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Abstract—In this paper, we consider the ChannelComp frame-
work, where multiple transmitters aim to compute a function of
their values at a common receiver while using digital modulations
over a multiple access channel. ChannelComp provides a general
framework for computation by designing digital constellations
for over-the-air computation. Currently, ChannelComp uses a
symbol-level encoding. However, encoding repeated transmissions
of the same symbol and performing the function computation
using the corresponding received sequence may significantly
improve the computation performance and reduce the encoding
complexity. In this paper, we propose a new scheme where each
transmitter repeats the transmission of the same symbol over
multiple time slots while encoding such repetitions and designing
constellation diagrams to minimize computational errors. We
formally model such a scheme by an optimization problem,
whose solution jointly identifies the constellation diagram and
the repetition code. We call the proposed scheme Repetition for
Multiple Access Computing (ReMAC). To manage the compu-
tational complexity of the optimization, we divide it into two
tractable subproblems. We verify the performance of ReMAC
by numerical experiments. The simulation results reveal that
ReMAC can reduce the computation error in noisy and fading
channels by approximately up to 7.5 dB compared to standard
ChannelComp, particularly for product functions.

Index Terms—Over-the-air computation, channel coding, dig-
ital communication, digital modulation

I. INTRODUCTION

The next generation wireless technology, 6G, promises to
give rise to numerous intelligent services via the edge network,
utilizing distributed learning, data sensing, and analytics [2].
The enhanced capabilities of 6G will support massive connec-
tivity, extremely low latency and high energy efficiency, ultra-
reliable transmission [3] for Internet of Things applications,
spanning smart homes and cities to industrial automation and
healthcare systems [4]. In practice, tasks requiring functional
computation result from distributed data, such as environment
monitoring, autonomous control, and model updates, high-
lighting the demand for efficient communication protocols
for data aggregation and computation [5], [6]. The current
multi-access protocols are based on the orthogonal resource
allocation among each device, which is resource-inefficient
and unscalable [7]. To address the challenge, a low latency
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non-orthogonal communication protocol called over-the-air
computation (AirComp) [8], [9] is a promising joint commu-
nication and computation solution.

The primary concept of AirComp is to leverage the wave-
form superposition property from the transmitted data of
distributed nodes for function computation [10]. This results
in higher spectral efficiency and lower communication latency
than conventional multiple-access schemes [11]. Additionally,
AirComp exhibits scalability and adaptability to changing
network conditions, making it well-suited for various network
architectures, including multi-cell, hierarchical, and decentral-
ized networks [4]. Moreover, it has been proven that AirComp
helps support large-scale inference and learning tasks, particu-
larly in communication-efficient federated learning [12]–[14].

The previously discussed works predominantly assumed
analog modulations, thereby limiting the practical applicability
of AirComp due to the rare support of such modulations
in current wireless devices. Moreover, the lack of channel
coding in analog communication hinders the requirement of
highly reliable communication schemes. To overcome the
AirComp dependency on analog communications, a gen-
eralized communication-for-computation framework, termed
ChannelComp [15], has been introduced. This framework
facilitates executing arbitrary finite functions over the mul-
tiple access computing (MAC) using digital modulations.
The ChannelComp designs the digital modulation in such a
way as to make it possible to compute any function over-
the-air. In fact, it extends the potential applications beyond
the summation or nomographic operations supported by the
traditional AirComp method.

This paper presents a novel coding scheme for the Chan-
nelComp framework that preserves ChannelComp’s generality
in computing functions over the air and provides a highly re-
liable communication scheme. We use transmission repetition
together with coded repetition and modulation design over
multiple communication resources to perform computation.

A. Literature Review

The problem of computing linear functions over a multiple-
access channel has been first studied in [16], [17], where
a computation coding scheme has been developed for dis-
tributed computation. In [18], [19], the computation capacity
of AirComp has been extended to a class of functions known
as nomographic functions, which possess a structure that
leverages the interference property of AirComp. AirComp
has gained popularity in different disciplines, such as signal
processing [20]–[22], power management [23], and privacy
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preservation [24], thanks to its simplicity in scaling and
reducing the complexity of encoding and decoding opera-
tions [25]. Nevertheless, since the signals are directly trans-
mitted over wireless channels without encoding, AirComp
uses analog modulations and thus lacks robust mechanisms to
counteract noise, which leads to increased computation errors
and decreased reliability [26], [27]. Moreover, AirComp is
incompatible with the predominantly digital infrastructure of
current wireless systems.

To address these challenges, there is rising interest in
designing digital AirComp versions that leverage advanced
source and channel coding capabilities [14], [28]. One of the
earliest attempts involves implementing signSGD for feder-
ated learning problems [29]. Additionally, variants such as
the phase asynchronous OFDM-based OBDA [30] and non-
coherent communication solutions for AirComp [26], [31]
have been proposed. Furthermore, targeting federated edge
learning, in [32], vector quantization has been employed to
reduce uplink communication overhead using shared quan-
tization and modulation codebooks. These studies mainly
focus on particular machine learning training processes (e.g.,
signSGD [33]), working with few transmitters or assuming
that the number of transmitting devices is much smaller than
the codebook size.

Recent studies have introduced a digital channel computing
framework called ChannelComp [15], [34], [35], providing a
general framework for performing function computation over
the MAC. ChannelComp enhances computation accuracy and
system reliability by designing digital modulation to make the
computation of any desired function feasible over the MAC.
Inspired by [35], authors in [36] have presented a framework
featuring digital modulation of each data value integrated with
bit-slicing techniques to allocate its bits to multiple sym-
bols, thereby increasing digital AirComp reliability. Further-
more, [37] has proposed a joint design of channel coding and
digital modulation for digital AirComp transmission, reducing
complexity by transforming digital AirComp into an ordinary
point-to-point system and adopting standard channel coding
schemes such as non-binary low-density parity-check code.

However, these codes are often restricted to digital mod-
ulation formats, such as quadrature amplitude modulation
(QAM), and to computing nomographic functions [35]. Con-
sequently, they may not generalize well to more complex mod-
ulation schemes or arbitrary classes of functions as proposed
in ChannelComp [15].

B. Contribution
This paper proposes a novel and general scheme for com-

puting functions over the MAC, termed Repetition for Multi-
ple Access Computing (ReMAC). Inspired by ChannelComp,
ReMAC jointly designs digital modulations and channel codes
of repeated symbol sequences over multiple time slots. More
specifically, for the transmission, we consider modulation and
channel encoders, where the modulation encoder maps the
input value to the constellation diagram of the modulation,
and the channel encoder selects the constellation points over
multiple time slots. We provide the conditions to avoid de-
structive overlaps among the constellation points, which allows

TABLE I
REFERENCE LIST OF COMMONLY USED VARIABLES IN THIS PAPER.

