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Digital Deep Joint Source-Channel Coding with Blind
Training for Adaptive Modulation and Power Control

Yongjeong Oh, Joohyuk Park, Jinho Choi, Jihong Park, and Yo-Seb Jeon

Abstract—This paper proposes a novel digital deep joint source-
channel coding (DeepJSCC) framework that achieves robust
performance across diverse communication environments without
requiring extensive retraining and prior knowledge of commu-
nication environments. Traditional digital DeepJSCC techniques
often face challenges in adapting to various communication
environments, as they require significant training overhead and
large amounts of communication data to develop either mul-
tiple specialized models or a single generalized model, in pre-
defined communication environments. To address this challenge,
in our framework, an error-adaptive blind training strategy
is devised, which eliminates the need for prior knowledge of
communication environments. This is achieved by modeling the
relationship between the encoder’s output and the decoder’s
input using binary symmetric channels, and optimizing bit-flip
probabilities by treating them as trainable parameters. In our
framework, a training-aware communication strategy is also
presented, which dynamically selects the optimal encoder-decoder
pair and transmission parameters based on current channel
conditions. In particular, in this strategy, an adaptive power and
modulation control method is developed to minimize the total
transmission power, while maintaining high task performance.
Simulation results demonstrate that our framework outperforms
existing DeepJSCC methods, achieving higher peak signal-to-noise
ratio, lower power consumption, and requiring significantly fewer
encoder-decoder pairs for adaptation.

Index Terms—Joint source-channel coding, semantic commu-
nication, blind training, bit-flip probability, adaptive modulation
and power control.

I. INTRODUCTION

Semantic communication is a transformative approach to
data communication that focuses on conveying the meanings
or semantics of raw data relevant to a specific task or goal,
rather than accurately transmitting every bit of raw data as in
traditional communication [1]–[5]. By sending only essential
task-relevant information, it has great potential to enhance
bandwidth efficiency and robustness to channel perturbations.
A key application is in image and video transmission, where
semantic communication extracts semantics through object
recognition, scene understanding, and advanced compression
algorithms, and transfers perceptually similar content using
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minimal bandwidth, even under poor channel conditions [6]–
[8]. One of the first methods implementing this idea is the
deep joint source-channel coding (DeepJSCC) framework [9].
In DeepJSCC, the communication transceiver is emulated by an
encoder-decoder structured deep neural network (DNN), where
the encoder jointly performs pre-processing to extract seman-
tics, source encoding, and channel encoding, while the decoder
simultaneously handles source decoding, channel decoding, and
post-processing for the target task. DeepJSCC has demonstrated
its excellence, particularly in challenging scenarios with low
signal-to-noise ratios (SNRs) or stringent bandwidth constraints
[9]–[12].

Despite its potential, DeepJSCC remains in its nascent
stage, with most of existing frameworks relying on analog-like
communication architectures that transmit continuous-valued
signals over additive noisy channels [9]–[12]. This approach
is well-suited for DNNs, which naturally process continuous
outputs in their hidden layers, and additive channels can be
modeled by a single DNN layer, enabling end-to-end DNN dif-
ferentiation and trainability. However, this assumption diverges
significantly from digital communication systems, limiting the
broader adoption and practical deployment of DeepJSCC. To
address this limitation, recent studies [13]–[24] have begun ex-
ploring ways to integrate DeepJSCC into digital communication
systems as we will review next.

A. Digital DeepJSCC: Recent Studies and Limitations

The transition from analog to digital communication systems
presents new challenges for DeepJSCC, as digital environments
require the handling of discrete bits and symbols. To address
this, earlier works focused on mapping the real-valued out-
put of the encoder to discrete symbols or bits to improve
compatibility with digital communication architectures [13]–
[17]. This approach was further extended by incorporating non-
orthogonal multiple access to enhance bandwidth efficiency
[18], and lightweight neural network structures were developed
to accommodate the limited computational power of edge
devices [19].

Despite these advancements, digital DeepJSCC still faces
significant challenges, particularly in optimizing power and
modulation levels, to achieve high task performance across
various communication environments. This multi-dimensional
optimization differs from that of analog DeepJSCC, which
primarily focuses on power optimization alone. The primary
difficulty in addressing this optimization problem is that the re-
lationship between power, modulation, and task performance is
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intractable; thus, it is challenging to derive an analytical optimal
solution. Moreover, since the optimal power-modulation pair
varies depending on channel conditions, addressing all possible
channel conditions requires significant training overhead and
large amounts of communication data to develop either multiple
specialized models or a single generalized model.

Due to this difficulty, most digital DeepJSCC methods train
the semantic encoder and decoder in predefined communica-
tion environments where the channel distributions, modulation
schemes, or transmission power are predetermined [15]–[21].
In addition, they impose a strict constraint in which the
transmitter applies the same power or modulation scheme to
all transmitted symbols. As a result, if any communication
factors change–such as variations in channel conditions, shifts
in modulation schemes, or fluctuations in transmission power–
task performance can degrade significantly, as the encoder and
decoder, optimized for specific communication conditions, may
not generalize well to unexpected environments. Additionally,
the strict constraints on modulation and power fail to account
for the varying importance or reliability of individual bits,
meaning the encoder and decoder may not prioritize critical
bits that require higher protection or more robust transmission,
further worsening task performance.

Recently, to address this difficulty, a binary symmetric
channel (BSC)-based digital DeepJSCC training method was
proposed [24], where each transmitted bit experiences dif-
ferent bit-flip probabilities. During the communication stage,
the modulation level for each symbol is adjusted based on
the channel conditions, while ensuring that the bit-flip error
remains below the predefined bit-flip probability used during
training. In this strategy, however, the bit-flip probabilities
were treated as hyper-parameters, which incurs substantial
training overhead in hyper-parameter tuning. Additionally, due
to the difficulty of due to the difficulty of jointly optimizing
power and modulation, only modulation was adjusted, leading
to performance limitations. In addition to digital DeepJSCC
methods that consider training, an adaptive modulation method
based on pre-trained models was proposed [22]. However, this
method does not account for the effects of modulation and
fading channels during training, so its task performance is
inevitably limited.

B. Contributions and Paper Organization

To overcome these limitations, this paper introduces a
novel digital DeepJSCC framework, dubbed BlindJSCC, which
achieves robust performance across diverse communication
environments without the need for extensive retraining or large
amounts of data. The proposed framework consists of two
strategies: (i) error-adaptive blind training and (ii) training-
aware communication. In the error-adaptive blind training strat-
egy, we first model the relationship between the encoder’s
output and the decoder’s input using BSCs, which simplifies
digital communication into a more manageable form. Next, we
optimize the bit-flip probabilities of BSCs by treating them
as trainable parameters rather than static values determined

by a specific communication environment. To facilitate this,
we employ a continuous relaxation technique that approxi-
mates discrete random variables with continuous ones, en-
abling smooth gradient-based optimization. Further, to adapt
to varying channel conditions, we train representative bit-flip
probability sets that capture various communication scenar-
ios, including variations in channel conditions, transmission
power, and modulation schemes. After performing the proposed
training strategy, in the training-aware communication strategy,
we select the most suitable bit-flip probability set and corre-
sponding encoder-decoder pair for the given channel condition,
total power, and transmission rate constraints. Concurrently, we
optimize the power and modulation levels for each transmis-
sion symbol to achieve the desired bit-flip probabilities. Our
communication strategy utilizes two optimization methods: (i)
power optimization, which adjusts transmission power while
keeping modulation levels fixed, and (ii) joint modulation and
power optimization, which dynamically adjusts both parameters
to minimize overall power consumption.

