM-SC, that applies LLMs directly to
the physical layer coding and decoding for the first time. By
analyzing the relationship between the training process of LLMs
and the optimization objectives of semantic communication, we
propose training a semantic encoder through LLMs’ tokenizer
training and establishing a semantic knowledge base via the
LLMs’ unsupervised pre-training process. This knowledge base
aids in constructing the optimal decoder by providing the prior
probability of the transmitted language sequence. Based on this
foundation, we derive the optimal decoding criterion for the re-
ceiver and introduce the beam search algorithm to further reduce
the complexity. Furthermore, we assert that existing LLMs can be
employed directly for LLM-SC without additional re-training or
fine-tuning. Simulation results demonstrate that LLM-SC outper-
forms classical DeepSC at signal-to-noise ratios (SNR) exceeding
3 dB, enabling error-free transmission of semantic information
under high SNR, which is unattainable by DeepSC. In addition to
semantic-level performance, LLM-SC demonstrates compatibility
with technical-level performance, achieving approximately 8 dB
coding gain for a bit error ratio (BER) of 10−3 without any
channel coding while maintaining the same joint source-channel
coding rate as traditional communication systems.

Index Terms—Large language model, joint source-channel
coding, joint source-channel decoding, semantic communication.

I. INTRODUCTION

SHANNON and Weaver’s seminal work delineates com-
munication systems into three hierarchical levels [1], [2]:

• Technical communication: How accurately can the
symbols of communication be transmitted?

• Semantic communication: How precisely do the trans-
mitted symbols convey the desired meaning?

• Effective communication: How can the transmitted
symbols be used to achieve the desired effect?
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Since Morse invented Morse code and the wired telegraph
for communication in 1837, communication systems have con-
sistently aimed to achieve reliable and efficient transmission
of symbols without considering their meanings. Shannon’s
information theory, which quantifies information based on the
probability of symbols, has laid the theoretical foundation for
all practical communication systems. As communication tech-
nology has advanced, the demands on communication systems
have steadily increased. For instance, the development of 6G
wireless communication systems has heightened the need for
high-speed, low-latency communication, necessitating the use
of advanced coding techniques. Moreover, with the explosive
growth of emerging applications and massive data transmission
nearing Shannon’s limit, new paradigms are required. Seman-
tic communication presents such a paradigm by emphasizing
the accurate transmission of semantic information, moving
beyond traditional symbol-level source and channel coding.

Semantic communication systems have been studied for
many years, with early discussions on the theory of semantic
communication dating back to 1952 [3]. Recent theoretical
research has categorized the semantic communication problem
into language exploitation and language design, providing
mathematical models for both [4]. In practical engineering
applications, the first semantic transmission system for text,
DeepSC, was proposed in [5]. DeepSC evaluates semantic
communication systems using BLEU and sentence similar-
ity metrics and introduces a transformer-based network for
semantic encoding and decoding. Inspired by this, several
improved models have been developed [6], [7]. Furthermore,
semantic communication is gradually being explored in speech
[8], images [9], and video [10].

The rapid development of artificial intelligence, partic-
ularly in natural language processing (NLP), continues to
drive progress in semantic communication by providing new
paradigms. LLMs have recently pushed the machine’s un-
derstanding of human language to new levels. For instance,
ChatGPT can understand and respond to human language,
aligning well with the needs of semantic communication.
Consequently, applying LLM technology to semantic commu-
nication systems is a natural progression, with some initial
studies already exploring this integration [11]. However, many
issues in semantic communication remain unresolved, such
as semantic representation and measurement, semantic error
correction, and semantic knowledge bases [12].

In this paper, we investigate semantic communication sys-
tems by applying LLM technology to semantic encoding and
decoding. We propose a novel LLM-SC framework for text
in wireless communication. The proposed framework utilizes
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LLM technology to model the semantic information of text
and design a semantic communication system based on LLMs.
We evaluate the framework through a series of simulations,
demonstrating its effectiveness across multiple metrics. The
main contributions of this paper are:

• A novel LLM-SC framework for text in wireless com-
munication is proposed, which is the first application of
LLM to the physical layer encoding and decoding in
semantic communication. By using LLM to probabilisti-
cally model transmitted language sequences, we achieve
a communication paradigm that balances both semantic-
level and technical-level performance. We investigate
the relationship between the training process of LLMs
and the optimization goals of semantic communication,
proposing the training of a semantic encoder using LLMs’
tokenizer training and the construction of a semantic
knowledge base using LLM unsupervised pre-training.

• The optimal detection for LLM-SC is derived, and the
beam search algorithm from the NLP domain was in-
troduced to reduce complexity. This algorithm strikes
a balance in complexity between the Viterbi decoding
algorithm and the greedy decoding algorithm, thereby
ensuring high decoding efficiency while maintaining de-
coding reliability. Comparative simulations demonstrate
that exploring the optimal paths with a beam size in the
order of tens yields quite excellent decoding performance
compared to traversing a vocabulary of tens of thousands.
Moreover, when the beam size exceeds 20, the perfor-
mance improvements from further increasing the beam
size become negligible.

• The semantic-level and technical-level performance of
LLM-SC under AWGN and Rayleigh fading channels
are evaluated, without requiring any additional re-training
and fine-tuning on the existing LLM. Results demon-
strate that LLM-SC outperforms the classical DeepSC in
semantic-level metrics at an SNR above 3 dB and can
achieve error-free semantic transmission at high SNRs, a
contribution unattainable by DeepSC; moreover, in terms
of technical-level metrics, LLM-SC exhibits superior
coding efficiency compared to classical text compression
algorithms and achieves optimal BER performance across
the entire SNR curve at the same equivalent joint source-
channel coding rate.

II. RELATED WORK

A. AI-enabled wireless communication

The burgeoning field of artificial intelligence (AI) has cat-
alyzed a profound transformation in wireless communications.
Unlike traditional end-to-end communication algorithms that
rely on mathematical theories, AI leverages neural networks
trained to model the input-output relationships of commu-
nication systems. By utilizing large datasets, these neural
networks can learn the inherent patterns within communication
systems. This approach emphasizes end-to-end optimization
and data-driven methodologies, which significantly reduce
design overhead. Historical efforts to integrate AI into wireless
communications date back to 1992, when [13] attempted to

use neural networks for modulation recognition. Contemporary
AI-based methods have now surpassed classical mathemati-
cal algorithms in modulation recognition [14]. For text data
transmission, [15] introduced a unique deep and lightweight
Transformer variant, DeLighT, which achieves end-to-end joint
source-channel coding (JSCC). Subsequently, neural network
methods have been successfully applied to various domains,
including neural error correction [16], channel modeling [17],
encoding and decoding [18], channel estimation and equaliza-
tion [19], and bandwidth compression mappings [20]. These
methods have demonstrated impressive performance improve-
ments in wireless communications. A comprehensive review of
neural network-based wireless communication technologies is
provided in [21]. By leveraging the capabilities of AI, wireless
communication systems can achieve higher efficiency, adapt-
ability, and performance, marking a significant advancement
over traditional methods.

