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Abstract

The increasing scarcity of spectrum resources and
the rapid growth of wireless device have made effi-
cient management of radio networks a critical chal-
lenge. Cognitive Radio Technology (CRT), when
integrated with deep learning (DL), offers promis-
ing solutions for tasks such as radio signal classifi-
cation (RSC), signal denoising, and spectrum allo-
cation. However, existing DL-based CRT frame-
works are often task-specific and lack scalability
to diverse real-world scenarios. Meanwhile, Large
Language Models (LLMs) have demonstrated ex-
ceptional generalization capabilities across multi-
ple domains, making them a potential candidate for
advancing CRT technologies. In this paper, we in-
troduce RadioLLM, a novel framework that incor-
porates Hybrid Prompt and Token Reprogramming
(HPTR) and a Frequency Attuned Fusion (FAF)
module to enhance LLMs for CRT tasks. HPTR
enables the integration of radio signal features with
expert knowledge, while FAF improves the model-
ing of high-frequency features critical for precise
signal processing. These innovations allow Radi-
oLLM to handle diverse CRT tasks, bridging the
gap between LLMs and traditional signal process-
ing methods. Extensive empirical studies on multi-
ple benchmark datasets demonstrate that the pro-
posed RadioLLLM achieves superior performance
over current baselines.

1 Introduction

With the proliferation of wireless devices and the scarcity of
spectrum resources, managing and optimizing limited wire-
less network resources has become increasingly challeng-
ing [Nahum et al., 2023], [Sathyanarayanan et al., 2023al.
Integrating artificial intelligence (AI) with cognitive radio
technology (CRT) offers a promising solution for optimiz-
ing spectrum sharing and enhancing communication quality
[Haider er al., 2015]. However, traditional machine learning
(ML) methods for radio cognition are limited by device noise
and interference [Feng et al., 2024], while deep learning (DL)
approaches, driven by data, excel at tasks like radio signal
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Figure 1: Comparison of existing CRT frameworks with our pro-
posed approach.

classification (RSC), signal denoising, and spectrum alloca-
tion, significantly improving communication performance.

DL-based CRT frameworks simplify system complexity
through end-to-end training but are often tailored to spe-
cific tasks and signal types. As shown in Figure 1, deploy-
ing these frameworks in real-world scenarios requires task-
specific configurations, which limits their scalability and ap-
plication in diverse industrial environments. Developing a
universal CRT framework capable of handling diverse tasks
and signals remains a critical challenge.

The advent of LLMs has reignited interest in Artificial
General Intelligence (AGI). LLMs, pretrained on large-scale
datasets using autoregressive techniques, demonstrate gener-
alization capabilities far beyond traditional models, making
them promising for CRT. Despite their potential, LLMs face
challenges in CRT applications, such as the need for signifi-
cant computational resources and architectures tailored to ra-
dio signals.

Although LLMs have been applied to semantic commu-
nication [Xie et al., 2024], network optimization [Kotaru,
2023], and spectrum sensing [Shao er al., 2024], current
methods exhibit several limitations:

1) Limited Cognitive Understanding of Radio Signals:
LLMs, trained on text, lack inherent understanding of radio
signals. Existing works rely on text-based prompts and ex-
ternal tools, limiting their ability to process raw signals. We
adopt reprogramming techniques in [Jin ez al., 2024] to trans-
form radio signals into formats compatible with LLM input,
enabling direct signal processing and improving cognitive ca-
pabilities.

2) Inefficient Expert Knowledge Integration: Textual
prompting for injecting expert knowledge often results in ver-



bose templates with unnecessary words, increasing compu-
tational overhead [Jin et al., 2024]. We propose a hybrid
prompting method that retrieves concise and contextually rel-
evant tokens, reducing memory usage and runtime while pre-
serving information richness.

3) Challenges in Capturing High-Frequency Signal
Features: LLMs excel at low-frequency global information
but struggle with high-frequency details critical for precise
RSC tasks [Bai et al., 20221, [Si et al., 2022]. To address this,
we propose the Frequency Attuned Fusion (FAF) module,
which combines high-frequency features from CNNs with
the global context captured by LLMs, enhancing their per-
formance in RSC tasks.

In this paper, we introduce RadioLLM, which integrates
Hybrid Prompt and Token Reprogramming (HPTR) with
CRT using LLMs. HPTR couples expert knowledge with
radio signal features, leveraging LLMs’ world knowledge
for semantic and high-dimensional feature extraction. Ad-
ditionally, the FAF module improves the modeling of high-
frequency information, while a lightweight decoder maps fea-
tures back to the original signal space. Our contributions in-
clude:

1. We propose a novel multimodal RadioLLM that
achieves versatile CRT applications across diverse sce-
narios through multi-task joint learning. Leveraging the
LLM’s inherently rich world knowledge, we explore its
application in CRT by employing reprogramming tech-
niques. This approach enables the direct processing of
radio signals by the LLM, significantly enhancing its
cognitive capabilities regarding diverse signal types and
reducing reliance on manual prompt engineering.

2. To mitigate computational overhead and memory
consumption, we introduce an innovative hybrid
prompt technique that combines software and hard-
ware prompts. This method involves identifying the
top K semantically similar anchors within a joint se-
mantic space for template text prompt embeddings.
These anchors serve as concise and contextually rele-
vant prompts, effectively eliminating unnecessary filler
words while maintaining strong correlations with sig-
nal features. This streamlined prompting technique op-
timizes the model’s performance in CRT tasks by ensur-
ing that the prompts are both succinct and rich in perti-
nent information.

3. We designed the FAF module to enhance the LLM’s
ability to model high-frequency features by fusing high-
frequency and low-frequency information, thereby im-
proving the performance of the downstream classifica-
tion task while ensuring the performance of the genera-
tion task.

