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Abstract—Existing speech semantic communication systems
mainly based on Joint Source-Channel Coding (JSCC) archi-
tectures have demonstrated impressive performance, but their
effectiveness remains limited by model structures specifically de-
signed for particular tasks and datasets. Recent advances indicate
that generative large models pre-trained on massive datasets,
can achieve outstanding performance arexhibit exceptional per-
formance across diverse downstream tasks with minimal fine-
tuning. To exploit the rich semantic knowledge embedded in large
models and enable adaptive transmission over lossy channels,
we propose a Large Speech Model enabled Semantic Commu-
nication (LargeSC) system. Simultaneously achieving adaptive
compression and robust transmission over lossy channels remains
challenging, requiring trade-offs among compression efficiency,
speech quality, and latency. In this work, we employ the Mimi as
a speech codec, converting speech into discrete tokens compatible
with existing network architectures. We propose an adaptive
controller module that enables adaptive transmission and in-
band Unequal Error Protection (UEP), dynamically adjusting
to both speech content and packet loss probability under band-
width constraints. Additionally, we employ Low-Rank Adaptation
(LoRA) to finetune the Moshi foundation model for generative
recovery of lost speech tokens. Simulation results show that the
proposed system supports bandwidths ranging from 550 bps to
2.06 kbps, outperforms conventional baselines in speech quality
under high packet loss rates and achieves an end-to-end latency
of approximately 460 ms, thereby demonstrating its potential for
real-time deployment.

Index Terms—Semantic Communication, large model, adaptive
compression, unequal error protection.

I. INTRODUCTION

Driven by recent advances in Artificial Intelligence (AI) and
the increasing demand for intelligent next-generation com-
munication systems, semantic communication has attracted
significant attention. Semantic communication aims to ensure
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accurate semantic delivery rather than pursuing bit-level pre-
cise communication [1], [2]. Semantic communication systems
exploit the feature extraction and generative capabilities of
AI models to convey the underlying semantics of the source,
thereby enhancing communication efficiency through the in-
tegration of computational resources [3]. However, existing
semantic communication systems are often constrained by
their reliance on specific datasets or tasks, requiring costly
model redesign or retraining for new application. In contrast
to task-specific semantic communication systems, semantic
communication systems employing large pre-trained models
exhibit superior performance across diverse tasks through
minimal fine-tuning. Motivated by the remarkable performance
of large language models (LLMs) (e.g., ChatGPT [4] and
DeepSeek [5]) and image generative models (e.g., Stable
Diffusion [6]), recent studies have explored the use of large
models to enhance semantic communication, particularly in
text and image transmission [7], [8], [9]. Despite this progress,
the application of large models in adaptive low-bitrate speech
transmission remains underexplored, and yet holds significant
potential for enabling robust and efficient speech communica-
tion over bandwidth-constrained and packet loss channels.

A. Piror Work

The primary objective of existing speech semantic com-
munication systems is to extract speech-relevant features for
bandwidth compression while ensuring robust transmission
over various channels. Current end-to-end speech semantic
communication systems can be categorized based on the type
of transmitted semantic features: text-related and acoustics-
related. Transmitting text-related semantic features enables
ultra-low bitrate communication while preserving the seman-
tic fidelity of speech through generative reconstruction at
the receiver. DeepSC-ST [10] transmits speech recognition-
related features to enable speech synthesis at the receiver.
However, transmitting only linguistic features is insufficient
for high-fidelity reconstruction. In [11], additional speech
related information for duration, pitch, and power are di-
rectly transmitted to guide the speech synthesis. In SyncSC
[12], visual information is leveraged to guide the generation
of prosodic attributes such as duration and pauses, thereby
enhancing the realism and expressiveness of the synthesized
speech. Although the transmission of text-related features
enables significant bandwidth compression, the synthesized
speech often suffers from low quality and synchronization
challenges. These approaches struggle to retain rich prosodic

ar
X

iv
:2

51
2.

04
71

1v
1 

 [
cs

.S
D

] 
 4

 D
ec

 2
02

5

https://arxiv.org/abs/2512.04711v1


2

and paralinguistic information, such as pauses and emotions.
Moreover, the two-stage process of speech-to-text and text-
to-speech conversion typically incurs delays on the order of
seconds, which severely limits their applicability in real-time
communication scenarios.

An alternative approach transmits acoustic features through
autoencoder-structured Deep Neural Networks (DNNs) for
speech compression and reconstruction. In DeepSC-S [13], a
semantic-channel coder with an attention mechanism is jointly
optimized for time-domain speech signals. A low-complexity,
fully convolutional semantic coder is proposed in [14], while
DeepSC-TS [15] transmits multi-level semantic features to
improve speech quality. However, the high dimensionality of
multi-channel floating-point features generated by convolu-
tional networks hinders bitrate reduction, and the large coding
window introduces additional latency. For digital semantic
transmission, Soundspring [16] addresses these issues by
compressing audio into quantized discrete tokens, enabling
lower bitrates and compatibility with existing communication
systems. Inspired by this, our proposed system adopts discrete
speech tokens to represent speech semantics, enabling adaptive
compression and in-band unequal error protection based on
content and channel conditions. By integrating a large pre-
trained speech model, the system enhances semantic repre-
sentation and generative reconstruction, is designed with the
goal of supporting real-time communication scenarios under
lossy and bandwidth-constrained conditions.