B. Semantic Representation in Natural Language Proccessing

Recent advancements in Natural Language Processing
(NLP), primarily driven by large pre-trained language models
such as Bidirectional Encoder Representations from Trans-
formers (BERT) [22], Generative Pre-trained Transformer
(GPT) [23], and their successors, have substantially enhanced
the capability to process and generate human language. These
models exhibit remarkable proficiency in understanding con-
text, generating coherent text, and performing a variety of
language tasks, establishing them as pivotal in semantic com-
munication. Techniques such as Word2Vec [24], GloVe [25],
and FastText [26] transform words into continuous vector
spaces, wherein semantically similar words are positioned
closer together. These embeddings have revolutionized numer-
ous NLP tasks by effectively capturing semantic meaning.
However, traditional word embeddings lack the ability to
capture syntactic information. In contrast, models like BERT
and Embeddings from Language Models (ELMo) generate
dynamic embeddings for words based on their context within
sentences, thereby enhancing the capture of polysemy and con-
textual nuances. Semantic parsing, which involves converting
natural language into formal representations such as logical
forms or knowledge graphs, is crucial for tasks like question
answering and information extraction [27]. Ontologies like
WordNet [28] and knowledge graphs such as Google’s Knowl-
edge Graph [29] organize information into interconnected
entities and relationships, offering a rich semantic framework
that underpins various NLP applications. Advanced archi-
tectures, notably Transformers, have dramatically improved
models’ abilities to understand and generate language. These
architectures leverage large-scale pre-training and fine-tuning
on specific tasks, achieving state-of-the-art performance across
numerous benchmarks.

C. LLM enabled semantic communication

Recent advancements in LLMs have significantly impacted
semantic communication across various domains [11]. For
instance, Jiang et al. address challenges in semantic commu-
nication for image data through a framework incorporating
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a segment-anything model-based knowledge base, attention-
based semantic integration, and adaptive compression tech-
niques [30]. Similarly, [31] propose a semantic communication
framework (LAM-SC) tailored for image data, leveraging
LLMs as the core knowledge base. These approaches harness
LLMs’ deep understanding of human knowledge to construct
robust knowledge bases for diverse communication tasks. Shen
et al. exploit the capabilities of LLMs in language understand-
ing, planning, and code generation, combined with classical
command strategies like task-oriented and communication-
edge joint learning. They propose an efficient multifunctional
framework for coordinating edge AI models in executing
tasks of edge intelligence [32]. However, current LLM-based
semantic communication systems primarily focus on higher-
level tasks such as user intent understanding, posing challenges
in their application to physical layer encoding and decoding.
Nevertheless, LLMzip has achieved compression ratios sur-
passing previously known estimates of the entropy bounds
by employing LLMs for lossless text compression [33]. Y.
Zhao et.al a semantic communication system driven by LLMs
(LLMs) that uses multimodal features to reconstruct raw
visual information, thereby improving transmission quality
of images [34]. This demonstrates exceptional source coding
performance at the physical layer, notwithstanding complexity
issues. However, the feasibility and benefits of utilizing LLMs
for channel encoding/decoding and modulation/demodulation
still little unexplored.

III. SYSTEM MODEL AND MECHANISM

A. Problem Description
The primary objective of a communication system is to

effectively and reliably transmit information-bearing messages
to the receiver. Within such systems, the information sequence
undergoes source encoding, channel encoding, and modula-
tion at the transmitter, enabling it to be transmitted through
the channel as symbols. At the receiver, inverse operations
are performed to reconstruct the transmitted information.
Communication systems typically pursue two optimization
goals. Firstly, the reliability metric aims to minimize the
discrepancy between the estimated sequence at the receiver
and the transmitted sequence at the transmitter. In technical
communication, this is evaluated using metrics like the BER,
while in semantic communication, it considers semantic dif-
ferences. Secondly, the efficiency metric aims to minimize the
length of transmitted symbols. These objectives often conflict
with each other. Shannon’s separation theorem states that in
technical communication systems, these objectives correspond
to channel encoding and source encoding, respectively, and are
optimized independently.

We analyze the problem of semantic communication from
the perspective of optimal decoding, focusing on the process
where an information sequence X = (x1, x2, · · · , xn), with
xi ∈ X is transmitted. X represents the set of transmitted
information symbols. Initially, X is encoded and modulated
at the transmitter using the function described in Eq. 1,
resulting in S = (s1, s2, · · · , st), where si ∈ S and S denotes
the set of transmitted symbols. Subsequently, after transmis-
sion through the channel, the receiver acquires the sequence

O = (o1, ..., ot). The receiver task is to estimates Ŝ from
O, and Ŝ is then decoded into X̂ using a semantic decoding
function specified by Eq. 2. The optimization objectives of
the communication system are twofold: Firstly, to minimizing
information error by aligning the probability distribution of Ŝ
as close as possible to S. Here, the function φ is bijective
and reversible, ensuring that recovering S is equivalent to
recovering X . Secondly, the system aims to minimize the
length t of the sequence S, thereby improving the efficiency.

S = φ(X) (1)

X̂ = φ−1(Ŝ) (2)

The relationship between ot and st is as shown in Eq. 3.

ot = ht ⊗ st + nt (3)

where ht and nt denote the channel impluse response (CSI)
and noise at time t, ⊗ denotes the convolution operator. The
process is a typical Markov process, and the optimal decoding
and demodulating process is to solve:

Ŝ = argmax
(si∈S)

P (s1, s2, · · · , st|o1, o2, · · · , ot) (4)

In fact, P (S|O) is often unavailable, hence Bayesian equa-
tion in Eq. 5 is commonly employed to modify it.

P (S|O) =
P (S,O)

P (O)
=

P (O|S)P (S)

P (O)
(5)

where P (O|S) represents the channel conditional transition
probability. The design of the communication system assumes
that the channel is memoryless, so the following formula holds
true.