2 RELATED WORK

2.1 Traditional DL-Based CRT Framework

Deep learning (DL)-based methods have been widely applied
to critical tasks in CRT, such as RSC, signal denoising, and
signal recovery. In RSC, supervised learning (SL) approaches
have shown significant progress. For example, PETCGDNN

used CNNs and GRUs for feature extraction to build an ef-
ficient modulation recognition model [Zhang et al., 2021al.
Additionally, a multi-view fusion RSC method was proposed,
which leverages features from the time, frequency, and time-
frequency domains to enhance performance [Ke and Vikalo,
2021].

The challenge of obtaining high-quality labeled data in
wireless communication has driven the adoption of self-
supervised learning (SSL). A Transformer-based SSL frame-
work, TCSSAMR, was proposed for RSC [Kong et al.,
2023a], and MCLHN utilized masked contrastive learning
with hard negatives to enhance signal diversity [Xiao er al.,
2024]. For signal denoising and partial recovery, a Deep
Denoising Network was proposed using residual learning
[Kaushal et al., 2016], and a time-frequency domain autoen-
coder was developed for denoising [Chen er al., 2024].

While these methods excel in specific tasks, they are lim-
ited to individual applications and specific data types. To ad-
dress this, we propose the LLM architecture as a universal
CRT framework, pioneering AGI applications in CRT.

2.2 Previous LLM-Based CRT Framework

The emergence of LLMs has brought significant advance-
ments to Al, influencing domains such as time series analysis
and CRT. For example, LLMs have been used in semantic
communication systems for contextual understanding [Xie et
al., 2024] and in 6G edge computing for user association and
resource allocation [Kotaru, 2023]. However, these applica-
tions are mostly limited to telecommunications language un-
derstanding.

WirelessLLM has extended LLM applications to CRT
tasks like power allocation and spectrum sensing, advancing
AGI integration in CRT [Shao ef al., 2024]. Yet, it relies on
external tools, lacks an end-to-end signal processing pipeline,
and overlooks critical tasks like WSC and signal denoising.

To overcome these challenges, we build on recent advances
in time-series LLM research [Jin et al., 2024], [Pan et al.,
2024], [Cao et al., 2024] by incorporating reprogramming
and hybrid prompting techniques. This enables the develop-
ment of a unified and versatile CRT framework capable of
handling diverse signal types and tasks.

3 Methodology

Overview: As shown in Figure 2, RadioLLM is designed
with two primary components. First, the input radio sig-
nal is divided into patches to generate its signal embedding.
The first component involves combining expert knowledge
prompts with the top-K semantically similar anchors, re-
trieved from word token embeddings enriched with extensive
external knowledge. These anchors and prompts are used to
construct prefix prompts for the signal embedding. The sec-
ond component integrates high-frequency CNN features with
low-frequency signal information, feeding the fused output
into the pre-trained LLM.

In this work, GPT-2 is adopted as the backbone. During
training, we not only learn the mapping function between in-
puts and outputs but also fine-tune GPT-2 using the LoRA
technique [Hu er al., 2021].
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Figure 2: The model framework of RadioLLLM. The input radio signal is preprocessed to generate signal embeddings X (A). In the HPTR
stage (B), X is reprogrammed with semantic anchors E’, and top-K semantic anchors are selected as prefix prompt P;. The FAF stage (C)
injects high-frequency features to address the transformer’s low-pass filtering tendency. Finally, the enhanced embeddings and prefix prompts

are fed into the LLM (A&D), which outputs denoised signals O; or classification results depending on the task.

3.1 Problem Statement

In cognitive radio systems, the signal received by the sec-
ondary user device is often distorted due to the effects of the
wireless channel and environmental noise. The received 1Q
signal r(t) € R?*L can be modeled as:

r(t) = h(t) * s(t) + n(t), (1

where s(t) is the transmitted signal, h(t) represents the chan-
nel response (e.g., path loss, multipath effects), and n(t) is the
additive white Gaussian noise (AWGN). Here, L is the signal
length, and 2 corresponds to the in-phase (I) and quadrature
(Q) components.

The goal is to design a unified framework that can address
multiple downstream tasks, including denoising, signal re-
covery, and classification. Let 7" denote the task-specific tar-
get:

* For signal reconstruction tasks (including denoising and
recovery), T' = s'(t), where s'(t) represents the recon-
structed signal or a task-specific attribute of the original
transmitted signal.

* For classification tasks, T' = y, where y € {1,2,...,C}
is the class label associated with the signal.

To address these tasks, we aim to learn a unified model
F(r(t); ©), parameterized by O, which maps the received
signal r(¢) to the target 7. The unified optimization objec-
tive can be expressed as:

6 = arg m@inE[ﬁ(F(r(t); 0),7)], (2)

where L(-, -) is a task-specific loss function.

3.2 Hybrid Prompt and Token Reprogramming

Hardware prompts are widely used to inject expert knowledge
into LLMs but often involve verbose, template-based struc-
tures that dilute meaningful information and increase com-
putational cost. In contrast, pretrained software prompts en-
code general world knowledge but lack domain-specific rel-
evance. To address these limitations, we propose a hybrid
prompt mechanism, which combines hardware prompts with
a reduced set of software prompts to achieve efficient and
domain-relevant representations.

Given pretrained word token embeddings £ € RV*P,
where V' is the vocabulary size and D is the embedding di-
mension, we derive a reduced set of semantic anchors E’ €
RY'*P (V' « V) via a mapping function f(E). For a hard-
ware prompt 7', tokenized and embedded as P; € RET*D,
we compute a hybrid prompt P} € RE*P by selecting the
top-K most similar embeddings from E’, formalized as:

Pllk,:] = E' [ArgTopK (Iﬁm(zﬂt i1, E'), K) (K], :} :

3)
where () is the cosine similarity function defined as:
. Pt [l, :] . E/T
VP, BY) = s )
[P ]I - 1L

Here, P} € RE*D represents the hybrid prompt constructed
by selecting the top-K embeddings from E’, based on the
maximum cosine similarity scores over all L7 tokens in F;.
Since LLMs are trained on textual tokens, radio signals
cannot be directly understood by LLMs nor described loss-
lessly in natural language. Therefore, it is necessary to repro-



gram the radio signal sequences into semantic tokens inter-
pretable by the LLM. To achieve this, we leverage a multi-
head cross-attention layer for the reprogramming process.
Specifically, we use X as the query matrix and E’ as the key
and value matrices. The reprogramming operation for each
attention head is defined as follows:

X E/ T
Attention(X, E', E') = softmax (M) E'W,
a 5)

where W,, Wy, and W, are the learnable projection matri-
ces for the query, key, and value, respectively, and dj, is the
dimension of the key vectors. The outputs from all attention
heads are concatenated and passed through a linear transfor-
mation. This linear projection maps the output of the atten-
tion layer to the LLM-compatible dimension, resulting in the
signal tokens F, € RP*P where P is the number of patches
and D is the feature dimension. These signal tokens are then
fed into the LLM for further processing.