The major contributions of this paper are summarized as
follows:

• We present a novel DeepJSCC training method that en-
ables the semantic encoder and decoder to be trained
without the need for prior knowledge of communication
factors such as channel conditions, transmission power,
and modulation schemes.

• We propose a regularization term incorporated into the
loss function to train representative bit-flip probability
sets. This training is conducted in an end-to-end manner,
so that the bit-flip probabilities are jointly trained with
the encoder-decoder pair, capturing how the bit-flip errors
impact task performance.

• We introduce a communication strategy that adapts to
varying communication environments by dynamically se-
lecting the most suitable encoder-decoder pair and adjust-
ing transmission power and modulation levels.

• For image transmission tasks with the MNIST [25],
CIFAR-10 [26], and STL-10 [27] datasets, our proposed
BlindJSCC achieves up to a 10% improvement in PSNR
and reduces total transmission power by up to 70%, at an
SNR of 20 dB, compared to other DeepJSCC frameworks.

Note that this work extends its conference version [28] with
the following novel contributions. First, unlike [28], which
considered a fixed channel condition associated with a single
bit-flip probability for each transmitted bit, this work considered
a set K of bit-flip probabilities, addressing various channel
conditions. Second, while [28] focused on optimizing only
transmit power, we jointly optimize both power and modulation
in this work. Lastly, we provide extensive simulation results
using various datasets and comparisons with other DeepJSCC
baseline methods. To differentiate the BlindJSCC version in
[28] from the extended version in this paper, we denote the
version in [28] as BlindJSCC-P and the extended version as
BlindJSCC-MP in the simulation section.



3

Fig. 1: The training and communication strategies of BlindJSCC with trainable NB parameters and K training procedures.

II. SYSTEM MODEL

We consider a typical digital DeepJSCC system for an image
transmission task. Let u ∈ RM be an image data and θenc
be the parameter vector of the encoder. Then, the transmitter
encodes the image data as follows:

v = fθenc
(u) ∈ RN , (1)

where fθenc is the encoding function, and v is the semantic
feature vector of length N . After the encoding process, the
transmitter quantizes each element of v using a B-bit quantizer.
The resulting quantized value is given by

qi = Q(vi) ∈ Q, i ∈ {1, · · · , N}, (2)

where vi represents the ith element of v, Q =
{q̃1, q̃2, · · · , q̃2B} is the codebook of the quantizer, and Q :
R → Q is the quantization function. For each codeword q̃j ,
the corresponding bit sequence is determined as b̃j = B(q̃i) ∈
{0, 1}B , where B : Q → {0, 1}B is a mapping function that
converts each codeword q̃j into a unique binary sequence of
length B. Based on this, the transmitter converts the quantized
value qi of (2) into its corresponding binary sequence, as
follows:

bi = B(qi) ∈ {0, 1}B , i ∈ {1, · · · , N}. (3)

After quantizing all elements of v, the transmitter obtains the
bit sequence b = [bT1 , . . . , b

T
N ]T ∈ {0, 1}NB . Then, through a

digital modulation process, this bit sequence is converted into
a symbol sequence x of length T .

The transmission rate, representing the average number of
transmitted bits per channel use, is defined as

R =
NB

T
, (4)

implying how densely the bits are packed for each channel
use. To ensure efficient communication, the transmission rate

needs to satisfy or exceed a predefined target transmission rate,
denoted as Rtarget, as follows:

R ≥ Rtarget. (5)

After the modulation process, the transmitter allocates a power
pt to each symbol xt under the total power constraint, which
is given by

Psum ≜
T∑

t=1

pt ≤ Ptot, (6)

where Ptot denotes the total available transmission power for
transmitting the symbol sequence x.

The wireless channel between the transmitter and receiver
is modeled as a block fading channel, where the channel
coefficients remain constant during the coherence time [29].
Under this assumption, the received signal at time slot t is
expressed as

yt = h
√
ptxt + nt, t ∈ {1, . . . , T}, (7)

where h ∈ C is a complex-valued channel coefficient, and
nt ∼ CN (0, σ2) represents the additive white Gaussian noise
(AWGN). The maximum achievable SNR is defined as

SNRmax = 10 log10
PtotE[γ]
NB

, (8)

where γ = |h|2
σ2 is the channel-gain-to-noise-power ratio.

Assume that the channel coefficient h is accurately estimated at
the receiver using pilot-assisted channel estimation during each
channel coherence time. Then, the receiver performs channel
equalization on the received signal in (7), resulting in the
equalized signal at time slot t:

ỹt =
h∗

|h|2
yt =

√
ptxt + ñt, t ∈ {1, . . . , T}, (9)

where h∗ is the complex conjugate of h, and ñt = h∗nt/|h|2.
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After this, the receiver recovers the estimated symbol sequence
x̂, followed by demodulation to determine the estimated bit
sequence b̂ = [b̂T1 , . . . , b̂

T
N ]T ∈ {0, 1}NB .

After reconstructing the bit sequence, the receiver determines
the estimated quantized value by performing the inverse process
of B, as follows:

q̂i = B−1(b̂i) ∈ Q, i ∈ {1, · · · , N}, (10)

where B−1 : {0, 1}B → Q. Once the quantized values are
obtained, the receiver can reconstruct the original image data
using a semantic decoder parameterized by θdec. This decoding
operation is denoted as

û = fθdec
(q̂) ∈ RK . (11)

To evaluate the reconstruction quality, we mainly use the
peak SNR (PSNR) defined as

PSNR = 10 log10

(
MAX2

MSE

)
, (12)

where MAX represents the maximum possible pixel value of
the image (e.g., 255 for 8-bit image), and MSE is the mean-
squared-error (MSE) between the original and reconstructed
images, i.e., MSE = 1

ME[∥u− û∥2].
It should be noted that in this paper, we do not delve into the

design and optimization of the quantization-related functions
Q, B, and B−1; thereby, we assume that these functions
are predefined and consistent across the entire process, by
employing well-established quantization methods (e.g., [30]–
[32]). In this context, we simply employ the uniform quantizer
defined as

qi = Q(vi) = ∆ ·
⌊
vi − vmin

∆
+

1

2

⌋
+ vmin, (13)

where vmin and vmax are the minimum and maximum values
of quantized values, respectively, and ∆ = vmax−vmin

2B−1
. The

relationship between qi and bi is given by

qi = vmin +∆

B∑
k=1

2k−1b
(k)
i , (14)

where b
(k)
i is the kth element of bi.