Improving the robustness of speech transmission over unre-
liable channels is essential for semantic communication. Chan-
nel coding or error control techniques improve the transmis-
sion robustness of speech in various channels. In real-time sce-
narios, Forward Error Correction (FEC) is generally preferred
over retransmission due to its lower Round-Trip Time (RTT).
Traditional FEC schemes based on linear block codes, such as
Reed-Solomon (RS) codes, can achieve reliable performance
under low error rates. However, their effectiveness significantly
degrades under low signal-to-noise ratio (SNR) or high packet
loss conditions. In addition, these methods require a careful
balance between redundancy rate and available bandwidth un-
der varying channel conditions. Recent advances in JSCC offer
improved resilience to channel noise, especially under low-
SNR conditions. By jointly optimizing semantic-channel cod-
ing, these methods can better maintain end-to-end performance
in challenging environments. Over [10], [13], linear layers
are used as a channel coder to transform the dimensionality
of semantic features, enabling joint training under varying
physical-layer SNR conditions. However, integrating analog
semantic signals with existing digital communication systems
remains challenging. To address this issue, digital semantic
communication is proposed based on modulation and quanti-
zation of semantic symbols. On the modulation side, [17], [18]
incorporate digital modulation into semantic communication
by mapping semantic symbols onto constellation points. [19]
proposes a trainable multi-order and variable-rate modulation
scheme compatible with conventional digital transmission. In
addition, [20] develops a channel-adaptive JSCC framework
that employs ternary robust demodulation and adaptive mod-
ulation to preserve task performance with reduced latency.

For the quantization of semantic features, VQ-DeepSC [21]
employs multi-scale vector quantization to map semantic fea-
tures into discrete codebook indices for bit-level transmission.
[22] proposes a learned nonlinear quantization mechanism
that narrows the performance gap between digital semantic
communication and analog JSCC. [23] presents a semantic
digital–analog converter enabling bidirectional transformation
between semantic features and digital bits. [24] further de-
velops a residual vector quantization GAN framework for
low-bitrate digital semantic communication. However, most
existing studies focus on robustness at the physical layer under
varying SNR conditions, while packet-level optimization at
higher layers has been relatively underexplored.

To improve robustness under packet loss channel, [12]
proposes a packet-level coding method for video semantics.
Another line of work focuses on packet loss concealment,
where loss-resilient semantic representations are transmitted
and the receiver performs predictive recovery. In this context,
the packet loss problem is modeled as a masked language mod-
eling task. A bidirectional Transformer encoder is employed
to recover lost words in [12], and to predict lost audio tokens
in [16]. However, these approaches face challenges in real-
time communication scenarios. The bidirectional transformer
relies on both past and future context, which introduces latency
and makes it less suitable for streaming applications. To
address this limitation, we propose an packet loss concealment
method based on a large pre-trained speech model with an
autoregressive structure. By depending only on past received
packets, it is inherently better suited for real-time applications.

Large AI models have demonstrated strong potential in
semantic communication systems. Most existing large AI
models are generative models with autoregressive structures,
trained on massive datasets. These models have attracted
increasing attention due to their strong contextual understand-
ing, generation capabilities, and state-of-the-art performance
across a wide range of downstream tasks [25]. In semantic
communication, large model enhanced systems typically lever-
age these capabilities to improve transmission performance
and reduce bandwidth overhead. For instance, a privacy-
preserving semantic communication framework using multi-
modal LLMs is proposed in [26], where text serves as a
unified representation to protect sensitive information through
few-shot learning. An end-to-end text transmission system
is proposed in [7], incorporating an LLM-based semantic
decoder. For image transmission, SAMSC [8] applies the
Segment Anything Model (SAM) to partition images into
semantic regions, reducing communication overhead. LSC [9]
proposes a language-guided semantic framework that enhances
robustness over noisy channels by leveraging heterogeneous
Text2Image and Image2Text knowledge. However, existing
studies primarily focus on language and vision modalities, with
limited exploration of speech as a source. The integration of
large models for speech semantic communication remains an
open and promising direction.

B. Motivation and Contributions
Despite the rapid development of large language and vision

models in semantic communication, existing speech semantic
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Fig. 1: The proposed framework of large speech model enabled semantic communication system.

communication systems rarely exploit the generative capa-
bilities of large pre-trained models. To address this gap,
we propose a speech semantic communication framework
enhanced by a large model, LargeSC, which represents speech
using discrete tokens to enable low-bitrate transmission and
formulates packet loss concealment as a masked token predic-
tion task. The system integrates adaptive compression and ro-
bust transmission strategies to balance compression efficiency,
reconstruction quality, and resilience to packet loss in real-
time communication and lossy channel. At the transmitter,
an adaptive compression and in-band unequal error protection
strategy is applied based on both channel status and target
bandwidth. At the receiver, built upon an autoregressive large
speech model, LargeSC performs packet loss concealment.
The main contributions are as follows:

1) Semantic-aware adaptive compression: We develop an
extended version of the pre-trained Mimi model to serve
as the semantic coder for 24 kHz speech, supporting
variable bitrates from 550 bps to 2.06 kbps at a 12.5 ms
frame rate.

2) Loss-aware in-band unequal error protection: We
design an adaptive controller module that dynamically
adjusts semantic compression based on speech content
importance and channel conditions. The module allo-
cates bandwidth efficiently while applying enhanced
protection to critical tokens under lossy networks.

3) Real-time transmission capability: Leveraging the au-
toregressive structure of the large model, our system
performs causal packet loss concealment at the receiver.
This results in an end-to-end latency of approximately
460 ms, demonstrating potential for real-time commu-
nication scenarios.

C. Organization

The rest of this paper is organized as follows. The frame-
work of large speech model enabled semantic communication
system is introduced in Section II. Section III describes the
details of the proposed model. The simulation results are
presented in Section IV. Section V discusses potential appli-
cations, limitations, and future challenges. Finally, Section VI
concludes the paper.

II. SYSTEM MODEL

In this section, we introduce the system model of the pro-
posed LargeSC, as illuistrated in Fig. 1. The speech coder, built
upon the Mimi [27] model, performs the conversion between
speech signals and discrete tokens. An adaptive controller
module is designed to perform semantic-aware compression
and in-band unequal error protection, dynamically adjusting
transmission according to token importance and channel con-
ditions. The large speech model, Moshi [27] is employed at the
receiver to predict lost packets through generative inference.