Variable Definition
f Desired function
K Number of nodes
Q Number of quantization levels
L Number of time slots
xk Input value of node k
c̃k,ℓ Channel code of node k at time slot ℓ
x⃗k Modulated signal of node k

Ek(·) Modulation encoder of node k
Ck(·) Channel encoder of node k
T (·) Tabular mapping
hk,ℓ Channel coefficient between node k and CP at time slot ℓ
pk,ℓ Transmit power of node k at time slot ℓ
z⃗ℓ Additive white Gaussian noise at time slot ℓ
s⃗k,ℓ Transmitted signal by node k at time slot ℓ
y⃗ℓ Received signal by the CP at time slot ℓ

us to perform a valid function computation at the receiver.
Then, we jointly design modulation and channel encoders
through an optimization problem that ensures a valid function
computation across the consecutive time slots. Due to the non-
convex and NP-hard nature, the problem is relaxed, and an
approximate solution is developed by alternating minimization
to obtain modulation and channel encoders. We provide the
convergence analysis and the optimality gap for the proposed
approximate solution method. Finally, we evaluate the relia-
bility performance of ReMAC via comprehensive simulation
results. Particularly, our contributions are listed below:

• Reliable communication: We introduce ReMAC, a novel
approach that combines repeated transmission scheme
that extends the ChannelComp framework. By selectively
transmitting repeated modulated symbols over multiple
time slots, ReMAC aims to enable computation over the
MAC by digital communications. This method leverages
coded repetition to introduce redundancy into the trans-
missions, thereby reducing computation errors.

• Joint modulation and coded repetition design: We es-
tablish the necessary conditions for valid function compu-
tation, resulting in a non-convex optimization problem for
designing the constellation points of digital modulation
and their allocation across multiple time slots. Given the
NP-hard nature of this problem, we propose a strategy
to manage its complexity. Specifically, we decompose
the problem into two subproblems and apply convex
approximations. Then, the resulting problem is solved
using an alternating minimization approach.

• Theoretical analysis: We present the convergence rate
for the proposed alternating minimization approach of
ReMAC. Our analysis demonstrates that the optimality
gap between the obtained approximate solution and the
true optimal solution depends on the number of con-
straints in the original optimization problem and the ini-
tial values of the optimization variables. Additionally, we
prove that ReMAC can achieve the first-order stationary
point of the primal optimization problem for the joint
design of modulation and coded repetition.

• Numerical experiments: We provide comprehensive nu-
merical experiments to validate the computation per-



3

x⃗1

p1,1

p1,L

···

... ... ...

h1,L

h1,2

h1,1

hK,L

T (·)
f (x1, . . . , xK)

p1,2

pK,L

pK,2

pK,1···

...

hK,1

hK,2

x⃗K

xK
EK(·)

x1
E1(·)

CK(·)

C1(·)

z⃗1

z⃗2

z⃗L

···

y⃗L

y⃗2

y⃗1

······

······

· · · · · ·

· · · · · ·

· · · · · ·

······
· · · · · ·

· · · · · ·

······
· · · · · ·

· · · · · ·

······
· · · · · ·

Ti
m
e c̃1,L

...
c̃1,2

c̃1,1

c̃K,L
...

c̃K,2

c̃K,1

Ti
m
e

Figure 1. The overall communication architecture of ReMAC. The input value xk at node k is digitally modulated to x⃗k and scheduled for transmission at
time slots c̃k,ℓ. The CP receives y⃗ℓ =

∑K
k=1 hk,ℓpk,ℓx⃗k · c̃k,ℓ + z⃗ℓ in each time slot ℓ ∈ [L]. Here, z⃗ℓ represents the additive white Gaussian noise over

time slot ℓ. The variable hk,ℓ denotes the channel coefficient between node k and the CP during time slot ℓ, while pk,ℓ indicates the transmit power of node
k for that time slot. Finally, the tabular function T (y⃗1, . . . , y⃗L) maps the sequence of y⃗1, . . . , y⃗L into the output value of the function f .

formance of ReMAC over noisy and fading channels.
Simulation results reveal that, even in the presence of
fading, ReMAC can effectively reduce the computation
errors by up to approximately 7.5 dB compared to the
ChannelComp framework, particularly for the product
function.

C. Organization of the Paper

The paper is organized as follows: In Section II, we provide
an overview of the system model and explain the overlaps of
constellation points. Then, we propose the problem of jointly
designing and selecting digital modulation formats in Sec-
tion III. Moreover, we provide the theoretical guarantees re-
garding the proposed alternating algorithm in Subsection III-B.
In Section IV, we present the results of numerical experiments,
comparing our proposed ReMAC with ChannelComp and
digital AirComp. Finally, in Section V, we conclude the paper
and outline potential directions for future research.

II. SYSTEM MODEL

A. Signal Model

Consider a network with K single antenna nodes and a
server called CP, where all the nodes communicate with the
CP over a shared channel. Let xk ∈ FQ be the value owned
by node k, where FQ is a finite field with Q unique values,
referred to as the quantization level. Note that we consider
xk to be quantized using b-bit, in which b = log (Q), and all
the values are stored and processed in digital format. Given
x1, . . . , xK at the nodes, the network’s main goal is to compute
function f(x1, . . . , xK) : FQ 7→ FQ′ over the MAC with
L time slots. To this end, the value xk is converted into
a digital modulation signal in the complex domain using a
modulation encoder Ek(·) : FQ 7→ C, i.e., x⃗k = Ek(xk) ∈ C.
In parallel, the quantized values are selectively retransmitted
across L consecutive time slots, each processed by a channel

encoder denoted as C : FQ 7→ FL
2 . The generated L-length

binary sequence c̃k = Ck(xk) ∈ {0, 1}L indicates the specific
time slots to which xk is allocated. Afterward, all K nodes
simultaneously transmit the modulated symbols x⃗k within the
assigned time slots, and the CP receives the superimposed
signal as each time slot by.

y⃗ℓ =
∑K

k=1
hk,ℓpk,ℓx⃗k · c̃k,ℓ + z⃗ℓ, ∀ ℓ ∈ [L], (1)

where c̃k,ℓ denotes the ℓ-th entry of vector c̃k. Moreover, hk,ℓ
denotes the channel coefficient between node k and CP at time
slot ℓ, and z⃗ℓ represents the additive white Gaussian noise at
time slot ℓ 1. With perfect channel state information (CSI) and
employing an optimal power control policy [38], the transmit
power of node k at time slot ℓ is determined as the inverse
of the channel coefficient, denoted as pk,ℓ = h∗k,ℓ/|hk,ℓ|2.
Consequently, Eq. (1) can be rewritten as follows.

y⃗ℓ =
∑K

k=1
s⃗k,ℓ + ⃗̃zℓ, ∀ ℓ ∈ [L], (2)

where ⃗̃zℓ ∼ N (0, σ2
z) involves the error that results from the

imperfect channel compensation together with the receiving
noise [39]. Also, s⃗k,ℓ := x⃗k · c̃k,ℓ represents the digitally
modulated symbol transmitted at time slot ℓ by node k.