In this paper, we propose a novel digital DeepJSCC frame-
work named BlindJSCC. Traditional DeepJSCC methods of-
ten struggle to adapt to diverse communication environments
because their training requires substantial overhead and large
amounts of communication data to create either multiple spe-
cialized models or a single generalized model for predefined
communication conditions. BlindJSCC addresses these issues
by introducing an error-adaptive blind training strategy, which
eliminates the need for prior knowledge of communication
factors. Furthermore, it incorporates a training-aware commu-
nication strategy that dynamically adjusts transmission param-
eters based on varying channel conditions. In Section III, we
discuss the training strategy of BlindJSCC in detail, and in
Section IV, we explain its communication strategy. The high-

level procedure of BlindJSCC is summarized in Fig. 1.

III. ERROR-ADAPTIVE BLIND TRAINING STRATEGY
OF BLINDJSCC

In this section. we introduce an error-adaptive blind training
strategy of BlindJSCC, which allows the semantic encoder and
decoder to be trained without prior knowledge of communi-
cation factors such as channel conditions, transmission power,
and modulation scheme.

A. BSC Modeling

The core concept behind our training strategy stems from
a stochastic channel model that captures various communi-
cation processes, including modulation and fading channels,
in an integrated manner, rather than treating each process
separately. Specifically, our training strategy simplifies the
complex transmission and reception processes of NB bits in
digital communication systems to a more manageable form by
modeling their combined effects using NB BSCs. Then, for the
nth BSC, where n ∈ {1, · · · , NB}, the relationship between
the transmitted nth bit bn and the corresponding received bit
b̂n is modeled as follows:

b̂n =
(2bn − 1)en + 1

2
∈ {0, 1}, (15)

where en ∈ {−1, 1} is a binary error determined as

en =

{
1, w.p. 1− µn,

−1, w.p. µn,
(16)

and µn ∈ (0, 0.5) represents the bit-flip probability for the
nth BSC. Note that µn plays a crucial role in characterizing
the various processes in digital communication systems. For
example, if the nth bit is transmitted in the tth symbol xt

using 2mt -QAM with transmission power pt over a fading
channel, the bit-flip probability µn for the ML detection can
be approximated can be approximated as follows [33]:

µn ≈
√
2mt − 1√

2mt log2
√
2mt

erfc

(√
3ptγ

2(2mt − 1)

)

+

√
2mt − 2√

2mt log2
√
2mt

erfc

(
3

√
3ptγ

2(2mt − 1)

)
, (17)

where erfc(x) = 1− 2√
π

∫ x

0
exp(−u2)du is the complementary

error function, which is a function of several key factors in
digital communication systems, including transmission power
pn, channel-gain-to-noise-power ratio γ, and modulation level
mn.

A key advantage of BSC modeling is its ability to unify the
modeling for diverse and unpredictable digital communication
systems. This modeling also facilitates end-to-end learning
for the semantic encoder and decoder by regarding the linear
equation in (15) as a layer of a DNN [13]. However, when
employing this modeling, it is crucial to determine the bit-
flip probabilities {µn}NB

n=1, as they significantly influence the
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performance of image reconstruction during training. One of the
primary challenges in determining these bit-flip probabilities
is that the relationship between µn and reconstruction perfor-
mance is intricate and intractable, making it difficult to derive
an analytical optimal solution. Most existing digital DeepJSCC
methods have failed to account for this relationship, as their
training is typically performed in a specific communication
environment, where all symbols are assumed to experience the
same bit-flip probability. Another challenge lies in adapting
to diverse communication environments. Even if {µn}NB

n=1 are
properly determined, certain digital communication systems
may struggle to achieve these bit-flip probabilities due to
constraints on total power or transmission rate.

To address these challenges, in our training strategy, we
introduce the end-to-end learning-based parametric training
approach. In this approach, the bit-flip probabilities {µn}∀n
are treated as trainable parameters, rather than fixed constants
predetermined by a specific communication environment. This
implies that our training approach eliminates the need for
explicit knowledge of communication factors, thereby signif-
icantly reducing training overhead and the necessity for exten-
sive communication data collection. Further, by incorporating
the bit-flip probabilities into the training process, our approach
enables their joint optimization alongside the semantic encoder
and decoder.

To further elaborate on our parametric training approach,
we start by defining a trainable raw parameter vector, µ̃ =
[µ̃1, µ̃

′
2, · · · , µ′

NB ]
T ∈ RNB . Then, we transform these raw

parameters to represent the bit-flip probabilities as follows:

µn =
Sigmoid(µ′

n)

2
, ∀n, (18)

where Sigmoid(x) = 1
1+e−x is the sigmoid function. This

transformation ensures that the µn falls within the appropriate
bit-flip probability range (0, 0.5).

In the following subsections, we elaborate a more detailed
exploration for training the bit-flip probabilities in (18). Specif-
ically, in Sec. III-B, we focus on deriving the gradient for µn to
enable end-to-end learning. Then, in Sec. III-C, we describe the
loss function that guides {µn}∀n to converge to the appropriate
values, along with the training method designed to ensure
effective adaptation to diverse communication environments.

B. End-to-End Learning via Continuous Relaxation

The primary challenge in computing the gradient for µn

arises from the discrete nature of the BSC described in (15).
Specifically, since the binary error en in (16) follows a discrete
Bernoulli distribution with µn, it is non-trivial to calculate the
gradient for µn. To facilitate the training of µn, our training
strategy employs the continuous relaxation method in [34],
which effectively approximates discrete random variables with
their continuous counterparts. A representative example of this
method is the relaxation of the max function in the Gumbel-max
trick to a softmax function, commonly known as the Gumbel-
softmax trick.