A. Semantic Encoder

In the proposed system, the speech transmission task is
reformulated as a token-level transmission problem. The input
of the semantic encoder is speech chunks in time domain,
denoted as S = [s1, s2, ..., sn, .., sN ], where N is the total
number of speech frames. For real-time speech transmission,
each speech chunk sn is encoded into NQ tokens by the
semantic encoder, which can be represented as

xn = Encoder(sn), (1)

where the token xn = [xn1
, xn2

, ..., xnNQ
] refers to the index

set of quantized speech feature representations in the code-
book. We adopt Mimi as the speech codec, configured with
NQ codebooks. The encoder of Mimi consists of convolutional
layers and transformer blocks that extract a latent feature
vector zn from the input speech chunk sn. This latent feature
is then quantized using Residual Vector Quantization (RVQ) to
produce the quantized representation zqn . RVQ quantizes the
latent vector zqn in a multi-stage recursive manner. At stage
i, the residual is defined as:

ri,n =

{
zn, i = 1,

ri−1,n −Qi−1(ri−1,n), i ≥ 2.
(2)

where Qi(·) denotes the i-th quantizer. Each residual repre-
sents the reconstruction error after subtracting the contribu-
tions of all previous quantizers. The final quantized represen-
tation is computed by accumulating the outputs of all RVQ
stages:

zqn =

Nq∑
i=1

Qi(ri,n). (3)
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After training the codebooks, the quantized indices from the
NQ quantizers are used as discrete tokens xn for transmission.
Specifically, xn0 is referred to as the semantic token, which
carries high-level semantic content, while xn1

through xn7
are

termed acoustic tokens, containing finer acoustic details.

B. Adaptive Controller
After encoded by the speech encoder, each speech chunk

is represented by a fixed number of tokens. However, fixed-
length token representations may lead to inefficient bandwidth
usage, and the loss of certain tokens can significantly degrade
transmission quality. To address these challenges, we design
an adaptive controller that considers the following factors:

• Causal token importance: Due to the residual quan-
tization structure, tokens from lower-ranking quantizers
carry more critical semantic information. Moreover, the
autoregressive decoding process imposes a strict causal
dependency, making earlier tokens critical for accurately
predicting subsequent ones.

• Content-dependent token demand: Different speech
segments require varying numbers of tokens; for instance,
silence or low-energy regions can be effectively repre-
sented with fewer tokens.

• Importance-aware error protection: Under fluctuating
channel conditions, it is essential to prioritize the pro-
tection of important tokens and introduce redundancy
selectively.

Therefore, the output of the speech encoder is subject to
adaptive compression and in-band unequal error protection,
guided by both the semantic importance of tokens and channel
conditions.

The unquantified feature zn of a speech chunk and the
corresponding packet loss rate p are jointly used to compute
a semantic importance map In, which can be expressed as

In = Controllerα(zn, p), (4)

where α denotes the trainable parameters of the adaptive
controller, and In = [Ins , Inc ]

T ∈ [0, 1]. The component
Ins reflects the semantic importance of the speech con-
tent—segments with richer content are assigned higher values,
corresponding to lower compression rates. The component Inc

captures the impact of the lossy channel. More adverse condi-
tions result in higher values, indicating the need for increased
redundancy. The adaptive controller is trained to achieve a
balanced trade-off between compression and redundancy. The
importance vector In is then mapped to a token-level mask
mn ∈ {0, 1, 2}NQ using a step function Hj(i) in [28], defined
as:

mns = [H1(L · Ins), ...,H
NQ(L · Ins)]

mnc
= [H1(L · Inc

), ...,HNQ(L · Inc
)]

mn = mns
+mnc

,

(5)

where mns and mnc are binary masks derived from Ins and
Inc , respectively. L denotes the number of quantizers used,
which is proportional to the target bitrate. The step function
Hj(i) is defined as follows:

Hj(i) =

{
1 if j ≤ i,

0 if j > i.
(6)

The resulting mask mn determines whether each token in xn

should be discarded (mni
= 0), transmitted once (mni

=
1), or repeated for redundancy (mni

= 2), yielding the final
transmitted sequence:

xntrans = mn · xn. (7)

To further mitigate the impact of burst losses and prevent
the complete loss of tokens for a given chunk, interleaving is
applied across adjacent speech chunks. Specifically, the tokens
at even indices are swapped between adjacent chunks before
transmission.

C. Large Speech Model and Semantic Decoder

After transmission over a lossy channel and de-interleaving,
packet losses are reflected as masked tokens in the received
sequence. The masked tokens, denoted as x̃, are recovered by
an autoregressive large speech model. It can be expressed as

x̂n = LMβ(x̃n, x̂< n), (8)

where β denotes the trainable parameters of the Large Model
(LM). The model takes the partially received tokens x̃n at the
current step and the previously reconstructed tokens x̂< n as
inputs to autoregressively estimate the missing tokens in xn.
In our system, we employ a fine-tuned Moshi [27] speech-
to-speech model to perform token prediction. Finally, the
estimated x̂n is decoded to the reconstructed speech chunk
ŝn through the semantic decoder, which can be represented as

ŝn = Decoder(x̂n). (9)

Therefore, the semantic decoder integrates generative recon-
struction with causal inference, enabling robust recovery of
speech content under lossy transmission conditions.

III. PROPOSED LARGESC ARCHITECTURE

This section presents the overall architecture of the proposed
LargeSC. The system is composed of four key modules: a
speech encoder that converts speech into discrete tokens, an
adaptive controller for adaptive compression and protection, a
large model for token loss concealment, and a speech decoder
that converts the predicted tokens back into waveform.

A. Semantic Coder

Mimi is employed for encoding and decoding of speech
chunks. It consists of an encoder, a set of quantizers, and
a decoder. In traditional semantic communication systems
such as [13], speech semantics are represented as continuous
features, which are suitable for analog communication. Mimi
approximates these continuous features using vectors from
learnable codebooks, and represents speech tokens as the index
set of the nearest codebook vectors. In contrast, the continuous
semantic features of speech are approximated by vectors in
learnable codebooks, and speech tokens are the index set of the
nearest vector. Using discrete tokens for speech offers several
advantages. It improves compatibility with existing layered
digital communication architectures. Moreover, since the input
format of generative large models is typically token-based,
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Fig. 2: Architecture of the semantic encoder and the adaptive controller.

this representation not only compresses the speech signal for
efficient transmission, but also facilitates downstream post-
processing tasks.