Note that, due to the digital modulation formats, each
transmitted signal s⃗k,ℓ is constrained to a finite set of constel-
lation points; therefore, the received signal y⃗ℓ yields a finite
constellation diagram (ignoring the effect of the noise ⃗̃zℓ). To
compute the desired function f from the received sequence of
y := [y⃗1, . . . , y⃗L], the CP can apply a tabular mapping T to the
sequence of constellation points to obtain the function output
value, as long as such received sequence can be uniquely
associated to the function’s output. The complete process of
ReMAC is depicted in Figure 1.

1Note that the channels between the nodes and the CP are assumed to
be block-fading and remain unchanged within every time slot. The signals
transmitted over-the-air experience additive white Gaussian noise.
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Figure 2. Computation conflicts arise when each node transmits the same signals in both time slots, where point 0 corresponds to two different output values,
i.e., {4, 24}. Error-free computation when each node selectively repeats transmissions over two time slots with channel coding can avoid overlapping points
in the constellation diagram at the receiver.

Remark 1. Note that ReMAC assumes a phase-aligned pre-
coded transmission. However, physical system imperfections,
such as carrier frequency offset, synchronization delays, and
hardware-induced phase noise, may introduce precoding er-
rors [9], [40]. To mitigate these errors, techniques such as
pre-equalization can be incorporated to correct waveform
misalignments before transmission, as studied in [41].

In the next subsection, we explain in detail the overlaps
of constellation points and present how to avoid them in
designing the modulation diagram and the channel codes.

B. Overlaps of Constellation Points

In this subsection, we present the necessary and suffi-
cient conditions for computing the function over the MAC
without any destructive overlaps among constellation points
of superimposed transmitted signals. Considering a noiseless
MAC, let x(i)1 , . . . , x

(i)
K and x

(j)
1 , . . . , x

(j)
K be two sets of

input values, with their corresponding output values of the
function f(x1, . . . , xK) being f (i) and f (j), respectively. The
aggregated constellation points at time slot ℓ are then given
by v⃗

(i)
ℓ :=

∑
k s⃗

(i)
k,ℓ and v⃗

(j)
ℓ :=

∑
k s⃗

(j)
k,ℓ. To ensure the

CP can accurately compute the function output f (i) and
f (j) from the corresponding sequences of the induced points
v(i) := [v⃗

(i)
1 , . . . , v⃗

(i)
L ] and v(j) := [v⃗

(j)
1 , . . . , v⃗

(j)
L ], these

sequences need to be distinguishable. Indeed, for two distinct
output values f (i) and f (j), we need two distinct sequences
of v(i) and v(j), i.e., v(i) ̸= v(j). Mathematically, all we need
to have a valid computation over the MAC is to satisfy the
following constraints [34]:

if f (i) ̸= f (j) ⇒ v(i) ̸= v(j), ∀(i, j) ∈ [M ]2, (3)

where M is the cardinality of the range of function f , and
[M ]2 = [M ] × [M ] denotes the Cartesian product. The main
idea here is to jointly design Ek and Ck under the constraint
in (3), allowing the tabular mapping T to uniquely associate
the output value f (i) with v(i) and compute the exact output

value. More precisely, the CP uses a set of constellation
points v(i) = [v⃗

(i)
1 , . . . , v⃗

(i)
L ]T ∈ CL×1 to obtain the function

output f (i). Consequently, the goal becomes to identify the
corresponding points of v(i) when y is received, which can
be achieved by using the maximum likelihood estimator for
y. Following similar steps as in [34], one can show that
the maximum likelihood estimator reduced to the following
problem.

f̂ (i) = argmin
i
||y − v(i)||22. (4)

Then, the constellation diagram, which consists of all pos-
sible constellation points {v⃗(1)ℓ , . . . , v⃗

(M)
ℓ } along with their

corresponding Voronoi cells {V1,ℓ, . . . ,VM,ℓ}, are generated
by the decoder. The Voronoi cells contain the points in the
signal space that are closest to a specific constellation point.
The desired function f̂ is computed over all L time slots by
f̂ =

∑M
j=1 Tj(v⃗), where Tj(·) is an indicator function:

Tj(v⃗) :=

{
f̂ (j), if v⃗ℓ ∈ Vj,ℓ, ∀ℓ ∈ [L],

0, otherwise.
(5)

We merge the Voronoi cells of overlapping points into
a single cell. Specifically, for points whose corresponding
constraints in (3) are not satisfied, we assign one Voronoi
cell. Consequently, we must assign a single output value for
multiple function outputs. For instance, we can use the average
output values corresponding to the merged Voronoi cells as the
final output value [15].

Remark 2. Note that one can use a maximum posterior
estimator for the decoding parts instead of the maximum like-
lihood estimator. The overall decoding strategy using tabular
map T remains the same, and only in finding the boundary of
Voronoi cells using (4) needs to be changed.

C. How Can Repetition Resolve the Overlaps?

In this subsection, we clarify the role of repetition in re-
solving the overlapping constellation points that may otherwise
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occur at the CP. In what follows, we provide a simple example
to give better insight into the performance of the ReMAC.
Indeed, consider the case of a network with K = 4 nodes
aimed at computing the product function f(x1, x2, x3, x4) =
x1x2x3x4 over the noiseless MAC. Each node has input values
xk ∈ {1, 2, 3, 4} and uses a simple quadrature phase shift
keying (QPSK) modulation for the transmission. These input
values are then encoded as x⃗k ∈ {1,−1, i,−i}.