Leveraging the continuous relaxation in [34], the binary error
en in (16) is approximated by its continuous counterpart, given
by

ẽn = −tanh

(
1

τ

(
log

(
µn

1− µn

)
+ log

(
un

1− un

)))
, (19)

where u1, . . . , uNB are independent and identically distributed
random variables, each following the uniform distribution
U(0, 1), and τ ≥ 0 is the temperature parameter. The detailed
derivation of (19) can be obtained by applying a linear trans-
formation to the Bernoulli random variable described in [34].
In contrast to the binary error en, its continuous counterpart ẽn
is differentiable with respect to µn. The corresponding gradient
is given by

∂ẽn
∂µn

=− sech2
(
1

τ

(
log

(
µn

1− µn

)
+ log

(
un

1− un

)))
× 1

τµn(1− µn)
, (20)

where sech(x) = 2
ex+e−x . With this continuous relaxation,

substituting ẽn into en relaxes the input-output relationship of
the BSC model in (15) as follows:

b̂n =
(2bn − 1)ẽn + 1

2
∈ [0, 1]. (21)

In our training strategy, the relaxed BSC is treated as a layer
within the DNN. This integration enables the computation of
gradients for the semantic encoder, bit-flip probabilities, and
semantic decoder, thereby allowing end-to-end learning for all
trainable parameters. Specifically, let L be the loss function
computed at the output of the semantic decoder, which will
be detailed in Sec. III-C. Then, utilizing the chain rule, the
gradient of the loss with respect to µn becomes

∂L
∂µn

=
∂L
∂b̂n

· ∂b̂n
∂ẽn

· ∂ẽn
∂µn

, (22)

where the first component ∂L
∂b̂n

can be obtained by performing
backpropagation at the semantic decoder. The second compo-
nent is obtained from the relaxed BSC, given by ∂b̂n

∂ẽn
= bn− 1

2 .
Following the similar procedure above, the gradient for the
semantic encoder is determined as

∂L
∂θenc

=

NB∑
n=1

∂L
∂b̂n

· ∂b̂n
∂bn

· ∂bn
∂θenc

, (23)

where the second term is derived from the relaxed BSC, given
by ∂b̂n

∂bn
= ẽn. For other trainable parameters, the gradients ∂L

∂µ′
n

and ∂L
∂θdec

, are readily computed by performing backpropagation
with the chain rule. Meanwhile, in practice, these gradients
can be computed using automatic differentiation techniques
provided by modern deep learning frameworks, such as Tensor-
Flow and Pytorch. Therefore, our gradient computation is not
overly complex, enabling ease of implementation and efficient
optimization.
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C. Regularization for Optimizing µn in End-to-End Learning

The major challenge in training µn is its tendency to con-
verge to very small values, particularly when the loss function
is designed to minimize the reconstruction error only, such as
MSE. This vanishing phenomenon arises because the recon-
struction error tends to decrease with lower bit-flip probabili-
ties. To address this challenge, we incorporate a regularization
term into the loss function, as follows:

L = Eu,û[d(u, û)] + λR(µ), (24)

where d(u, û) is a distortion measure between the original
input image u and its reconstruction û, λ > 0 is a regularization
weight that controls the strength of the regularization, and R(µ)
represents a regularization term that encourages the parameter
µn to converge to larger values by penalizing it when its value
is small. A representative example of our loss function is a
combination of MSE and L2-based regularization, formulated
as

L =
1

M
Eu,û

[
∥u− û∥2

]
+

λ

NB

NB∑
n=1

(
1

2
− µn

)2

, (25)

where the second term, representing L2 regularization, penal-
izes deviations of {µn}∀n from their maximum value 0.5.

In our loss function of (24), increasing λ causes the average
value of µ to converge toward higher values due to the greater
significance of the regularization term. This increase, however,
is attained at the cost of increased distortion, as the training pro-
cedure places more emphasis on accommodating challenging
communication environments rather than minimizing distortion.
Therefore, our training strategy involves a trade-off between
accommodating challenging communication environments and
achieving high task performance.

Based on the trade-off above, our key idea for effectively
adapting to diverse communication environments is to represent
these environments using K distinct bit-flip probability sets.
Each set is characterized by a different average bit-flip prob-
ability and covers a wide range of communication scenarios.
Specifically, a set with a low average bit-flip probability can
represent favorable communication environments, such as those
with high total power or strong channel conditions. On the other
hand, a set with a high average bit-flip probability represents
more challenging communication environments with poor chan-
nel conditions or low total power. Recall that our approach
leverages the fact that the bit-flip probability encapsulates
the key factors in digital communication systems, including
channel, power, and modulation levels, as shown in (17). As
a result, we can significantly reduce the training overhead
and the number of models compared to traditional DeepJSCC
methods, which require separate models for each combination
of communication parameters.

Let µ(k) be the kth bit-flip probability set, where k ∈
{1, · · · ,K}. Then, based on the loss function in (24), our
training strategy performs K training procedures, each with a
different regularization strength, λk, k ∈ {1, · · · ,K}, such

TABLE I: Comparsion of the PSNRs for task-based and L2-based
regularizations across varying µ̃(1) and λ1 values at SNRmax ∈
{10, 20} dB on the MNIST dataset.

SNRmax = 10 dB λ1

10−4 10−3 10−2

Target-based
regularization µ̃(1)

0.1 34.47 35.06 36.08
0.2 34.41 35.74 36.08
0.3 35.05 35.99 35.49

L2-based regularization 35.31 36.12 33.74

SNRmax = 20 dB λ1

10−4 10−3 10−2

Target-based
regularization µ̃(1)

0.1 42.03 42.04 41.32
0.2 41.93 41.82 39.69
0.3 42.11 41.45 38.25

L2-based regularization 42.09 40.70 35.56

that λ1 < · · · < λK . This results in K different bit-flip
probability sets and corresponding encoder-decoder pairs. By
leveraging these trained bit-flip probability sets, the transmitter
and receiver can dynamically select the most suitable encoder-
decoder pair for the given communication environment. In
Sec. IV, we will provide detailed instructions on how to
implement this dynamic selection process.

Meanwhile, the design of the regularization term R(·) plays
a crucial role in ensuring that the K bit-flip probability
sets {µ(k)}Kk=1 accommodate various communication environ-
ments. One intuitive approach would be to set a target value for
the kth bit-flip probability set, denoted as µ̃(k), and formulate
the regularization term as R(µ(k)) =

∑NB
n=1

(
µ̃(k) − µ

(k)
n

)2
,

where µ̃(k). While this target-based regularization provides
controllability over µ(k)

n ’s convergence toward the target value,
the relationship between the task performance and the target
value is unknown, making the target value a hyperparameter.
For this reason, this regularization introduces two hyperparam-
eters, µ(k) and λk. Compared to target-based regularization, the
L2-based regularization in (25) simplifies the training process
by utilizing a single hyperparameter λk. To assess the task
performance of both regularizations, we have conducted an
experiment on the MNIST dataset under varying µ̃(1) and λ1

values with K = 1. Table I shows that after hyperparameter
tuning, both the L2-based and target-based regularizations
achieve comparable PSNR performance. However, the L2-
based regularization achieves this performance using only one
hyperparameter, while the target-based regularization requires
tuning two parameters. This result implies that optimizing
a single hyperparameter, as in the L2-based regularization,
appears to be sufficient to achieve high task performance across
various communication environments.

Remark 1 (Impact of Regularization Weight λk on µ(k)):
We analyze the convergence behavior of the average value of
µ(k) in response to changes in the regularization weight λk,
using a numerical example. In this simulation, we consider
an image reconstruction task using the MNIST dataset. All
values of µ(k) are initialized to 0.1, and the loss function
in (25) is employed. Fig. 2 shows that as λk increases, the
average value of µ(k) converges to higher values. This indicates
that more challenging communication environments can be
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Fig. 2: Convergence behavior of the average value of bit-flip proba-
bilities µ(k) for different regularization weight λk.

effectively captured by increasing λk. Fig. 2 also shows that
when λk = 0, the average value of µ(k) converges to a
very small value, requiring impractically high transmission
power or communication resources to achieve such low bit-flip
probabilities.