The encoder of Mimi functions as a tokenizer that represents
speech using a learned codebook of discrete tokens. A speech
chunk sn is first projected into a latent representation through
four residual convolutional blocks with weight normalization.
For 24kHz speech, these convolutions downsample the signal
to a latent feature with a temporal resolution of 12.5 frames
per second. This feature is then processed by an 8-layer
Transformer to enhance the quality and expressiveness of the
representation. The resulting latent feature zn is quantized by
Residual Vector Quantization (RVQ). Specifically, NQ = 8
quantizers are used, with the first vector quantizer producing a
semantic token and the remaining seven quantizers generating
acoustic tokens. The number of generated tokens is signifi-
cantly smaller than that of the original waveform samples. For
24kHz input, the speech encoder generates outputs tokens at
a rate of 12.5Hz. Each quantizer has a codebook size of 2048,
requiring log2 2048 = 11 bits per token. Therefore, the output
of the speech encoder is a compressed bitstream at 1.1kbps.
The decoder of Mimi reconstructs the speech waveform from
the discrete token sequence. Its architecture mirrors that of
the encoder but replaces convolutional layers with transposed
convolutions to perform upsampling.

B. Adaptive Controller with Unequal Error Protection

The speech encoder outputs a fixed-bitrate token sequence,
but transmitting all tokens is inefficient. Speech content is of-
ten temporally sparse and semantically unbalanced—segments
such as silence or low-information regions require fewer
tokens, while semantically rich regions deserve finer represen-
tation. Furthermore, due to the causal nature of autoregressive
generation at the receiver, earlier tokens have a greater im-
pact on reconstruction quality and therefore require stronger
protection. To address these issues, we design an adaptive
controller with UEP, which performs adaptively semantic-
aware compression and channel-aware redundancy allocation.

1) Algorithm: The adaptive controller module learns to
determine the number of codebooks to transmit and which
tokens to repeated, conditioned on the speech content and
packet loss rate. This dynamic selection enables flexible bitrate
adjustment. The token selection and protection strategy can be
formulated as the following optimization problem:

min
α,mn

NQ∑
i=1

mni

s.t.
NQ∑
i=1

mni
≤ 2NQ,

mni
∈ {0, 1, 2}, ∀i,

(10)

where mni denotes the masking level of the i-th token in
chunk n. The optimization objective of is to minimize the
bandwidth usage and add the redundancy of more important
tokens.

2) Structure: As shown in Fig. 2, the adaptive controller
consists of two convolutional sub-networks, namely the se-
mantic importance extraction module and the channel adap-
tation module. The semantic importance extractor consists of
four one-dimensional convolutional layers with a kernel size of
3 and Snake activation [29]. These layers progressively reduce
the dimensionality of the 512-dimensional latent feature zn to
256, 128, 64, and finally 1, producing the semantic importance
score Isemn

. The output Isemn
is concatenated with the packet

loss rate p and fed into the channel adaptation module, which
consists of two one-dimensional convolutional layers with a
kernel size of 1. After fusing the semantic-aware and channel-
aware features, a sigmoid activation function is applied to
generate the final importance vector In = [Ins

, Inc
]T . The

importance vector In is then mapped to the token-level mask
mn using a step function Hj(i). However, since the step
function is non-differentiable, the continuous approximation
Hj

soft(i) as proposed in [28] is adopt to enable gradient-based
optimization during training.

Hj
soft(i) =

1

2τ
log

(
cosh(τ(i− j))

cosh(τ(−i+ j + 1))

)
+

1

2
, (11)
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Fig. 3: Architecture of Moshi large speech model as packet loss concealment.

where τ is a hyperparameter controlling the sharpness of
the approximation. During training, we adopt the straight-
through estimator (STE) [30] to enable gradient backpropa-
gation through the discrete mask. Specifically, the soft mask
msoft

ns
is computed as:

msoft
ns

=
[
H1

soft(L · Ins
), . . . ,H

NQ

soft (L · Ins
)
]
, (12)

and the final mask m̃ns
used for forward computation is given

by:
m̃ns = msoft

ns
+ sg

(
mns −msoft

ns

)
, (13)

where sg(·) denotes the stop-gradient operator, which blocks
gradient flow during backpropagation.

C. Finetuned Large Speech Model for Token Prediction

Moshi is a fundation model trained on large-scale speech-
text datasets, and designed to support full-duplex human-
machine spoken dialogue. In our system, Moshi is fine-tuned
to predict lost speech tokens along both the temporal axis
and across the residual vector quantization (RVQ) depth, using
only the previously received tokens. Unlike the bidirectional
masked language model employed in [16], which relies on
non-autoregressive architectures. We adopt an autoregressive
speech-to-speech structure. This causal property makes it
inherently more suitable for streaming and real-time com-
munication, as it avoids reliance on future context during
inference and enables efficient token-by-token generation for
loss concealment.

Moshi adopts the architecture of RQ-Transformer [31],
which comprises two cascaded modules: a temporal trans-
former and a depth transformer. At each time step n ≤ N ,
the input sequence is denoted by Vn = [Vn,1, ..., Vn,K ], which
represents a subset of speech tokens spanning the current
and previous time steps. For 1 ≤ n ≤ N , the previous
(V0, ..., Vn−1) is first encoded by the temporal transformer to
obtain the context representation, which can be expressed as

An = Entemp(V0, ..., Vn−1), (14)

where An ∈ R1024 is the temporal context vector, and for
1 ≤ k ≤ K, the initial values V0,k = 0. For each time step
n, the tokens quantized by RVQ at depth levels 1 < k ≤ K
are autoregressively decoded by the depth transformer. The
previous (Vn,1, ..., Vk−1), along with the temporal context
An, are used to predict the logits at depth k, which can be
expressed as

ln,k = Dedepth(An, Vn,1, ..., Vn,k−1), (15)

where ln,k is the predicted logits corresponding to the token
Vn,k. In particular, ln,1 = Linear(An) is used to predict
the aligned text token Wn via a linear transformation of
the temporal context. The probability distribution of Vn,k is
obtained by applying softmax to the logits ln,k. As described
in [27], a one-step temporal delay is introduced between the
semantic token and the acoustic tokens during training and
inference, which has been shown to improve reconstruction
quality. Based on this design, for all time steps n, the input
subsequences Vn,k to Moshi is expressed as follow:

