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Abstract

Recent breakthroughs in natural language processing show that attention mech-
anism in Transformer networks, trained via masked-token prediction, enables
models to capture the semantic context of the tokens and internalize the grammar
of language. While the application of Transformers to communication systems
is a burgeoning field, the notion of context within physical waveforms remains
under-explored. This paper addresses that gap by re-examining inter-symbol con-
tribution (ISC) caused by pulse-shaping overlap. Rather than treating ISC as a
nuisance, we view it as a deterministic source of contextual information embedded
in oversampled complex baseband signals. We propose Masked Symbol Model-
ing (MSM), a framework for the physical (PHY) layer inspired by Bidirectional
Encoder Representations from Transformers methodology. In MSM, a subset
of symbol-aligned samples is randomly masked, and a Transformer predicts the
missing symbol identifiers using the surrounding “in-between” samples. Through
this objective, the model learns the latent syntax of complex baseband waveforms.
We illustrate MSM’s potential by applying it to the task of demodulating sig-
nals corrupted by impulsive noise, where the model infers corrupted segments by
leveraging the learned context. Our results suggest a path toward receivers that
interpret, rather than merely detect communication signals, opening new avenues
for context-aware PHY layer design.

1 Introduction

The success of large language models (LLMs) in natural language processing (NLP) is largely
attributed to the Transformer architecture [1]. Its attention mechanism enables models to capture
long-range dependencies and understand the semantic context in which words appear. This paradigm
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has fueled successful applications in diverse fields [2–4], including communication systems [5–8].
However, while Transformers are increasingly used to solve complicated communication problems,
the fundamental notion of context within physical waveforms remains largely unexplored. This paper
aims to bridge that gap.

The overlap between adjacent pulses, inherent in pulse-shaping, embeds a predictable structure in
the oversampled baseband signal. Each sample, therefore, contains information not only about its
primary symbol but also about its neighbors, creating what we term inter-symbol contributions (ISCs).
In oversampled systems, ISCs have typically been harnessed within equalization methods, but their
broader potential remains under-explored. We reframe them instead as a deterministic source of
information that a sophisticated model can exploit to learn contextual representations.

To exploit this structure, we introduce Masked Symbol Modeling (MSM), a self-supervised, Bidi-
rectional Encoder Representations from Transformers (BERT)-style [9] framework designed for the
physical (PHY) layer. MSM trains a Transformer to predict randomly masked symbols by analyzing
the surrounding unmasked waveform samples. Through this objective, the model learns to internalize
the underlying structure of pulse-shaped signals, moving beyond simple detection towards a more
comprehensive interpretation of the waveform.

Our main contributions are as follows:

• We introduce MSM, a novel framework for learning representations of oversampled complex-
valued baseband signals by treating ISC as a source of contextual information.

• We demonstrate the practical utility of MSM by applying it to symbol prediction under
impulsive noise (e.g., Middleton Class-A [10, 11]), where the model leverages learned
context to recover corrupted symbols.

Our results suggest a path toward receivers that interpret, rather than merely detect, communication
signals, opening new avenues for designing intelligent and context-aware PHY layer.

The rest of the paper is organized as follows: Section 2 introduces the signal and noise model used in
this work. Section 3 presents the proposed MSM framework and its architectural details. Section 4
describes the experimental setup and presents our results. Section 5 concludes the paper and discusses
future directions.

2 Preliminaries

2.1 Digital Communication Basics

Let {x[k]} ∈ CN be a symbol sequence, drawn from a modulation set M, and g(t) the pulse shaping
filter. The continuous-time baseband signal can be expressed as [12]

s(t) =

N−1∑
k=0

x[k] · g(t− kT ), (1)

where T is the symbol duration. Sampling at L samples per symbol (SPS) produces the corresponding
discrete-time baseband signal

s[n] = s(nTs) =

N−1∑
k=0

x[k] · g(nTs − kT ), (2)

where Ts =
T
L .

2.2 Noise Model

A widely used impulsive-noise model is Middleton Class-A. The probability density function (PDF)
of a real-valued noise sample ni is an infinite mixture of Gaussian distributions with the mixture
weights following a Poisson distribution [13–15]:

f(ni) =

∞∑
m=0

Am exp(−A)

m!

1

σm

√
2π

exp
(
− n2

i

2σ2
m

)
, (3)
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where m ∼ Poisson(A), ni|m ∼ N (0, σ2
m) with σ2

m = σ2
g

(
m
AΓ + 1

)
,Γ =

σ2
g

σ2
I

. Here σ2
g is the

background Gaussian noise power, σ2
I is the impulsive-noise power, and the mean total power is

σ2
total = σ2

g + σ2
I . For complex baseband, apply the real-valued model independently to I/Q, yielding

a circularly symmetric complex process.