3.3 Frequency Attuned Fusion

Existing LLMs, based on the Transformer architecture, ex-
cel at capturing low-frequency global information through the
attention mechanism but are less sensitive to high-frequency
features. In contrast, CNNs naturally excel at modeling high-
frequency information. Based on this understanding, we pro-
pose the FAF module to augment the signal tokens Fj, en-
hancing sensitivity to high-frequency information in radio
signals.

The FAF module consists of three high-frequency extrac-
tion (HFE) layers, with the structure of each HFE layer shown
in Figure. 2(C). Each HFE layer leverages convolution to de-
tect local variations, ReLU to enhance non-linear features,
and pooling to compress redundant information, effectively
extracting high-frequency features from the input data. This
design enables the network to better capture fine-grained de-
tails in the input.

The FAF module takes the raw signal r(¢) as input and
outputs high-frequency features Fj, € RP*P after three
HFE layers. Subsequently, original signal tokens are repro-
grammed with the high-frequency features F}, while also
being incorporated as a supplementary component. This
process yields the frequency-enhanced signal tokens F. €
RP*P By integrating both global low-frequency informa-
tion and fine-grained high-frequency details, these enhanced
tokens enable the model to achieve a more comprehensive
representation of the input radio signal.

3.4 Output Projection

The features F? and P, are fed into the fine-tuned LLM mod-
ule (Figure. 2 (D)) to obtain Fy, and Pp,. After discarding
the prefix Pim, Fiim 1s passed to the decoder to generate the
output Oy € R2*L, In this work, we explore two decod-
ing strategies: a linear layer for direct mapping and a shal-
low Transformer decoder that uses self-attention to capture
complex dependencies, yielding better reconstruction. The
pretraining objective is to minimize the mean squared error
(MSE) loss between Oy and the ground truth s'(t).

3.5 Training Strategy

The overall pretraining pipeline of RadioLLM and its applica-
tion to downstream tasks are summarized in Algorithm 1. The
process begins with the configuration of hyperparameters, in-
cluding the network structure, optimizer, dataset parameters,
and early stopping criteria. During pretraining, most param-
eters of the LLM remain frozen, with only a subset updated
via LoRA [Kotaru, 2023]. To compute the loss across batches
from different datasets within the same epoch, a loss balanc-
ing factor b; is introduced to mitigate the impact of differing
dataset scales. Upon completion of pretraining, only the non-
frozen parameters are retained to reduce storage overhead.

For downstream tasks, F, extracted from the LLM output,
is used as the feature representation for classification tasks.
After pooling, it is fed into a linear classification head. The
decoder’s output Oy is directly used as the prediction for de-
noising and completing tasks.

Algorithm 1 RadioLLM Pretraining and Applications

Input: Unlabeled dataset DV = {DV} , labeled dataset
D = {D;}},, balancing factors {b;},, model parame-
ters ©, hyperparameters (learning rate lr, batch size B, total
epochs E.

Output: Pretrained model parameters ©*, recovery signal
Oy, classification result Y.

1: Stage 1: Pretraining RadioLLM
2: Initialize the parameters of ©.

3: for e < 1 to E epochs do

4 for batch {r(t)}2, € DY do

5: Fy, P/ < Fppra({r(t)}11)
6: FSI(—FFAF(FS)
7
8

(Pitm, Fiim) < Froa (F, Py)
: Os — FDecoder(Fllm)
9: L+ b; ﬁz(OS,T)

> Compute MSE loss
10: O+« 0 —lIrygVel
11:  end for

12:  if £ does not decrease for 20 consecutive epochs then
13: break

14:  end if

15: end for

16: O +— O

17: Save the non-frozen parameters of ©*.

18: Stage 2: Downstream Tasks Application

19: if Task = RSC then

20:  Initialize the parameters of classifier Fy.(-, O y.).

21:  for batch {r(t),y}2, € D; do

22: Y < Fyc(Pool(F)),©y.)

23: L+ L;(Ys,y) > Compute Cross-Entropy loss
24 ®fc — ®fc - ZTTSCV@J,C;C

25:  end for

26: else

27:  Output < Oy

28: end if




4 [Experiments

4.1 Data

We used six publicly available datasets (RML2016a,
RML2016b [O’shea and West, 2016], RML2016¢ [O’Shea
et al., 2016], RML2018a [O’Shea et al., 2018], ADS-B [?],
and Wi-Fi [Sankhe et al., 2019]) consolidated into a unified
dataset. To prevent data leakage in downstream tasks, the data
was split into training, validation, and test sets in a ratio of
8:1:1. For pretraining, high signal-to-noise ratio (SNR) sig-
nals (SNR > 14 dB) from the RML datasets were selected,
while all signals from ADS-B and Wi-Fi datasets were in-
cluded.

4.2 Implementation Details

During the training process, we conducted all experiments,
including pretraining, comparisons, and ablations, on two
A800 Ubuntu servers using the PyTorch 2.3.0 framework.
The AdamW optimizer (weight decay = 5 x 10~%) was em-
ployed with an initial learning rate of 5 x 107°. A linear
warmup and decay schedule was applied during the pretrain-
ing phase, with the warmup phase covering 10% of the to-
tal training epochs. The training process was capped at 50
epochs, and the learning rate was halved if the validation loss
stagnated for 5 consecutive epochs. Additionally, early stop-
ping was triggered if validation loss did not improve for 20
consecutive epochs.