Vn,1 = Wn,

Vn,2 = xn1 ,

Vn,1+k = xn−1k , n ≥ 2, 1 < k ≤ NQ,

Vn,k = 0, n < 2, 1 < k ≤ NQ,

(16)

where Wn denotes the aligned text token and only participate
in training stage. xnk

is the k-th quantized token at time step
n. As shown in Fig. 3, the lost tokens in Vn are reconstructed
autoregressively, conditioned on all previous tokens Vi with
i < n. The generation probability for Vn,k is given by:

P (Vn,k | Vi<n) = P (Vn,k|V0, ..., Vn−1, Vn,1, ..., Vn,k−1)

= softmax(ln,k).
(17)

However, Moshi [27] is designed for human-machine spo-
ken dialogue and does not directly support the functionality
required for predicting lost tokens in our semantic communica-
tion system. To address this limitation while maintaining com-
putational efficiency, we adopt Low-Rank Adaptation (LoRA)
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(a) (b)

Fig. 4: Audio quality performance of the proposed system and competing methods with different bitrates (kbps): (a) VisQOL,
(b) UTMOS.

[32] to fine-tune Moshi. Specifically, LoRA inserts trainable
low-rank matrices into the Transformer’s linear layers without
modifying the original weights. The adapted weight matrix is
expressed as:

W0 +∆W = W0 +BA. (18)

Here W0 ∈ Rd×h represents the frozen pretrained weights.
∆W = BA is the trainable adaptation, where B ∈ Rd×r, A ∈
Rr×h with rank r ≪ min(d, h). During training, only the
parameters of A and B in LoRA layers are updated, while the
parameters W0 of the original model remain fixed.

D. Loss Function

In our system, the speech transmission task is modeled
as the transmission of discrete speech tokens. The over-
all optimization goal is the rate-distortion performance of
speech under different packet loss rate channel, where both
the classification cross entropy and bandwidth consumption
are considered. For fine-tuning the large speech model, the
reconstruction loss is defined as:

Lrecon =
1

N

N∑
n=1

(
CE(ln,1, Vn,1)+

1∑NQ+1
k=2 λk

NQ+1∑
k=2

λkCE(ln,k, Vn,k)

)
,

(19)

where CE(·) denotes the cross entropy loss function, and λk

denotes the weights of semantic tokens and acoustic tokens.
To jointly optimize for reconstruction quality and bitrate
efficiency, we incorporate a bitrate regularization term based
on the number of transmitted tokens. Combining with the
bitrate constraint in (10), the final loss function is as follows:

L = Lrecon + γ

NQ∑
i=1

mni , (20)

where γ is a hyperparameter that controls the trade-off be-
tween reconstruction quality and bandwidth usage.

IV. SIMULATION RESULTS

In this section, the simulation results are presented to
evaluate the advantages of our proposed method over baseline
methods.

A. Datasets and Settings

1) Datasets: To train and test the semantic encoder and
finetune the large model, we use the LibriSpeech dataset [33]
as the source of transmission. This dataset is an unlabeled
speech collection with a sampling rate of 16kHz. We resam-
ple the speech to 24kHz to meet the requirements of the
large model. The train-clean-100 part is used to train and
finetune the model, while the test-clean-100 part is used to
test. To fine tune the large model, timestamp aligned text is
obtained through speech recognition. To further evaluate the
performance of semantic coding under untrained conditions,
we additionally employ the Common Voice [34] dataset as a
zero-shot test set.

2) Training Details: The proposed system has two training
steps, using the AdamW optimizer. The first step is to finetune
the Moshi large model. We set the hyperparameter NQ = 8 for
Mimi and r = 8 for LoRA, with a learning rate 1×10−6. The
batch size is set as 16 with 100 steps gradient accumulation.
The second step is end-to-end training of the large model with
the adaptive controller under different packet loss rate. Taking
inspiration from [35], in order to maintain performance at low
packet loss rates, we set the probability of drop out to 0.75,
which means that there is a 75% chance of packet loss for
data within a batch. In addition, to support variable bitrates,
following [28], during training, we set the number of available
quantizers L to be randomly sampled within the range of 1 to
16.

3) Packet Loss Channel Settings: During the training phase,
in order to improve training efficiency, we set each speech
token to be independent of each other in terms of packet
loss, which is a random uniform packet loss model. In the
testing phase, the random uniform loss model is considered. In
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(c) (d)

Fig. 5: Audio quality performance of the proposed system and competing methods under packet loss network: (a) VisQOL,
(b) PLCMOS under random uniform channel, (c) VisQOL, (d) PLCMOS under Gilbert-Elliott channel model.

addition, the Gilbert-Elliott (GE) model with two-state Markov
is used to evaluate the performance of the model in burst
packet loss networks. The average packet loss rate p ranges
from 0 to 30%.

4) Baselines: Advanced audio coding (AAC) [36] and
Opus [37] are used as traditional speech coding methods
for comparison. Soundstream is used as a neural network
audio coding method in [16]. When comparing rate distortion
performance, the bit rate range of AAC is 4.7kbps-20.5kbps,
while the bit rate range of Opus is 5.4kbps to 8.0kbps. The
bitrate range of Soundstream is 1.6kbps to 6.4kbps. In packet
loss networks, we compare baseline methods with similar
performance at p = 0 and the SoundStream method under a
similar bandwidth constraint. AAC uses frame interpolation
as a packet loss compensation method. Opus uses in-band
FEC method, low bit-rate redundancy (LBRR). Soundstream
uses feature-domain packet loss concealment method, FD-PLC
[38].