In [15], it was shown that computing the product function
requires either changing the constellation points from QPSK
to a new modulation diagram or increasing the order of
modulation to avoid destructive overlaps. Instead, ReMAC
proposes transmitting the modulated symbol repeatedly over
multiple time slots, i.e., L = 2, and allocating a subset of
constellation points to each time slot to resolve destructive
overlaps. In the simple illustrative example of this subsection,
the ReMAC scheme employs a specialized repetition encoder
to transmit selectively each modulated symbol as follows:

c̃k,0 =

{
1, if xk ∈ {1, 3}
0, if xk ∈ {2, 4}

, c̃k,1 =

{
0, if xk ∈ {1, 3}
1, if xk ∈ {2, 4}

.

Figures 2(a) and 2(b) show examples with two specific
sets of input values, xk ∈ (1, 1, 2, 2) and xk ∈ (1, 2, 3, 4).
From Figure 2(a), we observe that the resultant constellation
diagram overlaps at the constellation point 0, corresponding
to two different output values, {4, 24}. For the ChannelComp
framework, since using QPSK results in overlaps of the
constellation points, the overlaps are unresolved no matter
how often we repeat the transmission. However, ReMAC
applies repetition encoder C(·) to the transmitted constellation
points, making the induced sequence from the received signals
y⃗ℓ =

∑K
k=1 x⃗k · c̃k,ℓ distinct across time slots. Consequently,

the corresponding function outputs can be computed using a
tabular map T by simply referencing this sequence.

Remark 3. Note that the ReMAC assumes that the number of
time slots L satisfies 1 < L < min{Q,K}, where K is the
number of nodes, and Q is the number of constellation points.
Specifically, we highlight three noteworthy cases. First, when
L = K < Q, each node is allocated a distinct time slot for
transmission, aligning with the orthogonal resource alloca-
tion. This allows the CP to decode each transmitted symbol
individually and perform the required computations afterward.
Second, when L = Q < K, each time slot is assigned a
specific constellation point. This configuration is particularly
effective for symmetric functions because it enables the CP to
determine the number of nodes transmitting each constellation
point. Consequently, the CP can reconstruct the output of the
symmetric function. Finally, in the special case where L = 1,
our ReMAC simplifies to ChannelComp [34], requiring all the
designed constellation points to be transmitted within a single
time slot for computing the desired functions.

The ReMAC does not lose spectral efficiency compared to
ChannelComp and the other state-of-the-art methods. Indeed,
the ReMAC is spectral efficiency as the ChannelComp frame-
work, where computing functions f with K nodes only require
a single frequency resource. The ReMAC uses time diversity

to enhance computational reliability. While repetition effec-
tively resolves overlapping constellation points and provides
computational reliability, it leads to a higher latency commu-
nication protocol. For instance, when L < K, the repetition
strategy achieves superior latency efficiency compared to the
traditional time division multiple access (TDMA), where the
transmission of each node occurs over distinct time slots. For
the special case where L = K, the latency of the ReMAC
becomes the same as the TDMA. Thus, the choice of strategy
depends on the specific scenario, requiring a balance between
computational reliability and latency.

Considering the distortion introduced by noise term ⃗̃zℓ, the
output of tabular map T may result in computation errors.
In the next section, we jointly design encoders and decoders
for ReMAC to enable the reliable computation of the desired
function f over the MAC.

III. THE PROPOSED REMAC

To obtain a proper set of the modulation encoder Ek and
repetition encoder Ck for all nodes k ∈ [K], we need to jointly
design the constellation diagram and the repetition coding
strategy so that the corresponding sequences of the induced
points v satisfy (3). This joint design aims to achieve robust
and power-efficient computation over the MAC while avoiding
destructive overlaps. Consequently, the tabular mapping T
can uniquely map the constellation points of y⃗1, . . . , y⃗L to
the corresponding outputs of the function f . More precisely,
let the modulation vector xk := [x⃗

(1)
k , . . . , x⃗

(Q)
k ]T ∈ CQ×1

contain all Q possible constellation points created by the
modulation encoder Ek(·). Then, by concatenating all the
K modulation vectors, we define the modulation vector as
x := [xT

1 , . . . ,x
T
K ]T ∈ CN×1, where N := Q × K.

Similarly, we define the symbol allocations matrix of node k as
Ck ∈ {0, 1}Q×L, where the element [Ck](ℓ,q) := c

(q)
k,ℓ ∈ {0, 1}

indicates whether the modulated signal x(q)k is transmitted over
time slot ℓ. We further define the repetition coding matrix as
C := [CT

1 , . . . ,C
T
K ]T ∈ {0, 1}N×L to denote the code for the

repetition. Therefore, the resultant constellation point sequence
v(i) corresponding to output value f (i) can be formulated in
matrix notation as follows:

v(i) = aT
i (x⊗ 1T

L)⊙C ∈ C1×L, ∀i ∈ [M ], (6)

where 1L denotes an L-length column vector of ones, and aT
i

is a binary vector that selects the support of the input values
associated with f (i). To satisfy the computation constraint
in (3) and to incorporate the noise effect, we can replace
such a non-smooth constraint for a pair f (i) and f (j) with
their corresponding vectors v(i) and v(j) by the following
constraint:

∥v(i) − v(j)∥22 ≥ σ2
z |f (i) − f (j)|, ∀(i, j) ∈ [M ]2, (7)

where ∥ · ∥2 denotes the ℓ2 norm. The inequality in (7)
ensures that resultant constellation points are distinguishable
for two different f (i) and f (j). Without loss of generality, we
assume that ∥x∥22 ≤ 1. Then, to obtain a robust and power-
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efficient coding scheme over the MAC, we pose the following
optimization problem.

P0 := min
x,cℓ

L∑
ℓ=1

∥cℓ∥1,

s.t.
∑L

ℓ=1
|(ai − aj)

T(x⊙ cℓ)|2 ≥ ∆fi,j , (8a)

∀(i, j) ∈ [M ]2, ∥x∥22 ≤ 1, (8b)

cℓ ∈ {0, 1}N×1, ∀ℓ ∈ [L], (8c)

where ∆fi,j := σ2
z |f (i) − f (j)|. Problem P0 jointly op-

timizes the modulation vector x and channel vectors cℓ
while guaranteeing that the computation constraints hold. By
solving Problem P0, we acquire the optimum x∗ and c∗ℓ s
for ℓ ∈ [L]. Thereafter, we obtain the modulation encoders
E1(·), . . . , EK(·) and repetition encoders C1(·), . . . , CK(·), re-
spectively, that map the input values to the resultant modu-
lation vector and repetition coding matrix. However, due to
the nonconvex quadratic constraints in (8a), Problem P0 is
NP-hard [15]. To circumvent the complexity of Problem P0,
we provide an efficient algorithm to compute an approximate
solution in the next subsection.