IV. TRAINING-AWARE COMMUNICATION STRATEGY
OF BLINDJSCC

In this section, we optimize a communication strategy to
align the actual BERs with the pre-trained bit-flip probabilities,
while determining the most suitable encoder-decoder pair.

A. Overview

Suppose that the semantic communication system has the to-
tal transmission power constraint, Ptot, and the target transmis-
sion rate, Rtarget. In our strategy, we consider uncoded QAM to
avoid the additional complexity and redundancy introduced by
channel encoding and decoding. Based on this, the transmitter
and receiver select the most suitable encoder-decoder pair from
the K pre-trained pairs, while determining the transmission
power and modulation level for each symbol based on the
pre-trained K bit-flip probability sets and the current channel-
gain-to-noise-power ratio, γ. This channel-adaptive selection
and optimization process is denoted as

{k⋆, {pt,mt}Tt=1} = fadapt(Ptot, Rtarget, {µ(k)}Kk=1, γ),
(26)

where k⋆ is the index of the selected encoder-decoder pair,
and fadapt is the adaptation function, which will be detailed
in Sec. IV-B and Sec. IV-C. Note that the function fadapt
needs to satisfy the transmission rate in (5) and the total power
constraint in (6). Moreover, this function should satisfy the
BER matching condition that the BER, achieved through the
transmission power pt and modulation level mt of the tth

symbol carrying the nth bit, closely matches the nth element
of µ(k⋆), as follows:

µ(k⋆)
n ≈

√
2mt − 1√

2mt log2
√
2mt

erfc

(√
3ptγ

2(2mt − 1)

)

+

√
2mt − 2√

2mt log2
√
2mt

erfc

(
3

√
3ptγ

2(2mt − 1)

)
≜ BER(pt,mt, γ), (27)

where the approximation follows from (17). This condition
helps minimize the discrepancy between the bit error rates
observed during training and those encountered during commu-
nication, leading to improved reliability and task performance.
The optimization problem solved by fadapt is summarized as
follows:

(P0) (k⋆, {pt,mt}Tt=1) = argmin
k,{p(k)

t ,m
(k)
t }T

t=1

E[d(u, û)], (28)

s.t.
∣∣BER(p(k)t ,m

(k)
t , γ)− µ(k)

n

∣∣ ≤ ϵ,
T∑

t=1

p
(k)
t ≤ Ptot, R ≥ Rtarget,

where p
(k)
t and m

(k)
t represent the power and modulation level

for the tth symbol in the kth bit-flip probability set, and ϵ ≪ 1.
Note that d(u, û) represents the distortion measure between the
original input image u and its reconstruction û, used during
training, and it decreases as k increases due to the trade-
off between adapting to challenging communication environ-
ments and maintaining high task performance, as discussed in
Sec. III-C.

Once the process above is completed, the transmitter encodes
the image data using the selected k⋆th encoder, and performs
the quantization process to obtain the bit sequence b. Then, the
transmitter transmits b using the specified modulation levels
and transmission powers. It should be noted that the process
in (26) is also executed at the receiver. Consequently, with
the knowledge of {pt,mt}Tt=1, the receiver can perform the
detection to obtain the estimated bit sequence b̂.

In our communication strategy, a proper design of the
adaptation function in (26) is crucial for solving the problem
P0. In the remainder of this section, we first introduce the
adaptive power control (APC) method (see Sec. IV-B) and
then explore a more advanced adaptive modulation and power
control (AMPC) method (see. Sec. IV-C). The overall procedure
of our communication strategy is illustrated in Fig. 3.

B. APC Method

The APC method in our communication strategy involves
fixing the modulation level and determining the transmission
power for each symbol. Specifically, the modulation level is set
to the lowest level that satisfies the transmission rate constraint,
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Fig. 3: The overall procedure of the training-aware communication strategy in BlindJSCC with two adaptive control methods.

as follows:

m
(k)
t = min

{
m :

⌈
NB

m

⌉
≤ NB

Rtarget
,m ∈ {2, 4, 6, · · · }

}
≜ mAPC, (29)

for all t, k, where
⌈
NB
m

⌉
represents the length of the symbol

sequence T when using 2m-QAM, and NB
Rtarget

indicates the
minimum required length of the symbol sequence to achieve the
target transmission rate Rtarget. By setting the modulation level
to the minimum value, we reduce the required transmission
power by leveraging the fact that higher modulation levels
require greater transmission power to satisfy the BER condition
in (27). Additionally, this setting simplifies the problem P0 by
ensuring that the constraint R ≥ Rtarget is always satisfied. In
this context, the APC method solves the following optimization
problem:

(P1) (k⋆, {pt}Tt=1) = argmin
k,{p(k)

t }T
t=1

E[d(u, û)], (30)

s.t.
∣∣BER(p(k)t ,mAPC, γ)− µ(k)

n

∣∣ ≤ ϵ,

T∑
t=1

p
(k)
t ≤ Ptot.

To solve the problem P1, the APC method first sorts the bit-flip
probabilities {µ(k)

n }∀n in ascending order and divides them into
T =

⌈
NB

mAPC

⌉
groups. Next, the method computes the average

bit-flip probability for each group as follows:

µ̄
(k)
t =

1

mAPC

∑
n∈Kt

µ(k)
n , (31)

for t ∈ {1, · · · , T}, where Kt is the index set of the tth group.
The required transmission power to achieve µ̄

(k)
t , denoted as

p
(k)
t , is then determined by solving the equation below:

µ̄
(k)
t = BER(p

(k)
t ,mAPC, γ). (32)

In general, since the BER function is monotonically decreasing
with respect to p

(k)
t for a given mAPC, one can readily obtain

the solution using various numerical methods such as bisection

or Newton-Raphson algorithms [35]. Further, it should be noted
that by sorting µ

(k)
n and averaging similar values, we can

assume that µ̄
(k)
t ≈ µ

(k)
n ,∀n ∈ Kt; thereby, the condition

in (27) is satisfied by solving the equation of (32). After
computing the power p

(k)
t for each t and k, the required total

power for the kth encoder-decoder pair is obtained as

P (k)
sum =

T∑
t=1

p
(k)
t . (33)

Then, to achieve the highest performance while satisfying
the power constraint, the index of the most suitable encoder-
decoder pair is determined as

k⋆ = min{k : P (k)
sum ≤ Ptot}. (34)

The corresponding transmission power is set to pt = p
(k⋆)
t .