5) Performance Metrics: We use objective metrics VisQOL
[39] and subjective estimation metrics UTMOS [40] and
PLCMOS [41] to evaluate the quality of reconstructed speech.
VisQOL reflects the distortion of reconstructed speech and
reference speech signals, while subjective indicators model
users’ perceptual preferences and auditory experiences through
deep learning. UTMOS is used to evaluate lossless transmis-
sion, while PLCMOS is used to evaluate the performance
of packet loss concealment algorithms. In addition, Word
Error Rate (WER) [42] is used to measure semantic errors
of speech, where the transcripts are obtaied by SenseVoice
[43]. WER quantifies the proportion of substitutions, deletions,
and insertions between the predicted and reference transcripts.
To further assess prosodic naturalness, we compute the log
F0 Root Mean Squared Error (logF0 RMSE) [44], which
measures the deviation of the reconstructed pitch contour from
the reference on a logarithmic scale, reflecting pitch stability
and smoothness.
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(a) (b)

Fig. 6: Word error rate (WER) and logF0 RMSE performance of the proposed system and competing methods under random
uniform channel: (a) WER, (b) logF0 RMSE.

B. Performance of Adaptive Bitrate Controller

The performance verus bitrate of the proposed speech
semantic method and baselines are shown in Fig. 4. As with
our method, the frame size for AAC is set to 80ms and
Opus is set to 60ms. We compare the speech semantic coding
method in [16], and the bitrate of Soundstream is adjusted by
the used the number of codebooks. As shown in Fig. 4, our
method has an advantage in reconstruction quality compared
to the baseline method at low bit rates. As shown in Fig.4 (a),
when the VisQOL value is about 3.85, our method can save
about 95% bandwidth compared to the AAC method, 86%
bandwidth compared to the Opus method, and 83% bandwidth
compared to the Soundstream method. As shown in Fig. 4 (b),
our method can achieve higher UTMOS performance within
the same bit rate range. Therefore, our semantic coding method
maintains a high compression rate and good speech quality
performance while supporting variable bit rates.

C. Perceptual and Semantic Quality under Different Packet
Loss Rates

For the channel with random uniform packet loss, the qual-
ity performance of our proposed system is shown in Figs. 5 (a)
and (b). Although our method has a lower bitrate, it outper-
forms baselines in terms of quality performance. We compare
the two average bit rates of the proposed method under packet
loss rate network, namely 1.51kbps and 2.06kbps. With the
occurrence of packet loss, the performance on VisQOL is su-
perior to baseline methods. Specifically, as packet loss occurs,
LargeSC (avg. 2.06 kbps) outperforms the baseline methods in
terms of VisQOL under similar lossless performance. Under
comparable bandwidth conditions, LargeSC (avg. 1.51 kbps)
also surpasses SoundStream (1.6 kbps) in VisQOL. For the
PLCMOS metric, LargeSC outperforms the baseline methods
as well, indicating that the auditory quality of speech will not
experience a cliff like decline due to packet loss.

As shown in Figs. 5 (c) and (d), the erase channel of the
GE model is used to test the anti burst loss capability of our

method. As shown in Fig. 5 (c), when p < 0.2, our method
(2.06kbps) has a higher VisQOL value relative to baselines,
indicating that our method is closer to the reference true value
speech. when p < 0.3, LargeSC (avg. 1.51kbps) outperforms
the Soundstream (1.6kbps). At higher average packet loss
rates, LargeSC (avg. 2.06kbps) differs from the Opus method
with in-band FEC in terms of VisQOL metrics. This is because
our method’s packet loss prediction relies solely on previously
received frames. As shown in Fig. 5 (d), LargeSC (avg.
2.06kbps) and LargeSC (avg. 1.51kbps) have higher PLCMOS
compared to the baseline methods when packet loss occurs.
This indicates that our methods still maintain good listening
experience when VisQOL is low. Therefore, our methods
maintain better resistance to packet loss at different packet
loss rates.

Fig. 6 (a) illustrates the WER performance of different codes
under increasing packet loss rates. As the loss rate grows, all
methods experience a monotonic increase in WER; however,
the proposed LargeSC consistently achieves the lowest WER
across all evaluated packet loss probabilities. When p = 0.3,
LargeSC reaches a WER of approximately 0.15, significantly
lower than SoundStream (≈ 0.17), Opus (≈ 0.29), and AAC
(≈ 0.35). These results indicate that the lexical intelligibility
of the reconstructed speech remains more robust under the
proposed model. In practical terms, LargeSC preserves more
phonetic and linguistic information during packet loss, en-
abling downstream ASR systems to generate more accurate
transcripts compared to the baseline codecs.

Fig. 6 (b) shows the logF0 RMSE of different methods
under different packet loss rates. The proposed LargeSC
maintains consistently lower logF0 RMSE than SoundStream
across all evaluated loss rates, indicating better preserva-
tion of prosodic structure. Although AAC and Opus achieve
slightly lower RMSE values under low-loss conditions, their
performance degrades more rapidly as the packet loss rate
grows. The logF0 RMSE performance of deep learning based
methods such as LargeSC and Soundstream is inferior to



10

traditional methods. This is primarily because conventional
waveform codecs typically apply deterministic filterbanks and
linear prediction modules that explicitly preserve low-level
spectral and pitch-related structures. Moreover, LargeSC is
optimized for perceptual quality and packet loss resilience,
rather than strict frame-level spectral fidelity.

D. Ablation Analysis and Generalization Evaluation

1) Ablation Analysis: Fig. 7 presents the ablation results
of LargeSC under different packet loss rates by removing (i)
the large speech model (w/o LM) and (ii) the unequal error
protection capability of the adaptive rate controller module
(w/o UEP). Both perceptual metrics, VisQOL and PLCMOS,
degrade as packet loss increases, but the degree of degradation
varies significantly across model variants. The full LargeSC
model achieves the highest performance, demonstrating better
robustness. Removing the LM reduces VisQOL and PLCMOS,
indicating that the LM helps recover plausible acoustic infor-
mation when frames are missing. The LargeSC (w/o UEP)
shows greater degradation because the loss of perceptually
important tokens is not protected, leading to greater distor-
tion especially at higher loss rates. These ablation results
demonstrate that both LM and UEP contribute substantially to
the robustness of LargeSC, but UEP has a more pronounced
impact under higher packet loss conditions, while the LM prior
mainly enhances perceptual smoothness and continuity across
all loss levels.