A. Joint Design of Modulation and Repetition Coding

To approximately solve Problem P0, we alternately optimize
the objective with respect to the variables x and cℓs, resulting
in two subproblems. Then, we relax each subproblem sepa-
rately to obtain their optimum solutions. In Figure 3, we depict
the flow chart diagram of the overall procedure. Specifically,
for a given cn−1

ℓ at iteration n, the optimization Problem P0

over x turns into the following feasibility problem.

P1 = find x,

s.t.
∑L

ℓ=1
|(ai − aj)

⊤(x⊙ cn−1
ℓ )|2 ≥ ∆fi,j , (9a)

∥x∥22 ≤ 1. (9b)

To optimize over the variables cℓs, we remove the power
constraints imposed on x. As a result, Problem P0 with respect
to cℓs becomes

P2 = min
cℓ

∑L

ℓ=1
||cℓ||1,

s.t.
∑L

ℓ=1
|(ai − aj)

⊤(xn ⊙ cℓ)|2 ≥ ∆fi,j , (10a)

cℓ ∈ {0, 1}N , ∀ℓ ∈ [L]. (10b)

Both Problems P1 and P2 are NP-hard and challenging to
solve. In what follows, we provide the relaxation techniques
and approximation solutions for both problems.

1) Optimize for the Modulation Vector: The optimization
Problem P1 in (9) is a quadratically constrained quadratic
programming (QCQP) problem, which is non-convex and
NP-hard [42]. To address the non-convexity, we employ the
lifting trick [43], which transforms the non-convexity into a
rank constraint. By relaxing the problem and dropping the
rank constraint, we obtain a convex optimization problem. In

P0

P1

P2

P3

P4

Problem Formulation Alternating Minimization

Cholesky
Decomposition

Approximate
Solution to P0

(Ĉ,x̂)

(Cn,W n)

(x,C)

QCQP ∼ (x)

MIQCP ∼(C)

SDP ∼(W )

LP ∼(C)

approximation

approximation

iteration

split

split

converge

Branch
&

Bound

Figure 3. Flow diagram of the proposed alternating minimization algorithm,
formally given in Algorithm 1 later in the paper.

particular, we rewrite Problem P1 in terms of a new lifted
matrix variable W := xxH as

P1 :=find W ,

s.t. Tr(W ·Bn−1
i,j ) ≥ ∆fi,j , (11a)

W ⪰ 0, rank(W ) = 1, (11b)
Tr(W) ≤ 1, (11c)

where

Bn−1
i,j =

∑L

ℓ=1
((ai − aj)⊙ cn−1

ℓ )((ai − aj)⊙ cn−1
ℓ )⊤.

To relax the problem, we drop the rank-one constraint from
(11b), which yields the following.

P1 ≈ P3 :=find W ,

s.t. Tr(W ·Bn−1
i,j ) ≥ ∆fi,j , (12a)

W ⪰ 0, Tr(W) ≤ 1. (12b)

Problem P3 is convex semidefinite programming (SDP) that
can be solved by convex solver tools such as CVX [44].
After solving P3, we obtain W n as the optimal solution
for the current iteration n. If W n is a rank-one matrix, we
can use Cholesky decomposition to derive xn as the optimal
modulation vector solution for P1 [15]. Otherwise, a sub-
optimal solution for P1 can be obtained through a rank-one
approximation of W n.

2) Optimize for the Coding Vector: Problem P2 in (10) is
a mixed integer quadratic constrained programming (MIQCP)
problem with a quadratic objective and quadratic constraints.
To manage its non-convexity and NP-hardness, we employ the
relaxation technique proposed in [45] to transform the problem
into a relaxed linear programming (LP) problem. Specifically,
this relaxation simplifies the problem, making it more tractable
and easier to solve using the MATLAB CVX toolbox [44].
The convexity of the resulting LP ensures that alternating
minimization converges to a stationary point. Moreover, this
relaxation provides a lower bound on the optimal value of
Problem P2, as stated in the following proposition.

Proposition 1. For Problem P2, there exists a linear relax-
ation programming problem P4 that provides a valid lower
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bound for the optimal value of P2:

P2 ≈ P4 := min
cℓ

L∑
ℓ=1

1⊤cℓ,

s.t.

L∑
ℓ=1

rij∑
m=1

2li,jm pi,j⊤
m cℓ ≤ −∆fi,j +

L∑
ℓ=1

rij∑
m=1

(li,jm )2,

L∑
ℓ=1

rij∑
m=1

2ui,jm pi,j⊤
m cℓ ≤ −∆fi,j +

L∑
ℓ=1

rij∑
m=1

(ui,jm )2,

cℓ ∈ [0, 1]N , ∀ℓ ∈ [L]. (13)

Here, pi,j
m represent the decomposed vectors of the matrix

P i,j := (ai − aj)(aj − ai)
⊤ ⊙W n, where rank(P i,j) =

rij . Additionally, let li,j := [li,j1 , . . . , li,jrij ] and ui,j :=

[ui,j1 , . . . , ui,jrij ] denote the vectors of lower and upper bounds
for the bilinear terms in the constraints. Therefore, the opti-
mality gap of each constraint between Problem P2 and P4

can be upper bounded by ∆hi,j(C) = L∥ui,j − li,j∥22.

Proof. See Appendix A.

Proposition 1 establishes that the optimal value of Problem
P4 provides a lower bound for the global optimal value of
Problem P2. Since both P3 and P4 are convex optimization
problems, iteratively minimizing over W and C leads to
convergence at a stationary point (W n,Cn), serving as the
optimal solutions for P3 and P4.

3) Project Back to Feasible Sets: After reaching the station-
ary point (W n,Cn), if all cnℓ s are binary vectors and W n is a
rank-one matrix, then (W n,Cn) is considered as the feasible
solution (Ŵ , Ĉ) for P1 and P2. Otherwise, we need to project
it back to the feasible set of the primal optimization problems
P1 and P2. On the one hand, we use Cholesky decomposition
for W n to obtain an approximate solution x̂. More precisely,
x̂ is obtained as follows

x̂ =
√
λ1u

n
1 , (14)

where λ1 ≥ 0 is the largest eigenvalue of W n, and un
1 ∈

CN×1 is the eigenvector corresponding to λ1, which is a
unitary vector2. On the other hand, we use the branch and
bound algorithm [46] to obtain binary variables ĉℓs that satisfy
the constraints of Problem P2. This approach provides a tight
lower bound for the global optimum of Problem P2. Practi-
cally, we can obtain ĉℓs by using the Gurobi toolbox [47].