After determining k⋆, the transmitted bits are sorted to
match the order of their corresponding µ

(k⋆)
n values, and then

modulation and power allocation are performed using mt and
pt. On the receiver-side, the estimated bits are reordered to
their original positions following the demodulation process.
Note that these ordering procedures do not incur any additional
communication overhead because the sorting operation for
µ
(k⋆)
n can be performed locally at the transmitter and receiver.
A key feature of the APC method is its simplicity and

efficiency in determining modulation levels and transmission
powers without complex optimization processes. However, by
fixing the modulation level uniformly across all symbols, the
method fails to take the performance gains that can be obtained
through jointly optimizing the modulation level and transmis-
sion power. Consequently, the overall communication efficiency
and performance remain constrained. This limitation motivates
us to develop a more advanced adaptation method, namely the
AMPC method, described in the following subsection.

C. AMPC Method

A primary goal of the proposed AMPC method is to mini-
mize the total transmission power over the APC method, while
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Fig. 4: Comparison of total power for various combinations of mod-
ulation levels.

strictly adhering to the transmission rate constraint and BER
matching condition. To achieve this goal, our method aims to
find the optimal modulation level and corresponding transmis-
sion power for each symbol. The corresponding optimization
problem is expressed as

(P2) (k⋆, {pt,mt}Tt=1)

= argmin
k,{p(k)

t ,m
(k)
t }T

t=1

E[d(u, û)] + ν

T∑
t=1

p
(k)
t , (35)

s.t.
∣∣BER(p(k)t ,m

(k)
t , γ)− µ(k)

n

∣∣ ≤ ϵ,
T∑

t=1

p
(k)
t ≤ Ptot, R ≥ Rtarget,

where ν > 0 is a small constant that ensures E[d(u, û)] ≫
ν
∑T

t=1 p
(k)
t ,∀k, emphasizing the importance of minimizing

distortion while still considering power consumption. To ex-
plore this problem more clearly, let us consider the example
where the bit sequence length is 16 and the desired symbol
sequence length is 4, implying the Rtarget = 4. In this example,
the potential combinations of {m(k)

1 ,m
(k)
2 ,m

(k)
3 ,m

(k)
4 } are

{8, 4, 2, 2}, {6, 6, 2, 2}, {6, 4, 4, 2}, {4, 4, 4, 4}, along with all
permutations of these elements. Then, in this example, the
optimal combination can be determined by evaluating both the
total transmission power and the corresponding distortion.

The main challenge in solving the optimization problem
P2 lies in its non-convexity, which arises from the discrete
nature of the modulation level mn and the non-convexity of
the BER function with respect to two variables pn and mn.
Furthermore, due to the vast number of possible combinations
of modulation levels and powers, the domain space can be sig-
nificantly large. As a result, traditional optimization techniques,
and even exhaustive search methods, are highly impractical
for finding the optimal solution. To address these challenges,
we propose the AMPC method that iteratively optimizes the
transmission power and modulation level for each symbol,
effectively navigating the complex search space to find near-
optimal solutions.

The fundamental idea of the AMPC method is to assign a

Algorithm 1 Adaptive Modulation and Power Control (AMPC)
Method

1: Set the initial value of mt, denoted as minit, from (29), ∀t.
2: Sort µn in ascending order.
3: ℓs = 1, ℓe = minit.
4: hs = NB −minit − 1, and he = NB.
5: t = 1

6: while t ≤ ⌊T
2
⌋

7: mℓ = ℓe − ℓs + 1 and mh = he − hs + 1.
8: m′

ℓ = mℓ − 2 and m′
h = mh + 2.

9: µ̄ℓ =
1

mℓ

∑n=ℓe
n=ℓs

µn and µ̄h = 1
mh

∑n=he
n=hs

µn.
10: µ̄′

ℓ =
1

m′
ℓ

∑n=ℓe−2
n=ℓs

µn and µ̄′
h = 1

m′
h

∑n=he
n=hs−2 µn.

11: Compute powers pℓ, p′ℓ, ph, p′h by solving µ̄ℓ =

BER(pℓ,mℓ, γ), µ̄′
ℓ = BER(p′ℓ,mℓ, γ), µ̄h = BER(ph,mh, γ),

µ̄′
h = BER(p′h,m

′
h, γ).

12: psum = pℓ + ph and p′sum = p′ℓ + p′h.
13: if (p′sum > psum) or (mℓ = mmin) or (mh = mmax)
14: mt = mℓ and mT−t+1 = mh.
15: pt = pℓ and pT−t+1 = ph.
16: ℓs = ℓe + 1 and he = hs − 1.
17: ℓe = ℓs +minit − 1 and hs = he −minit + 1.
18: t = t+ 1.
19: continue.
20: end
21: if p′sum ≤ psum
22: mt = mℓ − 2 and mT−t+1 = mh + 2.
23: pt = p′ℓ and pT−t+1 = p′h.
24: ℓe = ℓe − 2 and hs = hs − 2.
25: end
26: end

low modulation level to bits with low bit-flip probabilities, and
a high modulation level to bits with higher bit-flip probabilities.
The effectiveness of this idea can be verified through a simple
example in which two bits need to be transmitted with bit-flip
probabilities µ1 = 10−1 and µ2 = 10−2, respectively, and the
channel-gain-to-noise-power ratio γ is set to be one. Then, we
examine three combinations of modulation levels {m1,m2}:
(i) {4, 4}, (ii) {6, 2}, and (iii) {2, 6}, each achieving the same
transmission rate. Fig. 4 demonstrates the effectiveness of our
idea, where the second combination achieves the lowest total
transmission power. Furthermore, based on this result, it can
be naturally inferred that as the difference between µ1 and µ2

increases, the total power gap between the first combination
and the others also widens.

The proposed AMPC method, motivated by the key ob-
servation mentioned above, is summarized in Algorithm 1,
where the index k is omitted for the sake of simplicity. The
major steps of the algorithm are elaborated below. In Step 1,
the initial modulation level is set to the same as in the APC
method, ensuring the transmission rate constraint. In Step 3,
the starting and ending indices for the group with the smallest
bit-flip probabilities are determined. Similarly, in Step 4, the
indices for the group with the highest bit-flip probabilities are
determined. In the subsequent steps, the modulation levels of
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both groups are adjusted to minimize the total transmission
power, as discussed in the earlier example. Specifically, in
Step 7, the modulation levels corresponding to the low and high
bit-flip probabilities, denoted as mℓ and mh, are calculated.
In Step 8, the adjusted modulation levels are computed by
decreasing mℓ and increasing mh. In Steps 9–12, the transmis-
sion power for each modulation level is determined by solving
the BER equation, as done in the APC method. In Steps 13–
25, the algorithm compares the total power of both groups to
decide whether to adjust the modulation levels or keep them
unchanged. If the decision is to maintain the current levels,
the algorithm proceeds to the next groups. Here, the conditions
for moving to the next groups are if adjusting the modulation
levels increases the total power or if the modulation levels have
reached their minimum or maximum values, denoted as mmin

and mmax.
In the AMPC method, the procedure for determining the

index of the most suitable encoder-decoder pair is the same
as that in equation (34) of the APC method. Additionally, the
optimized modulation level and power can be shared without
any communication overhead because the AMPC method can
be locally performed at the transmitter and receiver based on
the pre-shared knowledge of {µ(k)}∀k.