For downstream tasks like classification and denoising, a
cosine annealing learning rate schedule was employed, start-
ing with an initial learning rate of 5 x 10~°. All experiments
were conducted under uniform settings to maintain fairness
across methods and tasks. Inference time was measured in
seconds per batch, with the batch size fixed at 128.

4.3 Evaluation Metrics

To meet practical requirements, we employed widely used
metrics for quantitative assessment, including Overall Accu-
racy (OA), Cohen’s Kappa coefficient (Kappa), and Struc-
tural Similarity Index Measure (SSIM). OA and Kappa were
utilized to evaluate classification performance, measuring
overall accuracy and agreement beyond chance, respectively.
SSIM was used to assess the structural similarity between
predicted and ground truth signals, providing a perceptually
aligned evaluation of reconstruction quality.

4.4 Comparison with RSC methods

We evaluated our proposed method against a range of RSC
approaches, including supervised models such as HCGDNN
[Chang et al., 2022], PETCGDNN [Zhang et al., 2021b],
MCLDNN [Xu et al., 2020], ICMACNET [Hermawan et al.,
2020], CVCNN [Wang et al., 2021], SFS-SEI [Tao et al.,
2023], and CVSRN [Han et al., 20241, as well as unsuper-
vised methods like SemiAMC [Liu et al., 2021] and TC-
SSAMR [Kong er al., 2023b]. For methods lacking publicly
available code, we reconstructed their networks based on de-
scriptions in their respective papers and retrained them. For
other methods, we used pretrained models or retrained them
under identical experimental settings to ensure fair compar-
isons.

Experiments were conducted on several datasets across
different configurations. =~ We evaluated the RML2016a,
RML2016b, and RML2016c¢ datasets under both 50-shot and
100-shot settings, while the RML2018a Wi-Fi dataset was
tested with a 100-shot setting. For the ADS-B dataset, 10% of
the total data was used for fine-tuning due to its limited size.
Full details of the experimental setups, including preprocess-
ing, training, and evaluation protocols, are provided in the
Appendix.  As shown in Table 1, RadioLLM, pre-trained
on large-scale data, consistently demonstrated superior per-
formance across multiple datasets. On RML2016a, it out-
performed TcssAMR in both 50-shot and 100-shot settings,
showcasing the advantages of pre-training for feature extrac-
tion. However, Figure 3 reveals challenges with distinguish-
ing similar modulation schemes like 16-QAM and 64-QAM,
as well as noise-prone signals such as WBFM and AM-DSB.

On RML2016b, RadioLLM slightly surpassed SemiAMC
in the 50-shot setting and maintained a clear edge over Tc-
sSAMR in the 100-shot setting, particularly excelling in low-
noise environments. For the imbalanced RML2016c¢ dataset,
it demonstrated effective transfer learning by reducing mis-
classifications among similar modulation types, notably out-
performing TcssAMR in both settings.

RadioLLM also outperformed competing models on more
complex datasets. On RML2018a, it managed increased
task complexity better than MCLDNN, while on the Wi-Fi
dataset, it achieved the highest performance among all meth-
ods tested, effectively handling intricate signal patterns. As
shown in Figure 3, for the RML2018a dataset, misclassifi-
cations among similar modulation types, such as 8PSK and
BPSK, were infrequent. This highlights the effectiveness
of transfer learning in distinguishing between closely related
signal types. On the ADS-B dataset, while RadioLLM did not
achieve the best performance, its results were still acceptable.
We evaluated the model’s generalization ability on an unseen
dataset, RML2022 [Sathyanarayanan et al., 2023b]. The de-
tailed experimental results are provided in the Appendix.

In conclusion, RadioLLM demonstrates exceptional adapt-
ability and generalization across a wide range of RSC tasks.
On most datasets, RadioLLLM achieved state-of-the-art per-
formance, showcasing its ability to handle diverse and com-
plex signal classification challenges. Its robust feature ex-
traction and versatility make it a reliable solution for tasks
requiring both precision and adaptability.

4.5 Comparison with Denoise methods

We evaluated our proposed method against traditional and
deep learning-based denoising models across three datasets.
For models without publicly available implementations, we
reconstructed and retrained them following their published
methodologies. Pretrained models were used when available;
otherwise, all methods were retrained under identical condi-
tions for fair comparisons (details provided in the Appendix).
As shown in Table 2, RadioLLM achieves the highest SSIM
across all datasets (0.987, 0.984, 0.986), underscoring its su-
perior ability to preserve structural similarity. DNCNet [Du et
al., 2022] demonstrates comparable performance, with SSIM
values trailing marginally by 0.001-0.003, indicating its com-
petitiveness. In contrast, the SGFilter [Schafer, 2011] falls



| RML2016a | RML2016b | RML2016¢ | RML2018a | Wi-Fi | ADSB |
Methods

| 50shot | 100-shot |  50-shot |  100-shot |  50-shot |  100-shot | 100-shot | 100-shot |  10% |