P (o1, o2, · · · , ot|s1, s2, · · · , st) =
t∏

i=1

P (oi|si) (6)

Therefore, the optimization goal of the best decoding system
is:

argmax
(si∈S)

P (s1, s2, · · · , st | o1, o2, · · · ot)

= argmax
(si∈S)

P (o1, o2, · · · , ot | s1, s2, · · · , st)P (s1, s2, · · · , st)
P (o1, o2, · · · , ot)

= argmax
(si∈S)

P (s1, s2, · · · , st)
∏t

i=1 P (oi | si)
P (o1, o2, · · · , ot)

(7)

=argmax
(si∈S)

P (s1, s2, · · · , st)
t∏

i=1

P (oi | si) (8)

In Eq. 7, P (s1, s2, · · · , sT ) represents the probability of the
transmitted symbol sequence occurring within the entire set
of transmitted symbols S. For a specific received sequence,
P (o1, o2, · · · , oT ) is a fixed value and cannot be optimized.
Therefore, the final optimization objective is given by Eq. 8.

The problem now revolves around identifying a transmission
system where the receiver can access both P (s1, s2, . . . , st)
and P (oi | si). The length of t determines the coding rate. If
such a system exists, it would be optimal given the current
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coding rate. We will analyze the two components of this
requirement separately in the subsequent sections.

Frist, P (oi | si) represents the probability distribution of
the received signal at the receiver through the channel. For a
AWGN channel, this distribution is given by Eq. 9:

P (oi | si) =
1√
2πσ

e

(
− (si−oi)

2

2σ2

)
(9)

where σ2 denotes the noise power. Considering fading chan-
nels beyond AWGN channels, if hi can be accurately estimated
at time i, then based on Eq. 3, P (oi | hi ⊗ si) follows a
normal distribution, as expressed in Eq. 10:

P (oi | hi ⊗ si) =
1√
2πσ

e

(
− (oi−si⊗hi)

2

2σ2

)
(10)

When hi remains constant, the fading channel effectively
behaves like a AWGN channel.

The ’⊗’ in Eq. 10 corresponds to channel equalization in
classical technical communication systems, where si repre-
sents the constellation sequences corresponding to the trans-
mitted semantic symbol. In digital communication, the esti-
mated hi is utilized to equalize oi by performing the mul-
tiplication of the conjugate transposed matrix of oi and hi.
However, we ues hi to convolve si, which will be beneficial
to the design of our subsequent system.

Thus, our objective transforms into identifying a function
φ that maps the sequence X to the sequence S, while
accurately modeling the probability of S. This probability
model should be consistent and computable at both transmitter
and receiver ends, where the length of S reflects the coding
rate at the transmitter. In technical communication systems,
determining the probability distribution of S is challenging,
often assuming equiprobable transmission of information bits.
LLMs process text into numerical token sequences and predict
the probabilities of subsequent tokens in natural language,
closely resembling our problem. These models can effectively
model P (S). In subsequent sections, we detail the use of
LLMs for probabilistic modeling of text. Assuming P (S) is
accessible, we continue discussing function φ.

The goal of φ is to minimize the length t of S, thereby maxi-
mizing data transmission rates, ensuring that P (s1, s2, · · · , st)
reaches its maximum:

maxP (s1, s2, · · · , st) =
t∏

i=1

P (si)

subject to P (si) = P (sj) ∀ 1 ≤ i, j ≤ t. (11)

When transmitted symbols are independent and equiprobable,
the mapping process from X to S approaches the entropy limit
in compression. This scenario mirrors source coding achieving
the entropy limit without employing channel coding in techni-
cal communication [2]. The optimal decoding strategy involves
comparing the Euclidean distance between the received signal
and the transmission constellation. Bit errors are irreparable
without prior information; once an error occurs at the receiver,
the information becomes unrecoverable. However, technical
communication systems typically exhibit some correlation
among elements within S, enabling the receiver to correct

erroneous symbols using prior knowledge. This correlation is
analogous to the use of parity bits in channel coding within
technical communication systems. Channel coding fundamen-
tally entails computing parity bits from information bits using
a corresponding generator matrix, thereby facilitating error
recovery through receiver-side correlation. Viterbi decoding
principles maximize the probability of information bits given
the posterior distribution of received symbols. Hence, from
both technical and semantic perspectives, an ideal communi-
cation system should possess the following characteristics:

• S should be as short as possible, but cannot reach the
entropy bound. The process from X to S is an encoding
process that retains a certain amount of information
redundancy;

• The information redundancy inherent in S can be ef-
fectively exploited, allowing the design of algorithms to
implement Eq. 8.

B. System Model

In this subsection, the application of LLMs for modeling the
problems outlined in the previous subsection is introduced.
LLMs undergo an unsupervised pre-training process aimed
at predicting the probability of the next token in a training
set, given preceding text. Tokens, representing encoded forms
of human language beyond individual characters, are derived
from extensive natural language data and undergo a tokenizer
training phase, akin to a data compression process [35]. Com-
monly utilized methods such as Byte Pair Encoding (BPE) and
WordPiece [36] serve as forms of data compression aligning
with the function φ discussed earlier. The embedding layer
after tokenization further represents semantic information from
this encoding.

Consider a scenario where both the transmitter and re-
ceiver share identical background knowledge from a common
knowledge base. If all possible sequences of transmitted infor-
mation can be enumerated, then P (S) becomes computable,
resolving the problem posed in the previous subsection. The
objective of LLM training is to predict token probabilities
post-tokenization of text, while dataset construction aims to
comprehensively cover all human languages. Assuming text
information, Alice and Bob, needing communication, should
possess the same knowledge base (X distribution equivalence)
for effective language interaction. Assuming comprehensive
collection of their language usage into dataset D, and given
adequate computational resources for both parties, algorithms
like BPE or WordPiece tokenize D’s text. The goal is training
a tokenizer with vocabulary size V . If m bits represent a token,
then 2m ≥ V . Tokenization’s compression effect, where UTF-
8 encodes sequence X of length n into sequence W of length
t should satisfy the expression:

m ∗ t ≤ 8 ∗ n, (12)

Assuming V approaches infinity and the number of training
iterations tends to infinity, tokenization achieves maximum
data compression. For a dataset D, this tokenization results
in each token in the vocabulary becoming approximately
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equiprobable. Consequently, the encoding of transmitted in-
formation reaches its shortest form. If such tokenization is
applied to train a LLM, the model may fail to converge, as the
output P (S) remains constant. Therefore, by controlling the
size of V , one can regulate the degree of compression through
tokenization, thereby managing the redundancy of information
carried by transmitted bits. This effectively controls the coding
rate of source-channel encoding [37].