The main advantage of the AMPC method is its ability to
consistently achieve the same or lower total transmission power
compared to the APC method. This is because the AMPC
method starts with the same initial modulation level as the
simple method, and then adjusts the modulation level toward
minimizing power consumption. This advantage will be further
validated through numerical simulations in Sec. V.

Remark 2 (Comparison with Conventional Modulation
and Power Control Method): In traditional digital com-
munication systems, modulation and power control methods
are widely adopted to maximize spectral efficiency or mini-
mize BER under varying channel conditions. One well-known
method is the water-filling algorithm, which allocates more
power to channels with higher SNR and less to those with lower
SNR, maximizing spectral efficiency. Unlike these conventional
methods, our framework differentiates itself by dynamically as-
signing different modulation and power to individual data bits,
even when the channel conditions remain the same for all bits.
This difference arises from the fact that conventional methods
typically treat all data bits equally, without accounting for the
varying levels of importance or sensitivity of each bit, whereas
our framework recognizes that certain bits may be more critical
for performing the receiver’s task. The performance gain of our
strategy will be numerically demonstrated in Sec. V.

V. SIMULATION RESULTS AND ANALYSIS

In this section, we demonstrate the superiority of BlindJSCC,
using the MNIST [25], CIFAR-10 [26], and STL-10 [27]
datasets. The MNIST dataset consists of 70, 000 grayscale
images of handwritten digits, each of size 28 × 28 pixels,
split into 60, 000 training samples and 10, 000 test samples.
The CIFAR-10 dataset consists of 60, 000 color images of size

TABLE II: The semantic encoder and decoder architectures for
MNIST, CIFAR-10 and STL-10 datasets.

Layers

MNIST
Encoder C(32,3,1,2), PReLU, C(64,3,1,2), PReLU,

C(64,5,2,1), PReLU, C(8,5,2,1)

Decoder CT(64,5,2,1,0), PReLU, CT(64,5,2,1,0), PReLU,
CT(32,3,1,2,0), PReLU, CT(1,4,1,2,0)

Encoder
C(64,5,2,2), PReLU, C(128,5,2,2), PReLU,
C(128,5,1,2), PReLU, C(128,5,1,2), PReLU,

CIFAR-10 C(24,5,1,2)
/ STL-10

Decoder
CT(128,5,1,2,0), PReLU, CT(128,5,1,2,0), PReLU,
CT(128,5,1,2,0), PReLU, CT(64,5,2,2,1), PReLU,

CT(3,5,2,2,1)

32×32×3 pixels, split into 50, 000 training samples and 10, 000
test samples. The STL-10 dataset consists of 113, 000 color
images of size 96 × 96 × 3 pixels, split into 105, 000 training
samples (including both labeled and unlabeled data) and 8, 000
test samples.

Table II summarizes the semantic encoder and decoder
architectures for each dataset, where the model architecture has
been modified from that of [9] to improve task performance.
In this table, C(c,k,s,p) represents a 2D convolutional layer
with c output channels, a k × k kernel, a stride of s, and
padding of p. Similarly, CT(c,k,s,p,po) denotes a transposed
2D convolutional layer with c output channels, a k× k kernel,
a stride of s, padding of p, and output padding of po. In the
training process, the number of epochs is set to 50, 100, and 200
for the MNIST, CIFAR-10, and STL-10 datasets, respectively.
For all datasets, the batch size is set to 16, and the Adam
optimizer in [36] is employed with an initial learning rate of
10−4 to train the semantic encoder and decoder. Additionally,
for all datasets, the target transmission rate Rtarget and the
total available transmission power Ptot are set to 4 and 100,
respectively. The communication channel for all simulations is
modeled as a Rayleigh fading channel.

In our simulations, we consider the following baselines for
performance comparison:

• BlindJSCC-P / BlindJSCC-MP: These are the proposed
digital DeepJSCC frameworks, where BlindJSCC-P only
incorporates power control while BlindJSCC-MP employs
both power control and adaptive modulation. In both
methods, the number of encoder-decoder pairs is set to
K = 3, and the loss function in (25) is employed with
regularization weights (λ1, λ2, λ3) = (10−6, 10−3, 10−2).
The bit-flip probabilities are uniformly initialized within
the range of 0.01 to 0.49 and optimized using the Adam
optimizer in [36] with an initial learning rate of 10−3.
In this framework, if the APC and AMPC methods fail
to achieve the last Kth bit-flip probability set, mainly
due to the low total power or poor channel conditions,
the optimized powers are adjusted by multiplying them
with an appropriate constant to satisfy the total power
constraint. For the AMPC method, the minimum and max-
imum modulation levels are set to 2 and 6, respectively.

• NECST (Multi-bit): This framework extends the quan-
tization process of the digital DeepJSCC framework pre-
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Fig. 5: Comparison of the PSNRs for various DeepJSCC and non-JSCC frameworks using MNIST, CIFAR-10, and STL-10 datasets.

sented in [14] from one-bit to multi-bit. During training,
the framework employs multiple BSC in (15), with iden-
tical bit-flip probabilities applied to all channels. Conse-
quently, the power and modulation levels are uniformly set
across all symbols under the constraints on total power and
transmission rate.

• DeepJSCC-Q: This is the digital DeepJSCC framework
in [15], where the real-valued output of the encoder is
mapped to discrete symbols. In this framework, the soft-
to-hard quantizer described in [15] is employed. To match
the symbol sequence length with that of other baselines,
the output length of the encoder is adjusted by modifying
the number of output channels in the last layer to 32 for
the MNIST dataset and 96 for the CIFAR-10 and STL-10
datasets.

• JPEG+LDPC: This framework utilizes a separate source-
channel coding, employing the joint photographic experts
group (JPEG) for source coding and the 3/4-rate low-
density parity-check (LDPC) code for channel coding. To
ensure the transmission rate constraint, the modulation
levels are adjusted between 2 and 10. Additionally, the
JPEG quality settings are set to 80 for the MNIST dataset
and 100 for the CIFAR-10 and STL-10 datasets, ensuring
compliance with the transmission rate requirements.

In the BlindJSCC-P, BlindJSCC-MP and NECST frameworks,
the encoder output is processed by the ReLU6 activation
function, followed by an 8-bit uniform quantizer that discretizes
values within the range of 0 to 6.