Remark 4. Note that the branch and bound algorithm either
terminates within finite iterations to a global optimal solution
for Problem P2, or determines that Problem P2 is infeasible.
The approach to finding the optimal solution is reported in
Appendix B.

The complete procedure of the alternating minimization ap-
proach is summarized in Algorithm 1. Codes for implementing
this algorithm are provided on Github3. In Subsection III-B,
we provide the theoretical guarantee regarding Algorithm 1.

2Recall that the constraint in (12b) ensures that the matrix Wn is positive
semi-definite, which means all its eigenvalues are non-negative, i.e., λi ≥ 0
for i ∈ [N ].

3https://github.com/xiaojingyan-elsa/ReMAC.git.

Algorithm 1: ReMAC Algorithm

1 Initialize W 0 := x0x0H, C0, the maximum number
of iteration T , and set the current iteration counter as
n = 1.

2 Repeat
3 Update W : Obtain W n by solving P3.
4 Update C: Obtain Cn by solving P4.
5 Increment the iteration counter: n← n+ 1.
6 Until ||Cn −Cn−1||F ≤ ∆ or n = T .
7 Use Cholesky decomposition to obtain the solution x̂

for P1.
8 Use branch and bound to obtain the solution Ĉ for P2.
9 Output approximate solution (x̂, Ĉ) for P0.

B. Theoretical Guarantees

In this subsection, we analyze the convergence of Algo-
rithm 1 to assess its speed and the proximity of the obtained
solution to the optimal one. Based on Subsection III-A, we
know that the relaxed Problems P3 and P4 provide lower
bounds for the optimal values of Problems P1 and P2. This
allows us to analyze the gap between the solutions of the
relaxed and the original problems. Additionally, since both
P3 and P4 are convex, alternating minimization between them
converges to a first-order stationary point [48]. Therefore, to
further illustrate the efficiency of our approach, we present the
convergence rate of Algorithm 1 in the following proposition.

Proposition 2. Let {xn, cnℓ }n≥0 be the sequence generated
by Algorithm 1. Then, the gap between the objective value
of Problem P2 using this sequence and the optimal value of
Problem P2 is bounded as

L∑
ℓ=1

∥cnℓ ∥1 −
L∑

ℓ=1

∥c∗ℓ∥1 ≤
2R(x0, c0ℓ)

n− 1
, n ≥ 2, (15)

where

R(x0,C0) := max
(x,C)∈S

{
R1(x,x

∗) +R2(C,C
∗)
}
,

s.t.

L∑
ℓ=1

∥cℓ∥1 ≤
L∑

ℓ=1

∥c0ℓ∥1,

with

R1(x,x
∗) := (2∥x− x∗∥2 + 4

√
M̃)2,

R2(C,C
∗) :=

L∑
ℓ=1

(∥cℓ − c∗ℓ∥2 + 2∥c∗ℓ∥2)2.

Here, S denotes the feasible set of Problems P3 and P4

involving all possible values of the variables x and cℓs for
ℓ ∈ [L]. The variables x∗ and c∗ℓ s represent the optimal
solutions for Problems P1 and P2, respectively. Additionally,
M̃ indicates the number of constraints in Problem P0.

Proof. See Appendix C.

According to Proposition 2, the gap between the objective
value

∑L
ℓ=1 ∥cnℓ ∥1 at each iteration n and the optimal value
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∑L
ℓ=1 ∥c∗ℓ∥1 narrows as n increases, indicating that the per-

formance of Algorithm 1 improves over successive iterations.
Meanwhille, the convergence rate of Algorithm 1 is influenced
by the value of R(x0, c0ℓ). Precisely, R1(x,x

∗) bounds the
difference between the obtained solution x and the optimal
solution x∗ for subproblem P1, while R2(C,C

∗) measures
the gap between the obtained solution C and the optimal
solution C∗ for subproblem P2. Additionally, R(x0, c0ℓ) is
related to the number of constraints M̃ in Problem P0.
Since M̃ depends on the specific computation function f and
increases with the number of input values Q or nodes K in
the network, Algorithm 1 tends to converge more slowly when
handling a larger number of nodes or high-order modulation
schemes.

C. Complexity Analysis

In this subsection, we analyze the computational complexity
associated with Algorithm 1 when applied to solving Problem
P0 for computing desired function f . To analyze the computa-
tional complexity for Problem P0, there are four main factors
that play a role in scaling the complexity. These factors include
the number of nodes K, the quantization level Q, the number
of time slots L, and the number of constraints M̃ . Since the
algorithm alternates between optimizing the modulation vector
x and the repetition coding matrix C, we need to consider the
complexities of the two subproblems, P3 and P4, separately.

In each iteration, the first step requires solving the SDP
in P3 to obatin the modulation vector x. To solve SDP
with the CVX package, the toolbox employs an interior-point
algorithm [49], whose complexity scales polynomially with
the size of the problem and the number of constraints. More
preciscly, the complexity of the SDP scales as O(M̃4N0.5),
and by substituting N with QK, it becomes O(M̃4Q0.5K0.5).

In the second step, the algorithm optimizes the repetition
coding matrix C by solving the relaxed LP in P4. The com-
putational complexity of the LP is O(M̃3Q0.5K0.5L0.5) [50].
Hence, considering Niter as the number of iterations re-
quired for the algorithm to converge, the overall com-
plexity of the alternating minimization procedure becomes
O(NiterM̃

3Q0.5K0.5(M̃ + L0.5)).
After convergence, we must project the lifted modulation

matrix and the repetition encoding matrix back onto the feasi-
ble set by Cholesky decomposition and the branch and bound
method, respectively. Accordingly, the Cholesky decomposi-
tion requires a complexity of O(Q3K3) [51], and the branch
and bound with a worst-case complexity of O(2KQL) [52].
However, we highlight that efficient pruning of non-promising
paths for the branch and bound method reduces the search
space and computational cost. Indeed, modern solvers such
as Gurobi further enhance computational efficiency with ad-
vanced heuristics and parallel processing, ensuring the method
remains practical for larger values of K, Q and L.
Remark 5. Note that ReMAC is designed as an offline
framework, requiring the optimization problems to be solved
only once during the system initial setup. Therefore, the
computational complexity of ReMAC is feasible to manage
for-world wireless systems. Indeed, the resultant modulation

vector and repetition coding matrix can be stored and reused
during real-time operation. Hence, this reusability eliminates
computational burdens and ensures suitability for resource-
constrained applications.