Next, tokens are fed into LLMs for unsupervised pre-
training. The model output can be approximated as:

LLMoutput ≈ P (wi | wi−1, wi−2, · · · , wmax(1,i−N)) (13)

where N denotes the context length of the LLM. As LLMs
evolve, N tends to increase. Given the contextual depen-
dencies inherent in natural language sequences, the tokens
W = (wi, wi−1, wi−2, · · · , wmax(1,i−N)) are not indepen-
dent. Thus, the equation addressing the causal system is:

P (W ) =

t∏
i=1

P (wi|wi−1, wi−2, · · · , wmax(1,i−N)) (14)

The loss function for unsupervised pre-training of LLMs is:

L = −
t∑

i=1

logP (wi | wi−1, wi−2, . . . , wmax(i−N,1)) (15)

It is observed that Eq. 14 and the loss function Eq. 15 are
equivalent. By designing a high-dimensional constellation dia-
gram for W and modulating it, W can becomes S. It should be
noted that because the vocabulary size is generally large, it is
difficult to represent it with one modulation symbol. Therefore,
multiple modulation symbols are needed to represent a token,
which we call a high-dimensional constellation diagram. Since
W and S are in one-to-one correspondence, they share iden-
tical probability distributions. To train a semantic system for
optimal decoding, the loss function is formulated as:

L∫ = −
t∑

i=1

logP (wi | wi−1, wi−2, . . . , wmax(i−N,1))

−
t∑

i=1

logP (oi | wi) (16)

The two components of Eq. 16 are evidently independent,
enabling separate training of the system parts. The second
component can be expressed as:

−
t∑

i=1

logP (oi | wi) = −
t∑

i=1

logP (oi | si) (17)

Eq. 17 represents the channel condition transition probability.
Once the channel and modulation scheme are determined,
this equation can be specified as Eq. 10. For modulation
schemes akin to those in classical communication (e.g., QAM
or QPSK), Eq. 17 can be directly applied without additional
training.

Therefore, language sequences can be semantically encoded
through tokenization and training of LLMs. Probabilistic mod-
eling is subsequently performed on these encoded sequences.
Achieving a zero loss in LLMs training suggests optimal

decoding within this transmission system, where loss indicates
deviation from optimal decoding. Notably, through the training
of tokenization and LLMs, an optimal transmission system
can be attained across various coding rates, obviating the
need for further LLMs fine-tuning. This training process aligns
seamlessly with the typical training methodologies of LLMs,
requiring no adjustments for semantic communication.

The system structure depicted in Fig. 1 illustrates the
pre-training process. We construct the dataset by collecting
all possible transmission contents from both the sender and
receiver. A tokenizer with a vocabulary size of V is trained
using algorithms such as BPE and WordPiece. This tokenizer
converts the text into tokens, which are subsequently used
to train a large language model (LLM). The loss function
for the LLM is defined in Equation 15. Upon completion
of the LLM training, the model serves as a knowledge base
for semantic communication by providing P (W ) to supply
shared knowledge to the receiver. At the receiving end, the
LLM plays a crucial role in the decoder by offering priors for
the transmitted sequence. The method for achieving optimal
decoding will be discussed in subsequent sections. The LLM-
SC has the following characteristics:

• The system assumes that D encompasses all possible
content that can be transmitted between the transmit-
ter and receiver. While achieving this in reality poses
challenges, current training corpora for LLMs strive to
encompass all languages used by humans. With the
rapid development of LLM technology, this assumption
is becoming increasingly feasible.

• The system prioritizes decoding sentences with higher
probabilities of occurrence in the real world. Sequences
for which P (s1, s2, . . . , sT ) = 0 cannot be transmitted,
as the receiver would be unable to decode such sequences
where the probability is zero. Consequently, the system
cannot transmit sentences that are impossible in the real
world, as these sentences convey no meaningful informa-
tion. Therefore, the system integrates both technical and
semantic information.

C. Decoding algorithm of LLM-SC

After training, a pre-trained LLM can compute the prob-
ability in Eq. 14 of a sent sequence S = (s1, s2, · · · , st)
given a received sequence O = (o1, o2, · · · , ot), representing
the likelihood of the sequence S transforming into O after
transmission through a channel. This decoding process can be
applied using any pre-trained LLM, and in this subsection, we
delve into the specific decoding algorithm.

According to Eq. 8, assuming the transmitted sequence
length does not exceed the maximum context length of the
LLM, the optimal decoding strategy involves:

Ŵ = argmax
wi∈V

t∏
i=1

P (wi | wi−1, wi−2, · · · , w1)P (oi | wi)

= argmax
wi∈V

t∏
i=1

P (wi | wi−1, wi−2, · · · , w1)P (oi | si)
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Fig. 1: The structure of LLM-SC.

= argmax
wi∈W

t∑
i=1

[ln(P (wi | wi−1, wi−2, · · · , w1))

+ ln(P (oi | si))] (18)

= argmax
wi∈V

t∑
i=1

[N0ln(P (wi | wi−1, wi−2, · · · , w1))

− ∥oi − hi ⊗ si∥2] (19)

where N0 denotes the noise power spectral density (PSD),
typically N0 = 2σ2. Here, wi represents the i-th transmitted
token that undergoes modulation into si and transmission
through the channel. The first term in Eq. 18 reflects the
prior probability distribution of transmitted tokens, while the
second term quantifies the Euclidean distance between re-
ceived symbols and constellation points. The direct exploration
of all possible sequences to select the one with the highest
probability, known as maximum likelihood decoding, poses
computational challenges with complexity O(V t), where V
is the number of possible states (sets of transmit symbols)
and t is the sequence length, typically posing engineering
constraints.

Eq. 19 represents a typical hidden Markov model prediction
problem, commonly addressed using dynamic programming
algorithms to find the path with the maximum probability. The
Viterbi algorithm initializes from the start state, maintaining
maximum values for paths leading to each state and decoding
backwards to determine the optimal path. However, for se-
quences of length t, its computational complexity is O(t×V 2),
which can be prohibitively high given the often large size V
of LLMs. To mitigate complexity, beam search, a heuristic
algorithm prevalent in NLP, is adapted. Beam search constructs
a search tree using breadth-first search, sacrificing optimality
for efficiency. In beam search, the beam width K governs its
operation. At each timestep, it retains the top K sequences by
score, expanding each to generate K × V candidates. From
these, the next K best sequences are selected to continue

expansion.
Beam search transitions into the Viterbi algorithm when

K = V , and into a greedy decoding algorithm when K = 1. It
represents a balance between the optimality of Viterbi and the
efficiency of greedy decoding, making it suitable for scenarios
where minor errors are acceptable given the expansive search
space.