Fig. 5 compares the PSNRs of various frameworks across
a range of SNRmax levels in (8), using the MNIST, CIFAR-
10, and STL-10 datasets. In this simulation, the maximum
achievable SNR, denoted as SNRmax, varies with the expected
channel-gain-to-noise-power ratio, E[γ], while maintaining a
fixed total available transmission power Ptot as 1001. Fig. 5
shows that BlindJSCC-P and BlindJSCC-MP frameworks con-
sistently achieves the highest PSNR across all SNRmax levels.
Notably, BlindJSCC-P and BlindJSCC-MP achieve these results

1This scenario can be readily extended to various communication settings
by multiplying Ptot and E[γ] by the constants c > 0 and 1

c
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Fig. 6: Comparison of total transmission power between BlindJSCC-
P, BlindJSCC-MP, and other frameworks at various SNRmax levels
using the CIFAR-10 dataset.

using only K = 3 encoder-decoder pairs, while other frame-
works utilize 9 pairs trained for distinct SNRmax levels. The
performance comparison clearly indicates that BlindJSCC-P
and BlindJSCC-MP consistently outperform the NECST frame-
work, highlighting the superior effectiveness of the proposed
error-adaptive blind training strategy. This is because, while
the NECST framework applies a rigid constraint by enforcing
a uniform bit-flip probability µn across all bits, BlindJSCC-P
and BlindJSCC-MP relax this constraint by optimizing µn for
each bit individually. This flexibility allows BlindJSCC-P and
BlindJSCC-MP to better adapt to varying bit-reliability condi-
tions, resulting in significantly improved performance. Further,
the performance gap between BlindJSCC-P and BlindJSCC-
MP shows the effectiveness of the AMPC method. This perfor-
mance gap arises from the fact that the AMPC method operates
with lower power consumption compared to the APC method,
allowing it to effectively select the best-performing encoder-
decoder pair, thus leading to superior overall performance.
Meanwhile, the comparison with JPEG+LDPC highlights the
limitations of separate source and channel coding, as it shows
much lower PSNR, especially at low SNRs.

Fig. 6 compares the total transmission power of BlindJSCC-
P and BlindJSCC-MP with that of other existing frame-
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Fig. 7: Model selection frequency of the AMPC method across varying
SNRmax levels on the CIFAR-10 dataset.

works across varying SNRmax levels, using the CIFAR-10
dataset. The corresponding PSNR performance is illustrated in
Fig. 5(b). Note that all baseline frameworks, except BlindJSCC-
P and BlindJSCC-MP, fully utilized the total available power
Ptot. Nevertheless, the results clearly show that BlindJSCC-
P and BlindJSCC-MP not only achieve higher PSNR across
all SNRmax levels but also significantly reduce total power
consumption. Within BlindJSCC, both the APC and AMPC
methods are analyzed. The results show that the AMPC
method consistently outperforms the APC method in terms
of both PSNR and total transmission power, particularly at
lower SNRmax levels. This highlights the superior efficiency of
the AMPC method in low-SNR communication environments,
demonstrating that dynamically optimizing both transmission
power and modulation levels can provide better performance
than adjusting transmission power alone.

Fig. 7 illustrates the model selection frequency of the pro-
posed AMPC method across different SNRmax levels, using the
CIFAR-10 dataset. Fig. 7 shows that at low SNR level of 0 dB,
the third model is selected more frequently due to its higher
average bit-flip probability, which is more likely to be achieved
compared to the first and second bit-flip probability sets under
poor channel conditions. As SNRmax increases to 15 dB and
20 dB, the frequency of selecting the third model decreases,
and the first model becomes dominant. This smooth transition
in model selection demonstrates the effectiveness of the AMPC
method in adapting to varying SNR levels, ultimately ensuring
higher task performance. Meanwhile, although the results of the
APC method could not be included due to space constraints, the
method also exhibits a similar adaptive behavior to the AMPC
method under varying SNR levels.

Fig. 8 presents the modulation levels determined by both
the APC and AMPC methods alongside the trained bit-flip
probabilities. The simulation was conducted using the MNIST
dataset with a trained Kth bit probability set. Fig. 8 shows
that the APC method applies a constant modulation level
regardless of bit-flip probability. In contrast, in the AMPC
method, as the bit-flip probability increases, the modulation
level correspondingly rises. This result aligns with the core

1 628 1255 1882 2509 3136

Index of bit n

0

2

4

6

8

M
o
d
u
la

ti
on

le
v
el

m
n

0

0.1

0.2

0.3

0.4

0.5

7
n

AMPC method
APC method
Bit-.ip probability

Fig. 8: Trained bit-flip probabilities and the modulation levels deter-
mined by the APC and AMPC methods on the MNIST dataset.
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Fig. 9: Comparison of PSNR in BlindJSCC-MP for different numbers
of encoder-decoder pairs K across varying SNRmax levels on the
MNIST dataset.

principle of the AMPC method, as described in IV-C, where
lower modulation levels are assigned to bits with lower bit-
flip probabilities, and higher modulation levels are allocated to
bits with higher probabilities. Consequently, by harnessing the
potential performance gains from optimizing the modulation
levels, the AMPC method reduces the total transmission power
compared to the APC method, as shown in Figs. 5 and 6.

In Fig. 9, the PSNR of BlindJSCC-MP is compared for
different numbers of encoder-decoder pairs, denoted as K,
across varying SNRmax levels, using the MNIST dataset. In
this simulation, the regularization weights are set as follows:
λ1 = 10−6 for K = 1, (λ1, λ2) = (10−6, 10−3) for
K = 2, (λ1, λ2, λ3) = (10−6, 10−3, 10−2) for K = 3, and
(λ1, λ2, λ3, λ4) = (10−6, 10−4, 10−3, 10−2) for K = 4. Fig. 9
shows that as K increases, the PSNR also improves at all
SNRmax levels. This improvement is attributed to the fact that
increasing K enables the proposed framework to more densely
represent diverse communication environments, allowing for
finer adaptation to varying channel conditions. Fig. 9 also
illustrates that the performance difference between K = 3
and K = 4 is minimal. This suggests that BlindJSCC-MP can
achieve high task performance without requiring a large number
of encoder-decoder pairs, enabling more efficient deployment
in practical semantic communication systems.
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VI. CONCLUSION

In this paper, we have proposed a novel digital DeepJSCC
framework that effectively addresses the challenges of adapt-
ing to diverse communication environments. Unlike traditional
DeepJSCC methods, our training strategy has eliminated the
need for prior knowledge of the communication environment by
treating bit-flip probabilities as trainable parameters. Addition-
ally, our framework has introduced a training-aware communi-
cation strategy that dynamically selects the optimal encoder-
decoder pair based on current channel conditions, ensuring
efficient power usage while maintaining high performance.
Simulation results have demonstrated that our framework sig-
nificantly outperforms existing methods, achieving superior
PSNR, lower power consumption, and greater adaptability
with fewer encoder-decoder models. An important direction
for future research is to develop an analytical method for
determining the optimal number of models and λk values.
Another promising research direction is to extend the proposed
framework to incorporate more sophisticated modulation and
coding schemes, further enhancing its performance.
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