In the next section, we empirically check the performance
of the proposed ReMAC.

IV. NUMERICAL EXPERIMENTS

In this section, we evaluate the performance of ReMAC for
different function computations and make a comparison with
other methods. We provide the numerical results of ReMAC
for computing the sum f =

∑K
k=1 xk, product f =

∏K
k=1 xk

and max f = maxk xk functions over the MAC under various
signal-to-noise ratio (SNR) levels and coding time slots in
terms of the normalized mean square error (NMSE) metric.
Moreover, we compare ReMAC with the following three
different methods:

• ChannelComp [34]: we use the digital modulation vectors
designed by ChannelComp. For comparison, the same
modulated symbols are transmitted multiple times across
L consecutive time slots. The CP then averages the
recovered output values over each time slot to derive the
final output. For simplicity in notation, we use ReMAC
L = 1 to represent ChannelComp.

• Bit-slicing [36]: we use the bit slicing framework by
spliting discrete input values into L bit segments and
transmitting each segment as a modulated symbol over L
consecutive time slots. The CP subsequently assembles
these symbols to reconstruct the output value.

• Digital AirComp [12]: we use the traditional AirComp
framework, where discrete input values are modulated
using pulse amplitude modulation (PAM). At the CP, the
received signals are averaged over multiple transmissions
to estimate the output of the target function.

The metric NMSE is defined as the sum of the squared
differences between desired function values f (i) and their
estimated counterparts f̂

(i)
j normalized by the number of

Monte Carlo trials Ns times the square of the absolute value
of f (i):

NMSE :=
1

Ns

∑Ns

j=1 |f (i) − f̂
(i)
j |2

|f (i)|2
. (16)

We also define SNR:= 10 log(∥x∥22/σ2
z), where σ2

z is the
variance of the noise ⃗̃zℓ in (2). Note that the variance of
⃗̃zℓ equals to the minimum MSE of the corresponding power
control scheme in [38].

A. Performance of ReMAC

In this subsection, we first evaluate the performance of
ReMAC by solving Problem P0 with Algorithm 1. The
analysis focuses on a network with K = 4 nodes, where
the input values xk ∈ {1, 2, . . . , 256} are represented by 8
bits. The NMSE performance of ReMAC is assessed across
different numbers of transmission time slots, L = {1, 2, 3, 4},
and the results are averaged over Ns = 100 samples generated
through Monte Carlo simulations.
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Figure 4. Performance of ReMAC under different SNRs in terms of NMSE averaged over Ns = 100. The input values are xk ∈ {1, 2, . . . , 256} and the
desired functions are f =

∑K
k=1 xk , f =

∏K
k=1 xk and f = maxk xk with K = 4 nodes in the network.
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Figure 5. Comparison of the optimality gap between numerical results
and proximity analysis from Proposition 2. The numerical gap is expressed
as

∑L
ℓ=1 ∥cnℓ ∥1 −

∑L
ℓ=1 ∥c∗ℓ∥1, while the analytical gap is give by

2R2(C,C∗)/(n − 1). The network size varies from K = 3 to K = 8
with quantization levels Q ∈ {8, 16}. The number of time slots is L = 2,
and the computed function is f =

∏K
k=1 xk .

Figure 4 shows the NMSE of the function computation for
the sum, product and maximum functions over different SNR
levels, respectively. As expected, increasing the SNR leads to
a decrease in NMSE for all the functions. The most significant
reduction occurs between 25 dB and 40 dB, regardless of the
number of time slots. Additionally, the NMSE decreases with
increasing time slots L, as ReMAC improves computational
reliability by repeating modulated symbols, though at the cost
of higher latency. There are two notable cases for the assigned
values of L. One case is when L = 4, ReMAC assigns each
node a unique time slot for transmission, effectively operating
as the orthogonal resource allocation technique known as
TDMA, and achieving the lowest NMSE. The other is when
L = 1, ReMAC simplifies to ChannelComp, resulting in a
slight increase in NMSE.

Next, we proceed to evaluate the optimality gap through
numerical experiments and the theoretical analysis in Propo-
sition 2. The approximate solution cnℓ is obtained using
Algorithm 1, while the optimal solution c∗ℓ is determined

via exhaustive search for subproblem P2 at each iteration.
Since the modulation vector x lies in a continuous complex
domain, the exhaustive search is applied only to P2. Given
that P2 is a MIQCP problem, the empirical optimality gap
is measured as

∑L
ℓ=1 ∥cnℓ ∥1 −

∑L
ℓ=1 ∥c∗ℓ∥1. Correspondingly,

based on Proposition 2, we solely focus on the upper bound
for the gap between the obtained and optimal solutions for
P2, given by 2R2(C,C

∗)/(n− 1). The evaluation considers
network sizes from K = 3 to K = 8 and quantization levels
Q ∈ {8, 16}, with the number of time slots fixed at L = 2 for
the product function. Algorithm 1 runs for n = 20 iterations
when Q = 8 and n = 30 iterations when Q = 16. As shown
in Figure 5, both the numerical and analytical gaps increase
approximately linearly with network size, confirming that the
proposed proximity analysis provides a valid upper bound for
the observed optimality gap in the numerical experiments.

B. Comparison to Digital AirComp, ChannelComp and Bit-
slicing

In this subsection, we first evaluate the NMSE performance
of our proposed ReMAC in comparison with digital AirComp,
ChannelComp, and bit-slicing for the summation function.
Additionally, we compare ReMAC with digital AirComp and
ChannelComp for the product and maximum. The same power
budget is allocated across all time slots for these methods
to ensure a fair comparison. Furthermore, we evaluate the
effect of fading channels on the performance of ReMAC in
the absence of perfect CSI at each node, where the channel
coefficients hk are subject to random variations in both mag-
nitude and phase. Specifically, the magnitude of the channel
coefficient is generated with a normal Gaussian distribution,
i.e., hk ∼ N (1, σ2

h). In contrast, the phase of the channel
coefficient is generated according to a uniform distribution,
i.e., ψk ∼ U(−φ,φ).