2) Generalization Performance: As shown in Fig. 8, the
evaluation on the unseen Common Voice dataset is given.
For the VisQOL and PLCMOS metrics, the performance of
LargeSC and Soundstream trained on LibriSpeech decreases
on the Common Voice dataset. However, LargeSC consis-
tently outperforms SoundStream across all loss rates. LargeSC
maintains higher perceptual similarity and overall listening
quality, indicating that its learned representations generalize
more effectively to new speakers and recording conditions not
seen during training. This demonstrates that the larger model
exhibits stronger generalization capability, benefiting from
its richer acoustic prior and greater modeling capacity. The
performance gap becomes more pronounced at moderate to
high packet loss levels, where SoundStream degrades rapidly.
These results highlight the inherent robustness and cross-
dataset adaptability brought by scaling the model capacity.

E. Visualization Results in Real-Time Transmission

Fig. 9 visualizes the real-time transmission process of a
speech sample under varying packet loss rates. Fig. 9 (c) shows
the spectrogram of the original speech, serving as the refer-
ence for evaluating reconstruction quality. In the transmission
simulation, the packet loss rate changes dynamically across
several phases (0%, 5%, 20%, 10%, 30%, and back to 10%)
and the mask output by the adaptive controller is represented
in the background of Fig. 9.

As shown in the VisQOL and PLCMOS curves (Fig. 9 (a)
and (b)), LargeSC maintains higher perceptual quality than
SoundStream and Opus throughout the entire transmission
period. The learned mask (importance and redundancy bars)

adapts closely to the speech content in Fig. 9 (c): frames
containing important phonetic or prosodic structures are more
likely to be preserved, while redundant frames are masked
more aggressively. When the packet loss probability increases,
the model expands the set of frames marked as important,
ensuring that critical semantic information continues to be
transmitted, thus stabilizes perceptual quality under adverse
network conditions.

The bitrate trajectory in Fig. 9 (d) further illustrates this
adaptive behavior. The bitrate fluctuates between approxi-
mately 0.4–1.6 kbps depending on the instantaneous impor-
tance of frames and the current packet loss rate. During low-
loss intervals at the beginning, LargeSC reduces redundant
frames, keeping the bitrate relatively low. When the chan-
nel becomes unreliable, the bitrate increases as the masking
mechanism assigns a higher proportion of frames to important
tokens, mitigating the impact of lost packets.

Although VisQOL and PLCMOS temporarily decline during
high-loss periods, LargeSC remains consistently above the
baseline codecs, offering smoother quality transitions and
more robust reconstruction. The results demonstrate that the
learned masking strategy effectively couples token selection
with both speech semantics and channel state, achieving
adaptive bitrate control while maintaining strong perceptual
robustness in real-time transmission scenarios.

F. End-to-End Latency Analysis

For a real-time speech semantic communication system, the
end-to-end transmission delay mainly consists of the follow-
ing components: the duration of frames involved in coding,
TContext, coding computation time, TCoder, and transmission
time, TTransmit.

Ttotal = TContext + TCoder + TTransmit. (21)

Specifically, for our proposed system, the total delay Ttotal can
be expressed as follow:

Ttotal = TContext + TCoder + TRA + TLM + Ttransmit, (22)

where TRA represents the calculation time of adaptive con-
troller, and TLM represents the prediction calculation time of
the large model. The TLM is determined by the number of
received tokens x̃n and the time of predict a token, Ttoken,
which can be expressed as:

TLM = E[Nx̃n
Ttoken], (23)

where Nx̃n
represents the number of received tokens, de-

termined by the compression performance of the adaptive
controller and the current packet loss rate p.

As shown in Table. II, we evaluate the end-to-end latency
of several speech communication systems without considering
the transmission delay TTransmit. All experiments, except for
the LargeSC(low) configuration, are conducted on an Intel
Xeon Gold 6342 CPU with an NVIDIA A100 GPU. The
LargeSC(low) variant is measured separately on an Intel i7-
12700 CPU with an NVIDIA RTX 3080 GPU to reflect its
performance on a more consumer-level hardware platform.
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(a) (b)

Fig. 7: The ablation results of unequal error protection and large model in our method under uniform random loss channel:
(a) VisQOL, (b) PLCMOS of audio quality performance.

TABLE I: FLOPs and parameter counts of each module in the
proposed system.

Module GFLOPs Params (M)

Semantic Encoder 0.476 39.392
Adaptive Controller 0.013 0.517
Large Speech Model 2.358 7690.269
Semantic Decoder 0.495 39.917

Total 3.343 7770.095

Opus exhibits the lowest delay due to its lightweight tra-
ditional codec design and minimal contextual dependency.
SoundStream also maintains low latency, benefiting from a
feed-forward architecture with short receptive fields, though
its coding time is longer than Opus. SyncSC, which adopts
a speech-to-text and text-to-speech pipeline, incurs substantial
delay because large ASR and TTS models require long context
windows and introduce significant coding overhead in both
directions. Although our method does not target minimal
latency and employs a large autoregressive model, the overall
delay remains within a reasonable range. Although the large
model has high computational complexity, the causal autore-
gressive inference scheme enables fast step-by-step generation
in streaming mode, as the model only needs to predict a small
amount of tokens at each step rather than processing long
future context. Therefore, our method shows strong potential
in real-time communication scenarios. We believe that further
reduction in latency can be achieved through methods such as
quantization, pruning, and distillation of the large model.

G. Computational Complexity Analysis

As shown in I, the computational cost and parameter scale
of each component of LargeSC are summarized. The overall
complexity is dominated by the large model, which contains
about 7B parameters and accounts for 2.36 GFLOPs per one-
second speech input. This is expected, as the large model
is responsible for high-level semantic prediction and thus

requires a large-capacity transformer backbone. In contrast,
the semantic codec and adaptive controller are significantly
lighter. Therefore, further optimization toward faster inference
is necessary for practical deployment, for example by adopting
efficient acceleration techniques such as token-efficient mod-
eling, structural compression, and lightweight architectures.