‘OA(%) Kappa OA(%) Kappa‘OA(%) Kappa OA(%) Kappa‘OA(%) Kappa OA(%) Kappa‘OA(%) Kappa‘OA(%) Kappa‘OA(%) Kappa‘
HCGDNN | 5458 05004 5430 04973 | 5438 04931 5530 0.5033| 6359 0.5919 6471 0.6066| 1698 0.1337| 1567 0.1004 | 44.66 04434
PETCGDNN | 48.05 04286 51.09 04620 | 48.94 04326 5091 04546| 61.65 0.5708 6171 0.5724| 3098 02798 | 34.59 03023 | 9747 09746
MCLDNN | 39.65 03362 5284 04812 3952 03280 5245 04716| 6291 05843 6553 0.6159| 52.03 04994 | 1941 0.1403 | 65.12 0.6493
ICAMCNET | 5255 04780 5355 04891| 5230 04700 5343 04825| 6198 05742 63.17 0.5892| 3148 02850 | 1134 0.0543 | 99.09 0.9908
CVCNN 5213 04735 5415 04957 | 5203 04669 54.06 04896| 6378 05939 6537 0.6112| 32.34 02940 | 1144 00553 | 9749 09747
SFS-SEI 5162 04678 5413 04954 | 5193 04659 5417 04907| 6249 05823 6537 0.6124| 31.86 02890 | 1145 00555 | 97.50 0.9749
CVSRN 4762 04238 4756 04232 49.65 04405 5150 04611 | 6445 06012 6176 05726 | 32.05 02910 | 11.72 0.0583 | 94.55 0.9452
TessAMR | 5501 05052 5653 0.5218 | 55.02 0.5002 5598 0.5109| 63.93 0.5964 6621 0.6224| 4496 04257 | 32.86 02873 | 61.89 0.6177
SemiAMC | 5447 04991 5532 05076 | 5464 04960 5617 05129| 63.10 05869 64.62 0.6056| 42.05 03953 | 2936 02502 | 7042 07034
RadioLLM | 5646 0.5211 5810 0.5391| 5611 05123 5835 0.5372| 66.66 0.6275 68.19 0.6441| 5421 0.5222| 3541 03110 | 9058 0.9054

Table 1: Comparison of Methods on Classification Tasks. BOLD indicates the best performance, and UNDERLINED indicates the second-

best performance.

Method RML2016a RML2016b RML2016¢c
SGFilter 0.979 0.974 0.978
DNCNet 0.986 0.987 0.986
RadioLLM 0.987 0.984 0.986

Table 2: SSIM values for different models across datasets.

short (0.979-0.978), reflecting the limitations of traditional
methods compared to deep learning approaches. The slightly
lower performance observed for all models on RML2016b
may be attributed to unique noise characteristics or increased
data complexity in this dataset.

4.6 Ablation Studies

To thoroughly evaluate the effectiveness of the proposed
HTRP and FAF modules, a series of ablation experiments
were conducted. These experiments systematically explored
the contribution of each module to the overall model perfor-
mance, offering deeper insights into their individual and com-
bined impacts. Unless explicitly mentioned otherwise, all
ablation studies were performed on the RML2016a dataset,
using the experimental setup outlined in Section 4.2. The re-
sults are summarized in Table 3. The baseline model, which

HTRP FAF | OA (%) Kappa SSIM
X X | 5539 05097 0.9839
v X | 5708 05283 0.9873
X v | 5725 05306 0.9837
v v | 5810 05391 0.9819

Table 3: Ablation study results for the HTRP and FAF modules.

excluded both HTRP and FAF modules, achieved 55.39%
OA, a Kappa of 0.5097, and a SSIM of 0.9839. Introduc-
ing the HTRP module alone improved the OA to 57.08%, the
Kappa to 0.5283, and the SSIM to 0.9873. This improvement
demonstrates the module’s capacity to inject domain-specific
knowledge, thereby enhancing the model’s ability to identify
relevant features.

Similarly, incorporating the FAF module independently
yielded a slightly higher OA of 57.25% and a Kappa of
0.5306, while maintaining an SSIM of 0.9837. This suggests
that FAF excels at extracting fine-grained, high-frequency
features, contributing to a more detailed signal representation.

When both modules were combined, the model achieved
the highest performance across all metrics. Specifically, the
OA increased to 58.10%, and the Kappa improved to 0.5391,
although the SSIM saw a marginal decrease to 0.9819. These
results highlight the complementary strengths of the two
modules: HTRP enhances domain-relevant feature extrac-
tion, while FAF focuses on capturing intricate details. To-
gether, they create a synergistic effect, integrating global low-
frequency and fine-grained high-frequency features to im-
prove classification accuracy and robustness.

4.7 Parameter Sensitivity Analysis

To assess the impact of key parameters on our framework’s
performance, we conducted a sensitivity analysis focusing on
Top-K (K) selection, Decoder usage, and LLM choice. The
experiments were performed on the RML2016a dataset under
a consistent 100-shot learning setting to ensure fair compar-
isons. The results and observations for each parameter are
detailed below.

Top-K (K)

While increasing K can improve metrics such as OA and
Kappa by capturing richer information, it also increases com-
putational load, leading to longer inference times. This study
analyzes the sensitivity of OA, Kappa, and inference time
(seconds per batch) to variations in K, highlighting the trade-
offs between performance and efficiency. As depicted in Fig-
ure 4, the results demonstrate that K = 7 represents the op-
timal balance, achieving the highest performance (OA and
Kappa) with a reasonable computational cost in terms of in-
ference time.

Decoder Usage

To further investigate the impact of the decoder, we con-
ducted experiments by removing it and compared the model’s
performance across tasks. The results indicate that removing
the decoder causes a slight performance decline. Specifically,
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Figure 3: Performance analysis of RadioLLM across SNR levels and confusion matrices on multiple datasets. Specifically, (a-d) show the OA
of RadioLLLM compared to other models under different SNR conditions on datasets RML2016a, RML2016b, RML2016¢c, and RML2018a,
respectively. Meanwhile, (e-h) present the confusion matrices of RadioLLM on the corresponding datasets, providing a detailed view of its
classification performance for various modulation classes, highlighting both strengths and potential areas of misclassification.
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Figure 4: Performance Comparison Across Different K Values

OA dropped from 0.58312 to 0.57413, reflecting a decrease of
0.899%, while the Kappa coefficient decreased from 0.5419
to 0.532, a reduction of 0.0099.

These findings underscore the importance of the decoder
in enhancing classification accuracy and consistency. By re-
fining the model’s contextual understanding and improving
representation quality, the decoder significantly contributes
to better task performance.

LLM Choice

The choice of LLM directly impacts the performance and ef-
ficiency of the RadioLLM framework. We evaluated BERT,
GPT-2, and LLaMA3 based on OA, Kappa, and Inference
Time (seconds per batch). The results, shown in Table 4,
highlight the trade-offs between classification performance
and computational cost.