We modify our decoding approach using the scoring func-
tion described by Eq. 20. Specifically, we maintain a max
heap of size K to store high-scoring sequences. We use the
K sequences to predict the next symbol and add these to the
heap. Then we extract the current top K for the next iteration.

socre=N0 lnP (wi|wi−1,wi−2,· · · ,w1)−∥oi− hi⊗s∥2 (20)

Beam search decoding with a computational complexity
of O(K × V × t) facilitates parallelized computation across
K sequences. Algorithm 1 outlines the workflow, designed
to demodulate text efficiently. By adjusting K, one can
balance computational efficiency against decoding accuracy.
Beam search offers a feasible, though suboptimal, approach
leveraging the capabilities of LLMs. The specific decoding
process is illustrated in Fig. 1.

D. Performance Metrics

Performance metrics are essential for evaluating proposed
methods in communication systems. In end-to-end communi-
cation, the BER is commonly adopted as the training target
by both transmitters and receivers, yet it often overlooks
broader communication goals. BER may not accurately re-
flect the performance of semantic communication systems.
Consequently, novel metrics such as Bilingual Evaluation
Understudy (BLEU) and Word Error Rate (WER) have been
proposed, focusing on word-level similarity between transmit-
ter and receiver outputs. However, these metrics do not fully
capture the similarity between entire sentences. To address
this gap, metrics utilizing pre-trained models like BERT have
emerged for evaluating semantic similarity. This paper selects
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Algorithm 1 Beam search for text decoding.

Input: O: Received symbols from wireless channel
K: beam size
t: the number of target decoding tokens
N0: power spectral density (PSD) of noise

Output: W : Decoding tokens
1) B0 ← {< 0, >}
2) for i ∈ {0, . . . , t− 1} :
3) B ←∞
4) for < sorce, y >∈ Bi − 1
5) for s ∈ S
6) sorce← N0ln(P (s|y))− ||oi−hi⊗ s||2
7) B.add(< sorce, y ◦ s >)
8) Bt ← B.top(K)
9) return B.max()

evaluation metrics that encompass both traditional technical
communication systems and emerging semantic communica-
tion paradigms, providing a comprehensive assessment of the
proposed method.

1) BLEU: BLEU is a metric commonly used to evaluate
the quality of machine-generated text against one or more
reference texts. Originally developed for machine translation,
it has been adapted for use in semantic communication systems
where assessing the quality of generated outputs is crucial.
BLEU calculates a score based on the precision of n-grams
(continuous sequences of n items, typically words) between
the generated output and the reference texts. It quantifies
how closely the generated text matches the reference texts in
terms of these n-grams, providing a numerical assessment of
similarity and fluency. For a transmitted sentence s of length
ls and its decoded counterpart ŝ with length lŝ, the BLEU
score is defined as:

logBLEU = min(1− lŝ
ls
, 0) +

N∑
n=1

un log pn (21)

where un are weights assigned to n-grams, and pn denotes
the n-gram score:

pn =

∑
k min(Ck(ŝ), Ck(s))∑

k min(Ck(ŝ))
(22)

Here, Ck(·) represents the frequency count function for the
k-th elements in n-grams. BLEU captures contextual relation-
ships to some extent but primarily evaluates surface similarity
of n-grams without considering semantic equivalence. Con-
sequently, BLEU may assign a lower score even when the
generated text is semantically aligned with the reference, due
to differences in expressions or the use of synonyms.

2) Sentence Similarity: In addressing the issue of polyse-
mous words, Xie et al. introduced a novel evaluation metric
for sentence similarity [5]. Sentence similarity assesses the
semantic equivalence between two sentences using a pre-
trained model. Such models, exemplified by BERT [22], are
natural language processing models trained extensively on
diverse corpora. The semantic similarity between sentences

s and ŝ, both from the sender and receiver perspectives, is
computed as follows:

match(s, ŝ) =
BΦ(s)BΦ(̂s)

T

∥BΦ(s)∥ ∥BΦ(̂s)∥
(23)

where BΦ, based on BERT, represents a highly parameterized
pre-trained model designed for extracting semantic informa-
tion from text.

3) BER: BER is a widely adopted metric for assessing
the performance of communication systems, quantifying the
likelihood of correctly receiving a transmitted symbol. A
low BER signifies the system’s capability to accurately re-
cover transmitted symbols. However, bit-level errors often
inadequately reflect the performance of semantic transmission
systems. For instance, occasional bit errors per word may yield
a negligible BER, yet render the received text unintelligible
due to the absence of correctly received words. Conversely,
texts experiencing notably high BER can remain understand-
able if crucial semantic elements are correctly deciphered.
Leveraging LLM-SC, which achieves error-free transmission
and facilitates communication compatible across technical and
semantic levels, BER serves as a pertinent evaluation metric.

4) Token Error Rate(TER) The token serves as the funda-
mental unit for transmission and demodulation in LLM-SC.
In addition to BER, errors in tokens reflect the challenge
of accurately comprehending a sentence. For instance, a low
BER combined with errors uniformly distributed across t
tokens results in a high TER, indicating persistent difficulty
in sentence comprehension by the receiver. Conversely, errors
concentrated within a specific token, despite a potentially high
BER, do not impair semantic understanding, thereby maintain-
ing system effectiveness. This metric bears resemblance to the
WER discussed in [38]. While each token can correspond to
a word, they encompass a broader spectrum of entities and
constitute the basic input units for LLMs.

IV. NUMERICAL RESULTS

Simulations have been conducted to assess the capability
of LLM-SC, focusing on demonstrating feasibility rather than
extensive benchmarking. From the discussions above, it was
concluded that using existing LLMs allows verification of the
feasibility of the proposed method, while the vocabulary size
V remains fixed. Adjusting the modulation order provides a
means to control communication efficiency. In this section,
we employ existing LLMs without fine-tuning or additional
training to verify the feasibility of LLM-SC. We conduct a
comprehensive comparison of existing semantic communica-
tion schemes across multiple evaluation metrics and discuss
factors influencing their performance. Notably, this method
accounts for the technical communication context, enabling
restoration of original characters and facilitating comparison
with traditional communication systems in terms of BER, a
challenging metric to compare across all semantic communi-
cation systems.

The dataset consisted of English text extracted from the
Europarl proceedings [39], widely utilized in semantic com-
munication tasks. Due to computational constraints, we con-
ducted preprocessing to eliminate extraneous characters and
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TABLE I: Simulation Settings.

Parameters Value
LLM Model Vicuna 7b v1.5

Dataset European Parliament Proceeding

CPU 16 vCPU AMD EPYC 9654 96-
Core Processor

GPU NVIDIA RTX 4090
Average number of characters
of sent text (100000 samples) 348.87

Average number of tokens in
sent text 78.93

SNR(dB) 2-20
Temperature 1.0
Beam size 1-30

Modulation scheme 8-QAM / 16-QAM
vocabulary size 32000

The number of bits per token 15、16
Channel model AWGN / Rayleigh

filter out sentences that were excessively short or long. The
LLM utilized in our simulations was Vicuna (v1.5) [40], fine-
tuned from LLaMA. In fact, we can use any existing LLM
to conduct experiments. Table I outlines the key simulation
settings.