3 Methodology

This work investigates how the deterministic structure introduced by pulse shaping can be exploited
to learn meaningful representations of communication signals. In particular, we hypothesize that the
ISC arising from pulse shaping introduces a form of contextual dependency between samples that
can be effectively modeled using attention-based architectures. Fig. 1 illustrates how overlapping
symbol contributions create such structured sample-level context.

Figure 1: Visualization of ISC introduced by pulse shaping. Each colored segment represents the
contribution of a distinct symbol to the overall waveform. Due to pulse overlap, each sample contains
information from multiple adjacent symbols, creating structured context that can be exploited.

We adopt a BERT-style training framework with a Transformer neural network (NN). The model input
is a sequence of complex-valued baseband symbols, which are mapped to oversampled time-domain
waveforms using pulse shaping filters. During training, 15% of the symbols are randomly masked
by setting their corresponding sample spans to zero. A discrete vocabulary assigns a unique symbol
identifier (ID) to each distinct constellation point across all considered modulations. The model is
trained to predict the correct ID for each masked symbol using only surrounding unmasked samples,
thereby internalizing the contextual structure imposed by pulse shaping and ISC (Fig. 2).
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Figure 2: Conceptual diagram of end-to-end MSM architecture.
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While the primary objective is to study the contextual properties of pulse-shaped signals, we addition-
ally demonstrate the utility of the model by applying it to recover symbols corrupted by impulsive
noise.

3.1 Training and Inference Signals

For training, the model uses the non-impaired basebands signal s[n] as defined in Sec. 3.1. At
inference, we evaluate the model on signals corrupted by additive Middleton Class-A noise, z[n],
resulting in the received signal:

y[n] = s[n] + z[n], z[n] ∼ Middleton Class-A(A,Γ). (4)

Table 1: Dataset description.

Description Range

Modulation types {BPSK, QPSK, PSK8, PSK16, QAM4, QAM16, QAM64, QAM256}
Symbol rate (symbols/s) 1
SPS 8
Filter span (symbols) {10, 12, 14, 16}
Roll-off factor {0.25, 0.35, 0.45, 0.55, 0.65, 0.75}

3.2 Data Generation Pipeline

Waveforms are generated on-the-fly using a modular NumPy/PyTorch pipeline. For each example, a
modulation scheme is sampled, symbols are drawn uniformly from the corresponding constellation,
and mapped to I/Q components. These symbols are represented as two real-valued arrays (I and
Q) rather than a single complex array. Each branch is pulse-shaped with a raised cosine (RC) finite
impulse response (FIR) filter, with span and roll-off uniformly sampled from Table 1. Waveforms
are normalized to unit power, with SPS fixed at 8 to ensure 1024-sample inputs for the Transformer.
Each waveform is paired with a target sequence corresponding to correct symbol IDs for supervised
training. These symbol sequences serve as the ground-truth labels for masked positions during training.
Training uses only non-impaired waveforms. At inference, impulsive noise can be optionally added
using a Middleton Class-A noise model in a fully vectorized implementation. Code is available at the
following repository: https://github.com/OguzBedir/Masked_Symbol_Modeling.git.

3.3 System Model

Each training waveform passes through a masking module that zeros the samples of a random 15%
of symbols. The masked signal is processed by the Masked Symbol Transformer, which maps
the two input channels to a 512−dimensional embedding via a learnable 1D projection layer, adds
fixed sinusoidal positional encoding, and applies six Reformer blocks with locality-sensitive hashing
(LSH) attention (bucket size 64, four hashes), shared weights, and reversible layers for memory
efficiency. For each masked symbol, embeddings over its sample span are mean-pooled and passed to
a linear classifier mapping R512 → RV , where V = 272 is the vocabulary size. Loss is computed
with cross-entropy only over masked symbols, with inverse-frequency weighting to mitigate class
imbalance.

3.4 Training Setup

Training is fully self-supervised, using an on-the-fly IterableDataset. No external datasets or
pre-recorded signals are used. Optimization uses Adam (10−3 learning rate) on all parameters jointly.
Experiments are run on a single NVIDIA A100 for 24 hours, corresponding to 37,551 training steps,
with a batch size of 64. As data are generated procedurally, there is no notion of epochs.