As shown in Table 4, LLaMA3 achieves the highest OA
and Kappa but has a slightly higher inference time. GPT-
2 offers a balance between performance and efficiency, with
competitive accuracy and the lowest inference time. BERT,

LILM OA (%) Kappa Inference Time

BERT 57.53 0.5332 1.7519

GPT-2 58.10 0.5391 0.9069
LLaMA3 58.67 0.5480 0.9319

Table 4: Performance Comparison Across Different LLMs

while fastest to deploy in some contexts, has lower accuracy
and the longest inference time, making it less ideal for large-
scale deployments.

5 Conclusion

This paper introduces RadioLLM, an innovative framework
aimed at advancing CRT by seamlessly integrating radio sig-
nal processing with LLMs. The proposed HPTR mechanism
effectively bridges the gap between radio signals and LLMs
by combining hardware and semantic software prompts, en-
abling efficient and domain-specific representations. Com-
plementing this, the FAF module enhances the framework’s
ability to capture fine-grained high-frequency features, which
are crucial for handling complex signal environments in CRT.
Extensive experiments across diverse tasks validate Radi-
oLLM’s effectiveness in addressing prominent challenges in
CRT, such as noisy conditions, imbalanced datasets, and intri-
cate signal patterns. These contributions establish RadioLLM
as a robust and adaptable solution, paving the way for future
advancements in cognitive radio systems.
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Figure 5: Results of signal denoising. The figure illustrates the per-
formance of denoising models on noisy input signals, comparing
reconstructed outputs with their corresponding clean signals.
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Figure 6: Confusion Matrix on RML2022 Dataset Across All SNR
Levels

B Dataset Details

To validate the effectiveness of the proposed method, ex-
tensive experiments were conducted on seven publicly
available datasets: RadioML2016.10a, RadioML2016.10b
, RML2016.04c, RML2018.01a, the ADS-B dataset col-
lected in real-world scenarios, and the Wi-Fi dataset.
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Figure 7: Confusion Matrix on Wi-Fi Dataset

For simplicity, these datasets are referred to as RML16a,
RML16b, RMLI16c, RML18a, ADS-B, and Wi-Fi, respec-
tively, throughout this paper.

RML2016a: The RML2016.10a dataset consists of
220,000 modulated signals generated under simulated inter-
ference conditions, including Carrier Frequency Offset and
Additive White Gaussian Noise. Each signal comprises 128
complex-valued in-phase and quadrature sample points. This
dataset includes a diverse range of modulation schemes, cov-
ering three analog modulation types—Wideband Frequency
Modulation (WBFM), Amplitude Modulation Single Side-
band (AM-SSB), and Amplitude Modulation Double Side-
band (AM-DSB)—as well as eight digital modulation types:
Continuous Phase Frequency Shift Keying (CPFSK), Binary
Phase Shift Keying (BPSK), 8-Phase Shift Keying (8PSK),
Gaussian Frequency Shift Keying (GFSK), 16-Quadrature
Amplitude Modulation (16-QAM), 64-Quadrature Ampli-
tude Modulation (64-QAM), 4-Pulse Amplitude Modulation
(4PAM), and Quadrature Phase Shift Keying (QPSK).

RML2016b: The RML2016.10b dataset contains 1.2 mil-
lion modulated signals, encompassing the same modulation
schemes as RMLa, with the exception of AM-SSB. Each sig-
nal also consists of 128 complex-valued I/Q samples.

RML2016c: The RML2016.10c dataset comprises
162,060 modulated signals with the same modulation cate-
gories as RMLa. Each signal similarly contains 128 I/Q data
points.

RML2018a: The RML2018.01a dataset is a large-scale
benchmark dataset for signal modulation classification. It
contains 2,555,904 signal samples representing 24 modula-
tion types (OOK, BPSK, QPSK, 16QAM, etc.) across 26
SNR levels ranging from -20 dB to 30 dB (step size: 2 dB).
Each signal sample consists of 1024 IQ data points (I for in-
phase, Q for quadrature), with 4,096 samples per modula-
tion type at each SNR level, providing a balanced and diverse
dataset for training and evaluating modulation classification



models.

RML2022: The RML2022 dataset consists of 420,000
modulated signal samples, encompassing 8 types of digital
modulation—8PSK, BPSK, CPFSK, GFSK, 4PAM, 16QAM,
64QAM, and QPSK—as well as 2 types of analog modula-
tion: AM-DSB and WBFM. The dataset covers a Signal-to-
Noise Ratio (SNR) range from -20 dB to 20 dB, with incre-
ments of 2 dB between levels.

Wi-Fi: The Wi-Fi dataset, as reported in [Sankhe et al.,
2019], contains over-the-air transmissions captured using 16
USRP X310 transmitters at a fixed distance of 2 feet between
the transmitter and receiver. The raw signals were processed
into sequences of 128 complex-valued I/Q samples to align
with the format of other datasets.

ADS-B: The ADS-B dataset includes 63,105 Automatic
Dependent Surveillance-Broadcast signals captured in open,
real-world environments. Each signal is sampled at a rate
of 50 MHz, containing 3,000 sampling points. This dataset
spans 198 distinct signal classes.

C Experimental Details

C.1 Data Organization

The data partitioning strategy for the datasets RML2016a,
RML2016b, RML2016¢c, RML2018a, RML2022, Wi-Fi, and
ADS-B is as follows:

Selection of Experimental Data: The datasets are first fil-
tered by selecting proportions of the original data:

* RML2016a: 100% of the dataset is used.
e RML2016b: 100% of the dataset is used.
e RML2016¢c: 100% of the dataset is used.
* RML2018a: 25% of the dataset is used.
* RML2022: 25% of the dataset is used.

* Wi-Fi: 10% of the dataset is used.

* ADS-B: 100% of the dataset is used.

Data Splitting: After selection, the data is split into training
(80%), validation (10%), and test (10%) sets.
Pretraining Stage:

e For the RML datasets (RML2016a, RML2016b,
RML2018a), only training samples with SNR > 14 dB
are used for pretraining.

» For the Wi-Fi and ADS-B datasets, all training samples
are used for pretraining.