We conducted simulations using the NVIDIA RTX 4090 for
performance evaluation. Specifically, we employed 16QAM
and 8-QAM modulations for comparison purposes. The choice
of 16QAM facilitated comparisons with traditional communi-
cation systems, while 8-QAM was selected for comparison
against the findings in the literature [5]. Our simulations
encompassed AWGN and Rayleigh fading channel models,
and included multiple sets of comparative analyses to assess
the influence of beam size.

A. The performance of BLEU and sentences similarity

To evaluate the performance of LLM-SC in comparison with
existing popular methods in semantic communication systems,
we utilize BLEU and sentence similarity as our evaluation
metrics. Unlike the modulation method previously discussed,
the methods presented in [5] employ various modulation
schemes. To ensure a fair comparison with the work in [5],
we use bits per transmitted symbol (bps) as the metric for
coding efficiency, which quantifies the number of information
bits conveyed by each modulation symbol. According to [5],
their coding efficiency is approximately 1.07 bps. Hence, for
LLM-SC to achieve comparable coding efficiency, we employ
a 15 bits per token encoding strategy coupled with an 8-QAM
modulation scheme, wherein each token is represented by
five modulation symbols in a high-dimensional constellation.
This approach ensures that the coding efficiency of LLM-
SC aligns with that of the DeepSC method proposed in [5],
thereby maintaining equivalence in the number of transmitted
characters for a given number of symbols.

Fig. 2 illustrates the relationship between the BLEU score
and the SNR for identical bps over AWGN and Rayleigh fad-
ing channels. The comparison includes traditional techniques
such as Huffman coding with RS(30,42) in 8-QAM, 5-bit
coding with RS(42,54) in 64-QAM, Huffman coding with
Turbo coding in 64-QAM, 5-bit coding with Turbo coding
in 128-QAM, Brotli coding with Turbo coding in 8-QAM, the

DNN based JSCC trained over AWGN channels and Rayleigh
fading channels , as reported in [5], alongside the DeepSC
approach, which employs trained modulation maps.

It can be observed in Fig. 2(a) that artificial intelligence-
based methods generally outperform traditional source-channel
separation coding methods. Specifically, at SNR levels below 3
dB, the DeepSC model demonstrates the highest performance
in terms of BLEU score, indicating its superior adaptability to
channel noise under low SNR conditions. Conversely, for SNR
levels above 3 dB, the LLM-SC model exhibits superior BLEU
performance across all n-grams, significantly surpassing tra-
ditional coding schemes. This suggests that, under high SNR
conditions, the LLM-SC model is more effective in recovering
semantic information. Notably, the DeepSC model fails to
achieve completely error-free transmission even at very high
SNR levels, implying that DeepSC cannot ensure the reliable
transmission of all semantic information. In contrast, the LLM-
SC model achieves a BLEU score of 1 at high SNR levels, with
near-zero errors at SNRs above 10 dB. Additionally, the BLEU
performance of LLM-SC improves rapidly with increasing
SNR. When comparing BLEU scores across multiple n-grams,
it is evident that the degradation of the BLEU score with
increasing n in n-grams is slowest for the LLM-SC method.
This is reflected in the diminishing advantage of DeepSC over
LLM-SC with increasing n at low SNR levels, whereas at
high SNR levels, the advantage of LLM-SC over DeepSC
increases with larger n-grams. This indicates that the LLM-SC
method is more favorable for semantic coherence, prioritizing
the decoding of semantically continuous tokens, which aligns
with the characteristics of LLMs.

Fig. 2(b) shows the performance of LLM-SC under
Rayleigh fading channels. Traditional encoding and decoding
schemes experience significant performance degradation in
Rayleigh channels, with the highest BLEU score not exceeding
0.6 at an SNR of 18 dB. In contrast, DeepSC shows better
adaptability to Rayleigh fading channels, indicating that neural
network-based semantic encoding and decoding systems can
effectively learn channel characteristics. However, DeepSC
still fails to achieve error-free transmission, even when BLEU
scores are high. The LLM-SC model demonstrates perfor-
mance under Rayleigh fading channels similar to that in
AWGN channels, with no noticeable degradation, consistent
with the conclusion of Eq. 10. Furthermore, LLM-SC achieves
error-free transmission at high SNR levels and outperforms all
compared models. When comparing multiple n-gram scores,
the advantage of LLM-SC over other methods increases with
higher n-grams at high SNR levels.

Fig. 3 presents a comparison of sentence similarity metrics.
In Fig. 3(a), all methods exhibit the same increasing trend in
sentence similarity as the SNR increases. Traditional methods
such as Huffman with Turbo coding achieve a BLEU (1-gram)
score of 0.2 under 9 dB, yet the sentence similarity approaches
0. This indicates that even if some words are received, the
sentence cannot be properly understood. Machine learning-
based methods like DeepSC and LLM-SC show consistency
between sentence similarity and BLEU scores. At low SNR,
DeepSC has higher similarity than LLM-SC, but DeepSC
has an upper bound across the entire SNR range and cannot
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Fig. 2: BLEU scores versus SNR for the same bps, with Huffman coding with RS(30,42) in 64-QAM, 5-bit coding with
RS(42,54) in 64-QAM, Huffman coding with Turbo coding in 64-QAM, 5-bit coding with Turbo coding in 128-QAM, Brotli
coding with Turbo coding in 8-QAM ,the DNN based JSCC [41] trained over AWGN channels and Rayleigh fading channels,
DeepSC trained over the AWGN channels and Rayleigh fading channels [5], our proposed LLMS-SC.

achieve error-free transmission similar to the BLEU score. In
contrast, LLM-SC demonstrates better competitiveness at high
SNR, capable of transmitting complete semantic information.
In Fig. 3(b), under the Rayleigh fading channel, all methods
experience significant degradation compared to the AWGN
channel, indicating that channel fading has a substantial impact
on semantic transmission. In this scenario, LLM-SC still
maintains a high advantage at high SNR, achieving near-error-
free transmission, but performs slightly worse than DeepSC
and JSCC at low SNR due to the impact of channel fading.

B. The performance of BER and TER

To validate the effectiveness and reliability of the LLM-
SC, we also conduct a comparison with traditional technical
communication systems. Based on the observations from the
previous subsection, the performance of the LLM-SC under

AWGN and Rayleigh fading channels is comparable; therefore,
the simulations in this subsection are conducted only under
AWGN channels.