4

https://github.com/OguzBedir/Masked_Symbol_Modeling.git


4 Experimental Setup & Results

We evaluate MSM for predicting symbols affected by impulsive noise, demonstrating its utility
in a representative application. All experiments use the same base waveform configuration as in
training: each waveform has 8 SPS, a filter span (in symbols) and a roll-off factor uniformly sampled
from the corresponding values listed in Table 1. Each waveform consists of 1024 samples, and is
trimmed to remove leading and trailing transients introduced by filter delays, ensuring alignment
between pulse-shaped waveforms and symbol boundaries, identical to the training configuration. The
embedding dimension is fixed at 512. To ensure statistical reliability and avoid favorable outcomes
due to random initialization, all experiments in this section are repeated with three different random
seeds, and the average performance is reported. For each seed, the simulation is run on at least 10,000
target symbols.

We first evaluate MSM on non-impaired signals, under conditions identical to those used in training:
15% of the symbols per waveform are randomly masked, and the model predicts the corresponding
symbol IDs. Results are reported separately for each modulation scheme, as well as for a “mixed”
setting in which the modulation scheme is sampled uniformly at random from Table 1. Each waveform
contains 128 symbols, and inference is performed in batches of 64 waveforms. With 15% masking,
this yields 19 masked symbols per waveform, or 1,216 prediction targets per batch. Nine batches are
processed per seed, resulting in 10,944 predictions. As expected, the model achieves higher accuracy
on simpler modulation formats, with performance remaining stable across most schemes as shown in
Fig. 3. Notable deviations occur for Binary Phase-Shift Keying (BPSK) and Quadrature Amplitude
Modulation (QAM)-256, where accuracy is significantly higher or lower, respectively, due to the
extreme simplicity or complexity of their constellations.

Figure 3: Symbol Error Rate (SER) for different modulation schemes at infinite Signal-to-Noise
Ratio (SNR) (i.e., non-impaired signals).

To assess utility under impairments, we evaluate the model on waveforms impaired by Middleton
Class-A impulsive noise. The fully corrupted waveform is not fed directly to the model; instead,
symbols affected by impulsive noise are identified, and their corresponding waveform segments are
masked, as illustrated in Fig. 2, while unaffected segments are left unchanged. The model is then
tasked with recovering the symbol IDs at these masked positions using contextual information from
surrounding unmasked samples.

This evaluation represents a semi-synthetic impairment scenario, designed to isolate the model’s
ability to exploit contextual structure rather than to assess robustness against widespread noise. We
use Γ ∈ {10−3, 10−6} [14] to ensure that the Gaussian background noise component is insignificant
and that the impairment is dominated by impulsive noise. For both cases in Fig. 4, the impulsive
index is set to A = − ln(0.85)

L

∣∣
L=8

corresponding to an average symbol-hit rate of 15%.

Since the noise generation process is modeled faithfully according to the Middleton Class-A dis-
tribution, it remains inherently stochastic. Consequently, achieving exactly 15% symbol hits is not
possible unless (i) high-cost rejection sampling is applied, or (ii) a direct symbol-selection approach
is used, which would violate proper statistical noise modeling. The derivation of the chosen A value
and the computation of its confidence interval are provided in Appendix A.1.
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(a) SER under strong impulsive noise (Γ = 10−6). (b) SER under moderate impulsive noise (Γ = 10−3).

Figure 4: Symbol Error Rate (SER) of the proposed model under Middleton Class-A noise for two Γ
values with A set for an average 15% symbol-hit rate.

In the configuration shown in Fig. 4a, the Gaussian-to-impulsive noise ratio Γ is so small that the
Gaussian component is effectively negligible; and impulsive bursts dominate the Signal-to-Noise
Ratio (SNR). Because the masking removes affected symbols and Gaussian noise power is minimal,
performance remains nearly constant across SNR values.

The behavior differs in Fig. 4b, where Γ is larger and the Gaussian component is no longer negligible.
In the low-SNR regime, Gaussian noise significantly degrades performance, even after masking
impulsive noise–affected symbols. As the SNR increases, the influence of the Gaussian component
diminishes, and performance stabilizes; similar to that observed in the first configuration.

5 Conclusion

This work investigates how the deterministic contextual structure introduced by pulse shaping can be
exploited for symbol inference. We demonstrate that Transformer networks, through their attention
mechanism, can leverage this structured context to predict symbol IDs from surrounding “in-between”
samples. The results support our central hypothesis that it is possible to design receivers that go
beyond conventional symbol detection and instead interpret the transmitted waveform structure to
recover information. This capability may enhance error correction and other downstream tasks. While
promising, the findings are preliminary and require systematic ablation to fully understand trade-offs
and limitations.