H. Communication Overhead Analysis

The proposed system transmits discrete speech tokens at
a variable payload bitrate between 550 bps and 2.06 kbps,
depending on the number of active quantizers selected by
the adaptive controller. Beyond this payload, practical deploy-
ments must also account for protocol headers and control sig-
naling. Assuming that Npkt packets per second are generated,
the total bitrate can be approximated as

Rtotal ≈ Rpayload +Npkt ·Rheader +Rctrl, (24)

where Rpayload denotes the semantic payload rate, Rheader is the
number of bits per packet used by the transport and network
headers (eg. RTP/UDP/IP), and Rctrl accounts for additional
control information such as periodic feedback of the estimated
packet loss probability p used by the adaptive controller. In
the configuration of LargeSC, speech packets are sent every
160ms, resulting in approximately Npkt = 6.25 packets per
second. Assuming a typical RTP/UDP/IP header of 40 bytes
per packet, the header overhead is Npkt ∗ Rheader = 2kbps.
The packet-loss probability p is reported every 100 ms using
a single-byte representation, the control signaling overhead is
Rctrl = 80bps, Therefore, the total bandwidth is Rtotal ≈
Rpayload+2.08 ≈ 2.6–4.2 kbps. This total rate remains in the
low-kbps range, significantly lower than conventional speech
codecs under comparable conditions.

V. DISCUSSION

A. Applications

The proposed large speech model enabled semantic com-
munication system features content-adaptive compression and
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Fig. 8: Comparison of generalization reconstruction audio quality on untrained Commom Voice dataset: (a) VisQOL, (b)
PLCMOS of audio quality performance.

(a) (b)

(c) (d)

Fig. 9: Visualization of the real-time transmission process. Real-time (a) VisQOL and (b) PLCMOS scores using a 2.5-s
sliding window under varying packet loss rates, with the background indicating the decisions of adaptive controller: gray
regions correspond to unsent tokens, yellow regions denote tokens predicted as important, and red regions represent redundant
tokens selected for transmission. (c) Spectrogram of the original speech. (d) Adaptive bitrate variation of LargeSC during
transmission.

TABLE II: End-to-end latency comparison of different meth-
ods.

Method Sample rate (kHz) Bitrate (bps) TCoder (ms) TContext (s) Delay (s)

Opus 24 8k 0.00077 0.06 0.061
Soundstream 24 6.4k 0.044 0.013 0.057
SyncSC 16 55.37 0.18 1.68 1.86
LargeSC 24 2.06k 0.30 0.16 0.46
LargeSC(low) 24 2.06k 0.32 0.16 0.48

* The above experimental results except LargeSC(low) are conducted on
the platform of Intel Xeon Gold 6342 (CPU) and one NVIDIA A100
(GPU).

* The experimental results of LargeSC(low) are conducted on the
platform of Intel i7-12700 (CPU) and one NVIDIA RTX 3080 (GPU).

unequal error protection tailored to channel conditions. Com-
pared to conventional methods, it achieves lower transmission
bandwidth, making it suitable for bandwidth-constrained sce-
narios such as video conferencing and satellite communica-
tions. The system also demonstrates the potential for real-
time communication under high packet loss rates, addressing
connectivity needs in remote or underserved areas.

The token-based transmission scheme is compatible with
existing digital communication protocols and operates at a
low bitrate. As the codebook is shared only between the
transmitter and receiver,the approach is well-suited for secure
communication. By leveraging the generative capabilities and
rich semantic representations of large language models, the
system exhibits good generalization to diverse user speech
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inputs without relying on task-specific datasets, indicating po-
tential for deployment in large-scale multi-user semantic com-
munication systems. Therefore, the proposed method provides
improved communication efficiency compared to traditional
approaches and holds strong potential for applications in low-
bandwidth scenarios.

B. Limitations and Challenges

1) Computational Requirements: The proposed method
leverages a large-scale generative model with approximately
7 billion parameters, enabling enhanced semantic represen-
tation and generation capabilities. While this design offers
substantial advantages over conventional approaches, it also in-
troduces significant computational demands during inference.
This raises important deployment considerations, particularly
for real-time communication scenarios. Cloud-based or high-
performance server infrastructures can provide sufficient com-
putational resources for running such large models. However,
their use may introduce additional network transmission and
queuing delays, which could counteract the low-latency ben-
efits achieved by the proposed system. At the same time,
our simulation results show that LargeSC achieves an end-
to-end latency of approximately 462 ms on a consumer-
grade GPU (e.g., NVIDIA RTX 3080), suggesting that local
deployment remains technically feasible under practical hard-
ware conditions. Moreover, ongoing advancements in model
compression—such as quantization, distillation, pruning, and
inference optimization—are expected to further reduce compu-
tational requirements and make real-time on-device inference
increasingly accessible.

2) End-to-End Latency: The measured end-to-end latency
is approximately 460 ms, primarily due to large model in-
ference time and interleaving delays. The proposed system
achieves lower latency than existing methods such as SyncSC,
benefiting from causality and autoregressive generation. Fur-
ther reductions may be achieved through architectural opti-
mizations, including asynchronous processing or hybrid strate-
gies that balance performance and computational load. These
improvements are particularly relevant for real-time or delay-
sensitive applications.

VI. CONCLUSION

In this paper, we propose a large speech model enabled
semantic communication system, LargeSC, for adaptive trans-
mission over channels with varying packet loss rates. By
employing the Mimi neural codec as speech coder, the system
transforms speech into discrete tokens, thus enabling com-
patibility with digital semantic communication frameworks
while maintaining high speech quality. An adaptive controller
module is proposed to perform semantic-aware compression
and channel-aware in-band unequal error protection based on
current transmission conditions, enhancing both bandwidth
efficiency and robustness. Furthermore, a fine-tuned Moshi
speech model, adapted via LoRA, is leveraged to autore-
gressively predict lost or masked tokens, thereby improving
reconstruction quality. LargeSC adopts a causal, autoregressive

structure, making it suitable for real-time streaming scenar-
ios. It achieves an end-to-end latency of approximately 460
ms, demonstrating the potential for practical deployment.
Therefore, the proposed system improves the efficiency and
quality of speech semantic communication under bandwidth
constrained and lossy channel conditions.
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