Unlike BLEU and sentence similarity, which are often
used for evaluating semantic communication, both LLM-SC
and classical algorithms utilize classical modulation schemes
such as QAM and QPSK. Therefore, we just compare the
BER and TER under the same modulation scheme, allowing
us to assess system performance under identical modulation
and joint coding efficiency conditions. In this simulation, we
employ the commonly used 16-QAM modulation scheme for a
fair comparison. To ensure a fair comparison, we first calculate
the equivalent joint source-channel coding rate of LLM-SC
using the metric bits per symbol (bpc), which represents the
number of bits used for each character transmitted through
the channel. In technical communication systems, this value is



10

0 6 12 18
0.0

0.2

0.4

0.6

0.8

1.0

S
e

n
te

n
ce

 S
im

ila
ri

ty

SNR (dB)

 Huffman+RS
 5-Bit + RS
 Huffman + Turbo
 5-Bit + Turbo
 Brotli + Turbo
 JSCC
 DeepSC
 LLM-SC

(a) AWGN channel.

0 6 12 18
0.0

0.2

0.4

0.6

0.8

1.0

S
e

n
te

n
ce

 S
im

ila
ri

ty

SNR (dB)

 Huffman+RS
 5-Bit + RS
 Huffman + Turbo
 5-Bit + Turbo
 Brotli + Turbo
 JSCC
 DeepSC
 LLM

(b) Rayleigh fading channel.

Fig. 3: Sentence similarity versus SNR for the same number of bits per transmitted symbol, with Huffman coding with
RS(30,42) in 64-QAM, 5-bit coding with RS(42,54) in 64-QAM, Huffman coding with Turbo coding in 64-QAM, 5-bit coding
with Turbo coding in 128-QAM, Brotli coding with Turbo coding in 8-QAM,the DNN based JSCC trained over AWGN
channels and Rayleigh fading channels [41], DeepSC trained over the AWGN channels and Rayleigh fading channels [5], our
proposed LLM-SC.

TABLE II: Coding rate of some text compression algorithms.

Coding Algorithm Coding rate (bpc)
Huffman 3.736

Zlib 4.904
AC+MultiPPM 5.76

LLM-SC 3.62

typically the product of the source coding rate and the channel
coding rate. Hence, we compute the average equivalent joint
source-channel coding rate for LLM-SC. Based on simulation
data presented in Table I, the equivalent joint coding rate
of LLM-SC is approximately R ≈ 78.93×16

348.87 ≈ 3.62 (bpc).
The factor of 16 arises from the use of a vocabulary size of
32,000, necessitating at least 15 bits for representation, along
with the employment of 16-QAM modulation. Consequently,
in a high-dimensional constellation, at least four modulation
symbols are required to represent a token. Since 16-QAM
carries 4 bits per modulation symbol, 16 bits are needed per
token to be encoded. The approximation (≈) indicates that
this rate is derived from a large number of sentences, and
may vary across different sentences. This detailed analysis
ensures a rigorous comparison of the LLM-SC system against
classical communication systems under the same modulation
conditions, providing insights into their relative performance
in terms of BER and TER.

To benchmark against traditional technical communication
systems, we calculate the coding rate of commonly used
source coding methods, such as Huffman coding, zlib, and
arithmetic coding (AC), also expressed in bpc, as shown in
Table II.

As demonstrated in Table. II, the joint coding efficiency
of LLM-SC surpasses that of conventional text compression
algorithms. Notably, LLM-SC maintains semantic-level re-
dundancy, which enhances error correction capabilities at the
receiver. In contrast, for technical communication systems,
achieving the same bpc precludes the incorporation of addi-
tional channel coding schemes, as these would increase the
bpc. Nevertheless, even without considering channel coding,
the bpc of technical systems remains higher to that of LLM-
SC. Therefore, for subsequent comparisons, channel coding
schemes will be excluded for technical communication sys-
tems.

We evaluated demodulation performance by transmitting
English text samples from the dataset, comparing LLM-SC
in 16-QAM with UTF-8 encoding (hard demodulation) in 16-
QAM. The metrics used for evaluation were BER and TER,
as tokens represent the fundamental unit of transmission and
reception. The beam size utilized in the simulation was 15.

The results, presented in Fig. 4, demonstrate that LLM-
SC significantly outperforms hard demodulation. For BER
performance, LLM-SC exhibits strong competitiveness across
the entire SNR curve. Notably, as SNR increases, the BER
of LLM-SC declines rapidly, while the decline for the hard
demodulation method is much slower. At the common 10−3

BER threshold, LLM-SC achieves a coding gain of approxi-
mately 8 dB. Furthermore, no bit errors were observed in the
simulation for SNR values exceeding 16 dB, indicating that
LLM-SC can achieve error-free bit transmission in technical
communication systems.

Regarding TER, hard demodulation struggles at SNR values
below 14 dB, whereas LLM-SC reaches a 10−3 TER at 14 dB,
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Fig. 4: LLM enabled language text transmission system.

successfully decoding the majority of words. The improvement
in TER is consistent across all SNR levels, as LLM-SC
leverages contextual information. Similarly, TER exhibits a
faster decrease with increasing SNR, and no token errors
were observed for SNR values above 16 dB, indicating that
LLM-SC can achieve error-free token transmission in technical
communications.

In summary, the superior coding efficiency and the preser-
vation of semantic redundancy for error correction underscore
the advantages of LLM-SC over traditional methods, posi-
tioning LLM-SC as a more effective alternative for semantic
communication tasks.

C. Effect of beam size
Decoding performance heavily depends on the beam search

width K. We conducted simulations comparing various K
values, averaging BLEU and sentence similarity performance
at each signal-to-noise ratio (SNR), as shown in Figure 5.
Narrow beams (K = 1) perform the poorest, akin to greedy
search, resulting in the lowest BLEU and sentence similarity
scores.

As K increases, the overall BLEU score improves. For
instance, increasing K from 1 to 4 enhances the 1-gram BLEU
score by more than 14-fold and approximately doubles the sen-
tence similarity, demonstrating the efficacy of the beam search
algorithm. Moreover, the growth rate of BLEU diminishes
notably beyond K = 10, suggesting that the initial 10 decoded
sequences encompass the most probable outcomes. when the
K exceeds 20, the performance improvements from further
increasing the K become negligible. Beyond this threshold,
alternative sequences contribute less to the cumulative prob-
ability. Determining the optimal beam size in practice hinges
on computational capabilities and decoding time constraints.

In summary, a moderate K strikes a balance between
efficiency and accuracy. Values around 10 optimize both
performance and complexity by concentrating the search on
the most probable sequences informed by language model
statistics. This approach leverages the inherent knowledge of
the language model to prune implausible decodings.
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Fig. 5: LLM enabled language text transmission system.