A key direction for improvement is refining the input representation. In our current setup, the model
processes signals in their native R2 form, with separate I and Q channels. An alternative is to
quantize the amplitudes and define the vocabulary over quantization-level pairs (I,Q), assigning a
distinct embedding vector to each pair, including a dedicated “mask” embedding. All embeddings,
including the mask, would be initialized randomly and learned during training, enabling the model
to develop richer, semantically meaningful representations. When trained across diverse signal
and channel conditions, these embeddings could encode both intrinsic waveform properties and
channel characteristics. Such changes would make the framework more faithful to the original BERT
formulation and could remove the need for the current input projection layer.

Learning the mask embedding would encourage a more expressive latent space, enabling operation
under more challenging conditions. Explicit masking at inference, used in our current setup, may
then be unnecessary, as the model could process unmasked waveforms directly while retaining
performance. Another direction is shifting from symbol-level to sample-level prediction, potentially
improving contextual modeling and robustness.

Future ablations should examine: (i) embedding dimension, (ii) Transformer depth, attention heads,
and encoder/decoder variants, and (iii) masking strategies, including percentage and learned versus
fixed mask embeddings, and (iv) a comparison with alternative deep learning architectures that do not
use an attention mechanism to determine whether attention provides substantial gains in leveraging
signal context. These studies will clarify how representation, architecture, and masking interact,
guiding broader applicability to diverse and challenging channels.
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A Impulsive Index: Calibration and Concentration

A.1 Calibrating the Impulsive Index

Let {m[n]}N−1
n=0 denote the per-sample impulsive counts in the Middleton Class-A model, with

m[n]
i.i.d.∼ Poisson(A). A sample is affected by impulsive noise iff m[n] > 0, which occurs with

probability
psample ≜ P(m[n] > 0) = 1− e−A. (5)

Let K ≜ N/L be the number of symbols in a waveform. For each symbol index i ∈ {0, . . . ,K − 1},
define the sample index set Ii ≜ {i · L, i · L+ 1, . . . , (i+ 1) · L− 1}. A symbol is affected iff at
least one of its L samples is affected. By independence across samples,

psym ≜ P(1{∃n ∈ Ii : m[n] > 0} = 1) = 1− P(m[n] = 0, ∀n ∈ Ii) (6)

= 1− (1− psample)
L = 1− e−A·L.

Since 1{∃n ∈ Ii : m[n] > 0} are independent and identically distributed (i.i.d) across disjoint
symbols, the number of affected symbols

S ≜
K−1∑
i=0

1{∃n ∈ Ii : m[n] > 0} ∼ Binomial
(
K, psym

)
, (7)

which yields E
[
S
K

]
= psym.

Targeting a desired symbol-hit rate. To target an average fraction p⋆ = 0.15 of affected symbols
per waveform, set psym = p⋆ and solve for A:

A⋆ = − 1

L
ln(1− p⋆) =

− ln(0.85)

L
. (8)

This calibration ensures E[S/K] = p⋆. Because S is binomial, the realized fraction p̂ = S/K fluctu-
ates around p⋆ for finite K; achieving exactly 15% per waveform is impossible without additional
(and statistically distorting) conditioning such as rejection sampling or direct symbol selection.

A.2 Concentration of the Empirical Affected-Symbol Ratio

Let p ≜ psym. For any ϵ ∈
(
0,min{p, 1− p}

)
, a standard two-sided Chernoff bound for Bernoulli

means [16] gives
P (|p̂− p| ≥ ϵ) ≤ 2 exp

(
−KDKL(p+ ϵ∥p)

)
, (9)

where, for q, p ∈ (0, 1), the binary Kullback–Leibler divergence (KL) divergence is

DKL(q ∥ p) = q ln
q

p
+ (1− q) ln

1− q

1− p
. (10)

There is no closed-form inverse for ϵ as a function of the tail probability δ, but for small ϵ a quadratic
expansion yields [17]

DKL(p+ ϵ ∥ p) ≈ ϵ2

2 p(1− p)
=⇒ ϵ ≈

√
2 p(1− p)

K
ln

(
2
δ

)
. (11)

With δ = 0.05, p = 0.15, and K = 128, this gives ϵ ≈ 0.085726, i.e.,

p̂ ∈
[
p− ϵ, p+ ϵ

]
≈ [0.064274, 0.235726], (12)

with probability at least 95%.
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