Fine-Tuning Stage: For fine-tuning, a limited number of
samples are selected from the training set:

* For RML2016a, RML2016b, and RML2016¢ 50 or 100
samples per class per SNR are chosen from the training
set.

¢ For the RML2018a,RML2022 and Wi-Fi dataset, 100
samples per class are selected from the training set.

* For the ADS-B dataset, 10% of the training set is used
for fine-tuning.

Denoise Task: For the denoising task, high-SNR samples
(SNR > 14 dB) from the RML series, Wi-Fi, and ADS-B
datasets were artificially augmented with controlled noise to
simulate noisy data. The denoising models processed these
inputs, and their outputs were evaluated against the clean
samples using the SSIM metric to ensure a standardized and
objective assessment.

C.2 Data Augmentation

Phase Rotation

Phase rotation is performed by rotating the phase of the orig-
inal signal. The process can be mathematically described as:

s'(t) = s(t) - e, (6)

where s(t) is the original signal, € is the rotation angle, j =
v/—1, and §'(t) is the phase-rotated signal. The angle 6 is
typically chosen randomly from the interval [0, 27).

Signal Reverse

Signal reverse enhances the signal by flipping it along the
time axis. The process is defined as:

s'(t) = s(—t), (7)

where s(t) is the original signal, and s’(t) is the reversed sig-
nal. For discrete signals, the operation is expressed as:

s'[n] = s[N — 1 —n], (8)

where N is the total length of the signal, and n is the discrete
time index.

Time Warp

Time warping is a method to enhance signals by altering their
temporal dynamics through nonlinear time axis transforma-
tions. The process is mathematically described as:

s'(t) = s(a(t)), 9)

where s(t) is the original signal, ¢(t) is the time warping
function, and s'(t) is the time-warped signal. The warping
function ¢(¢) must satisfy:

* ¢'(t) > 0 (monotonicity),
* ¢(t) € [0, T], where T is the total duration of the signal.

For discrete signals, the time warping operation is expressed
as:

s'[n] = s[p(n)], (10)

where ¢(n) is the discrete time warping function.

C.3 Maetrics

This section outlines the metrics used to evaluate the denois-
ing and classification tasks. For the classification task, we
utilize Overall Accuracy (OA) and Cohen’s Kappa coeffi-
cient (Kappa), while the Structural Similarity Index Measure
(SSIM) is employed for the denoising and masking task.



Dataset Selection Proportion Train:Val:Test Pretraining Data Fine-Tuning Data

RML16a 100% 80% : 10% : 10% SNR > 14 dB®@ 50 or 100 samples/class/SNR©
RML16b 100% 80% : 10% : 10% SNR > 14 dB@ 50 or 100 samples/class/SNR(C)
RML16¢c  100% 80% : 10% : 10% None 50 or 100 samples/class/SNR©
RML18a 25% 80% : 10% : 10% SNR > 14 dB@ 100 samples/class/SNR©
Wi-Fi 10% 80% : 10% : 10% 5% training data® 100 samples/class®

ADS-B 100% 80% : 10% : 10% 100% training data 10% of training data@

@ For RML datasets, only training data with SNR > 14 dB is used in the pretraining phase.

® For Wi-Fi datasets, all training data are used in the pretraining phase.

© In the fine-tuning phase, 50 or 100 samples are selected per class per SNR for RML datasets and per class for Wi-Fi.
@ For ADS-B, 10% of the training data is used for fine-tuning, while all validation and test data are used.

Table 5: Dataset Selection and Splitting Strategy

Overall Accuracy (OA)
Overall Accuracy (OA) is a widely used metric in classifi-
cation tasks to measure the proportion of correctly classified
samples. It is defined as:

k
Zi:l N5
N

where: n;; is the number of correctly classified samples for
class 7, k is the total number of classes, IV is the total number
of samples.

OA ranges from 0 to 1, where a higher value indicates bet-
ter classification performance.

OA =

Cohen’s Kappa Coefficient (Kappa)

Cohen’s Kappa coefficient is a statistical measure of inter-
rater agreement or classification reliability. It accounts for
the possibility of agreement occurring by chance. Kappa is
defined as:

OA — PE
1-PE’
where: OA is the observed accuracy (as defined above), PE
is the expected agreement by chance, calculated as:

k
PE = Z( AN Zjlnﬁ),

where n;; is the number of samples classified as class 7 when
their true label is class 7.

The value of Kappa ranges from —1 to 1, where Kappa = 1
indicates perfect agreement, Kappa = 0 indicates no agree-
ment beyond chance, Kappa < 0 indicates disagreement
worse than chance.

Kappa =

Structural Similarity Index (SSIM)
The Structural Similarity Index (SSIM) is a perceptual met-
ric used to measure the similarity between two images. It is
particularly designed to evaluate the quality of denoised or
reconstructed images by comparing them with their original
counterparts.

The SSIM between two signals, x and y, is defined as:

(2pz 1y + C1)(204y + Ca)
(12 + p2 + C1) (02 + 02 + Co)’

where: - fi; and {4y are the mean values of x and y, respec-
tively. - 02 and a are the variances of = and y, respectively. -
Ogy 18 the covanance between x and y. - C and C are small
constants to stabilize the division, defined as:

Cy = (K1L)*, Co= (KoL),

where L is the dynamic range of the pixel values, and
K1, Ky < 1 are constants.
The SSIM value ranges from —1 to 1, where a value closer
to 1 indicates higher similarity between the two signals.
These metrics provide a comprehensive evaluation for both
the denoising and classification tasks, ensuring the reliability
and quality of the results.

SSIM(z, y) =

D Model Analysis

D.1 Q&A Analysis on Applying LLMs to Radio
Signal Feature Extraction

The application of large language models (LLMs) to radio
signal feature extraction is an emerging research direction
that combines advancements in natural language processing
(NLP) with signal processing techniques. Below is a detailed
analysis of the challenges, advantages, and considerations in-
volved in this novel approach.