D. Examples and Discussion

Table III compared the demodulating capabilities of the
LLM-SC and DeepSC over Rayleigh fading channel. At 6
dB SNR, DeepSC can demodulate some words, achieving a 1-
gram BLEU score of 0.54. However, it is challenging to extract
useful information from the received content, while its BER
is as high as 0.39. In contrast, LLM-SC achieves a 1-gram
BLEU score of 0.94 at 6dB SNR, allowing us to obtain most
of the intended semantics from the transmitted sentence, with
a BER of only 0.026. At 12 dB SNR, DeepSC reaches a BLEU
score of 0.72, enabling partial understanding of the trans-
mitted information, though accurately grasping the semantics
remains difficult, with a BER of 0.32. Comparatively, LLM-
SC achieves error-free transmission at 12 dB SNR, allowing
complete recovery of the transmitted sentence, with optimal
BLEU and BER performance. Additionally, at 3 dB SNR,
LLM-SC still achieves a BLEU score of 0.86, enabling us to
understand most of the critical information from the received
data. Of course, the sampling selected a commonly used
English sentence with strong context relevance. The results
of the average performance are shown in Fig. 2.

A deeper analysis reveals that LLM-SC concentrates errors
on a limited number of tokens, allowing for the demodulation
of the majority of tokens and thus enabling a high level of
information understanding. In contrast, DeepSC prioritizes im-
proving BLEU scores by considering entire sentences. While
it correctly demodulates many words, resulting in a higher
BLEU score, semantic comprehension remains imperfect. This
underscores the limitations of using BLEU as a metric for
semantic communication. Importantly, LLM-SC achieves a
harmonious integration of technical and semantic communica-
tion, with metrics consistently evaluating both aspects. Unlike
DeepSC, which excels semantically in BLEU but struggles
technically with BER, and unlike traditional technical com-
munication, which excels BER but falls short semantically,
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TABLE III: The sample sentences between different methods over rayleigh channels.

Method Content BLEU(1-gram) BER

transmitted sentence life is just a series of trying to make up your mind about what you want to
do and then doing it. - -

LLM-SC (12dB) life is just a series of trying to make up your mind about what you want to
do and then doing it. 1 0

LLM-SC (6dB) life is just a series of steps to make up your mind about what you want to
do and then doing it. 0.94 0.026

LLM-SC (3dB) hardly ever just a game of trying to make up your mind about what you
want to do and then doing it. 0.86 0.031

DeepSC (12dB) funding is just a number of clearly to make up your note about what you
want to do that and then at 0.72 0.32

DeepSC (6dB) secondly is just a m of having to make up your speaking about what you
to have to do now so how at at 0.54 0.39

TABLE IV: An example of LLM demodulation.

Method Time
LLM-SC 9.2ms / character

DeepSC 1.24ms / character

LLM-SC effectively balances both dimensions.
In essence, leveraging mutual information between symbols

and meaning, LLM-SC reliably transmits semantic content
despite noise. Rather than solely maximizing symbolic fi-
delity, the system preserves information at higher linguistic
levels—the essence of effective communication.

E. Complexity Analysis

The computational complexity of LLM-SC and DeepSC is
compared in Table IV in terms of the average demodulating
runtime per character. It is evident that the runtime of LLM-SC
significantly exceeds that of DeepSC, primarily due to the vast
number of parameters in LLMs. The assumptions in this paper
presume unlimited computational power at both the transmitter
and receiver. However, LLM-SC introduces a novel paradigm
for semantic communication systems. With the exponential
growth in computational power, real-time demodulation by
both transmitter and receiver becomes achievable, potentially
mitigating the complexity concerns. Moreover, comparing the
runtime of machine learning-based semantic communication
methods on GPUs is inherently biased, as practical commu-
nication devices are unlikely to integrate high-performance
GPUs at both ends.

V. CONCLUSION

This paper introduces a novel LLM-SC framework for
textual data within wireless communication systems. It is
proposed that leveraging the tokenizer of a LLM as an effective
joint source-channel coder. An optimal LLM-enabled decoding
and demodulation method is derived to resiliently demodulate
text by integrating the LLM’s contextual understanding. It is
derived that the pre-training of LLMs fundamentally constructs
the encoding and decoding mechanisms for semantic commu-
nication, achievable without altering the original training pro-
cess. Existing pre-trained models can be utilized for semantic
encoding and decoding.

Extensive simulations demonstrate that LLM-SC outper-
forms traditional communication systems in terms of bit error
rate (BER) at the technical communication level and competes
favorably with current machine learning-based methods in
semantic-level metrics. Compared to technical communication
algorithms, LLM-SC excels in extracting contextual relation-
ships from text and leveraging receiver LLM’s contextual
understanding for error correction, thereby achieving lower
BER. In comparison to other semantic communication sys-
tems, LLM-SC tends to demodulate meaningful sentences,
thus outperforming in BLEU and sentence similarity metrics.
LLM acts as a semantic knowledge base in these systems,
providing sender and receiver with a probabilistic distribution
of transmitted sequences. Relative to classical DeepSC, LLM-
SC exhibits several distinguishing characteristics:

• Longer context length: Word encoding and decoding
lengths can match the LLM’s context length, whereas
DeepSC’s maximum length is limited to 30. According
to Shannon’s information theory, longer code lengths
theoretically enhance error correction capability.

• DeepSC disregards distinctions such as uppercase vs.
lowercase, punctuation, and special characters, simplify-
ing semantic encoding. In contrast, LLMs consider the
entire natural language vocabulary, enhancing adaptabil-
ity and alignment with actual usage.

• DeepSC’s training on the European Parliament dataset
restricts its adaptability to other corpora, while LLMs
are typically trained on broad natural language corpora,
potentially making them applicable across multiple lan-
guages.

• DeepSC outputs fixed-length symbols regardless of input
length, whereas LLM-SC adapts symbol length based on
input, potentially improving efficiency.

However, challenges remain in terms of computation con-
straints and real-time requirements before fully harnessing
LLMs’ potential in semantic communication. Advances in
model architecture, accelerators, compression, and quantiza-
tion methods can mitigate these challenges. Future avenues
include benchmarking different model architectures, analyzing
artifacts, enhancing robustness, and conducting comparative
studies across diverse datasets and languages. Exploring joint
optimizations with classical error-correcting codes also holds
promise.
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In conclusion, this pioneering study demonstrates initial fea-
sibility and motivates further research in co-designing LLMs
to advance intelligent communication systems. Beyond maxi-
mizing bit transmission, integrating higher-level semantics is
crucial for unlocking future capabilities. This work represents
a significant step towards LLM-empowered wireless systems
focused on meaningful transmission.
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