1. Why Use LLMs for Radio Signal Feature Extrac-
tion?

LLMs, such as GPT-2, BERT, and LLaMA, are designed
to handle sequence data, making them versatile for tasks be-
yond textual data. Radio signals can also be represented as se-
quences (e.g., time-domain waveforms or frequency-domain
representations). LL.Ms can be adapted to radio signal feature
extraction due to their ability to capture long-range dependen-
cies and complex patterns, which are crucial for analyzing
radio signals.

Advantages:

1. Sequence Modeling: LLMs excel at processing sequen-
tial data, which aligns well with the inherent sequential
nature of radio signals.



2. Contextual Understanding: LLMs can learn contextual
relationships in signal features, such as frequency bands,
modulation types, and time-domain patterns.

3. Transfer Learning: Pretrained LLMs on large datasets
(e.g., self-supervised learning) can be fine-tuned for ra-
dio signal tasks with limited labeled data, reducing the
need for large-scale datasets.

4. Robustness to Noise: LLMs can learn to generalize
across noisy data, making them effective for real-world
radio environments, where interference and noise are
common.

Example Applications:

1. Modulation Recognition: Automatically identifying
modulation schemes (e.g., AM, FM, QPSK) from sig-
nal data.

2. Spectrum Analysis: Extracting and classifying spectral
features for interference detection or signal identifica-
tion.

3. Signal Detection: Identifying weak signals buried in
noise or interference using learned patterns.

2. Key Challenges in Applying LLMs to Radio Signals

Applying large language models (LLMs) to radio signal
processing presents several unique challenges stemming from
the fundamental differences between radio signals and text
data. One of the primary difficulties lies in representing radio
signals in a format compatible with LLMs. Common repre-
sentations include raw IQ (In-phase and Quadrature) samples,
which are complex-valued time-domain data; spectrograms,
which transform signals into time-frequency representations;
and feature vectors, which capture extracted characteristics
like spectral peaks or bandwidth. Selecting the most suitable
representation is critical, as it directly impacts how well the
LLM can learn and process the signal’s key features.

Another challenge is the high dimensionality of radio sig-
nals compared to text. High-bandwidth signals or long ob-
servation windows can result in sequences that are far longer
than those typically encountered in NLP tasks. Feeding such
long sequences into LLMs can significantly increase compu-
tational costs and memory requirements. Additionally, re-
ducing the sequence length through downsampling or trun-
cation risks the loss of essential information, which may de-
grade performance on tasks such as modulation recognition
or spectrum analysis. This trade-off between computational
efficiency and information retention is a key limitation when
applying LLMs directly to raw signal data.

Finally, radio signals possess unique features that LLMs
are not inherently designed to handle. For example, phase and
amplitude relationships are critical for understanding mod-
ulation schemes but are not explicitly modeled in standard
LLM architectures. Real-world radio environments also in-
troduce noise and interference, which can act as adversarial
inputs, further complicating the extraction of meaningful fea-
tures. Moreover, the scarcity of large-scale, labeled radio sig-
nal datasets limits the ability to train or fine-tune LLMs effec-
tively, unlike in NLP, where massive text corpora are readily
available. These challenges highlight the need for specialized
adaptations in data representation, model design, and training

strategies to fully leverage the potential of LLMs for radio
signal feature extraction.

LLM goes beyond dialogue: the potential of signal
feature extraction

LLMs have traditionally been associated with natural lan-
guage processing tasks, such as dialogue generation and text
understanding. However, their versatility extends far beyond
these applications. Recent advancements demonstrate that
LLMs can be effectively applied to domains outside of text,
including signal feature extraction, where they leverage their
contextual understanding capabilities to identify patterns and
relationships in complex datasets.

In the context of the RadioLLM framework, LLMs can
process signal-related data by treating it as a sequence of
features analogous to text tokens. This perspective enables
models such as GPT-2, BERT, and LLaMA3 to extract mean-
ingful features from signals, classify them, and even infer
signal properties that are challenging to detect using tradi-
tional machine learning methods. For example, by training on
domain-specific embeddings, LLMs can identify nuanced re-
lationships between signal amplitude, frequency components,
and modulation patterns, which are critical for tasks like sig-
nal classification or interference detection.

The potential of LLMs in signal processing is further en-
hanced by their scalability and ability to learn from large
datasets. Unlike conventional methods, which often rely on
handcrafted features, LLMs can automatically learn hierar-
chical representations, reducing the need for manual feature
engineering. This makes them particularly well-suited for
dynamic environments, where signals can vary significantly
over time or across contexts. However, challenges such as
high computational costs, long inference times, and the need
for domain-specific fine-tuning remain barriers to widespread
adoption.

Future research could explore how lightweight LLM archi-
tectures, such as distilled or quantized models, can be opti-
mized for real-time signal processing tasks without sacrific-
ing accuracy. Additionally, hybrid approaches that combine
LLMs with traditional signal processing techniques could un-
lock new possibilities for efficient and robust feature extrac-
tion. This illustrates that the utility of LLMs extends far be-
yond dialogue systems, paving the way for innovative appli-
cations in signal analysis and beyond.

Advancing CRT: How Radiollm Differs from Prior Work

RadioLLM represents a significant leap in cognitive radio
technology (CRT), standing apart from prior approaches
through its innovative design and comprehensive capabili-
ties. Unlike traditional models that typically focus on a single
task or rely on limited datasets, RadioLLM employs a hybrid
and diverse dataset for pre-training, enabling it to capture a
broader spectrum of signal features. This hybrid dataset in-
corporates a variety of signal types and conditions, allowing
the model to generalize effectively across multiple scenarios.

Moreover, RadioLLM distinguishes itself by addressing
multiple downstream tasks—classification, imputation, and
denoising—within a unified framework. This all-in-one capa-
bility reduces the need for task-specific models, streamlining



the signal processing pipeline while maintaining high perfor-
mance across tasks. By leveraging the powerful feature ex-
traction capabilities of pre-trained large language models, Ra-
dioLLM bridges the gap between linguistic intelligence and
radio signal processing, offering a versatile solution for com-
plex signal environments.

Through this novel approach, RadioLLM not only ad-
vances CRT but also establishes a new benchmark for multi-
task adaptability and efficiency in the field.
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