In Figure 6, we compare the performance of ReMAC,
ChannelComp and digital AirComp under various levels of
noise and fading when computing the summation function.
The input xk takes values from the set {1, 2, 3, 4}, and the
evaluation is conducted over a network with K = 8 nodes.
For digital AirComp, the signals are averaged over L = 2
time slots. Figure 6(a) shows the NMSE performance over
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Figure 6. Performance comparison between ReMAC, ChannelComp and Digital AirComp in the presence of fading channels among K = 8 nodes. The NMSE
is depicted vesus the variance of channel coefficients σ2

h under different transmission slots, i.e., L ∈ {1, 2, 4}, and phase shifts, i.e., φ ∈ {π/4, π/2}. Input
values are xk ∈ {1, 2, 3, 4} and the desired function is f =
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Figure 7. Performance comparison between ReMAC, ChannelComp and Digital AirComp among K = 8 nodes in the presence of fading channels under
different transmission slots, i.e., L = {1, 2, 4}, and phase shifts, i.e., φ = {π/6, π/4}. Input values are xk ∈ {1, 2, 3, 4}. The NMSE is depicted versus the
variance of channel coefficients σ2

h for product function f =
∏K

k=1 xk with low noise variance, i.e., σ2
z = 0.1, and maximum function f = maxk xk with

high noise variance, i.e., σ2
z = 1, respectively.

different fading variances for various numbers of time slots
L = {1, 2, 4} and phase shifts φ = {π/4, π/2} under a
low noise scenario, i.e., σ2

z = 0.1. It can be observed that
a larger number of time slots results in a lower NMSE,
which is consistent with the results in Figure 4. This finding
highlights that ReMAC also exhibits superior performance
under fading channels compared to ChannelComp, which has
already been shown to outperform digital AirComp [34]. As
expected, when the fading variance or phase shift increases,
the transmitted symbols experience greater distortion from the
original ones, resulting in a higher NMSE. However, once the
fading variance exceeds 0.6, the rate of increase in NMSE
slows down, and further increases in phase shift have minimal

impact on NMSE.
Figure 6(b) shows a similar curve in a high noise scenario

with σ2
z = 1. Due to the increased channel noise variance, the

NMSE becomes higher than that in Figure 6(a). Nevertheless,
ReMAC consistently outperforms ChannelComp and digital
AirComp across various fading conditions.

In the next experiment, shown in Figure 7, we compare the
performance of ReMAC, ChannelComp, and digital AirComp
for computing the product and maximum functions among
K = 8 nodes under different channel fading variances. The
input values xk are selected from the set {1, 2, 3, 4}, and
the number of transmission time slots L is varied across
{1, 2, 4}. Figure 7(a) shows that in a low noise scenario, i.e.,
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Figure 8. A performance comparison is conducted among ReMAC, Chan-
nelComp, and Bit-Slicing across a network of K = 6 nodes in the presence
of fading channels, where the fading variance is set to σ2

h = 1 and the
phase shift is φ = π/4. The NMSE is evaluated against various SNR values
and different numbers of transmission slots, i.e., L ∈ {1, 2}. The input
values are xk ∈ {1, 2, . . . , 64}, and the target function is the summation
f =

∑K
k=1 xk .

σ2
z = 0.1, ReMAC outperforms ChannelComp across various

fading levels when computing the product function. Specifi-
cally, ReMAC reduces the computation error by approximately
7.5 dB compared to ChannelComp under low fading variance.
As fading variance increases, the performance of ReMAC
saturates, and the NMSE difference between varying numbers
of time slots narrows down. Moreover, since digital AirComp
approximates the product using the log function [8], it cannot
compute accurately even in the low noise scenario.

Similarly, Figure 7(b) shows that in a high noise scenario,
i.e., σ2

z = 1, ReMAC outperforms ChannelComp in computing
the maximum function, reducing the NMSE by approximately
1.5 dB. However, increasing the time slots in this high noise
scenario does not significantly reduce the NMSE. Additionally,
digital AirComp uses an exponential function to approximate
the maximum [8], hence resulting in a higher NMSE. Overall,
these numerical results show that by jointly designing the
constellation diagram and the coded repetition, ReMAC out-
performs ChannelComp and digital AirComp over both noisy
and fading channels, particularly for non-summation functions.

Finally, in Figure 8, we analyze the performance of the
summation function by comparing ReMAC, ChannelComp,
and bit-slicing for input values xk ∈ {1, 2, . . . , 64} in a
network with K = 6 nodes. The fading channel variance
is set to σ2

h = 1, and the phase shift is φ = π/4. The
transmission time slots are chosen from L ∈ {1, 2}. Across a
range of SNR values from [−10, 10], ReMAC demonstrates
a lower NMSE compared to ChannelComp, aligning with
the trends observed in Figure 4. The results further indicate
that bit-slicing outperforms ReMAC in high-SNR conditions.
However, as the SNR decreases, bit-slicing surpasses ReMAC,
which becomes more vulnerable to disruptions. Specifically,
for bit-slicing, errors in decoding a sliced integer over con-
secutive L time slots due to fading distortions and noise

directly lead to computation errors in the function output.
In contrast, ReMAC employs a joint modulation and coded
repetition approach, where the CP compares the aggregated
symbol vector across L time slots against modulation vectors
in the codebook. Even if a symbol in a particular time slot
experiences severe distortion, the redundancy introduced by
repetition helps recover the function output more accurately.
This design enables ReMAC to effectively mitigate noise
and fading distortions, ensuring more reliable computation
under low-SNR conditions. Moreover, increasing the number
of transmission slots L improves NMSE performance for both
ReMAC and bit-slicing. This enhancement also highlights the
tradeoff between achieving higher computational accuracy and
balancing transmission latency.

V. CONCLUSION

This paper introduced ReMAC, a joint modulation and
coding scheme for repeated transmission in digital over-
the-air computation, to provide reliable communication for
computation. Building upon the ChannelComp framework,
we designed the coded repetition scheme to reduce the
computation error over MAC. To this end, we proposed an
optimization problem that jointly determines the encoding
for digital modulation over multiple time slots. To manage
the computational complexity of the proposed optimization
problem, we developed an alternating minimization approach.
Moreover, we evaluated the effectiveness of ReMAC through
the numerical experiment by comparing it to existing state-of-
the-art methods, such as AirComp and ChannelComp. Notably,
we observed approximately 7.5 dB improvement in reducing
the NMSE of the computation error for the product function
in the presence of fading.

Further exploration of ReMAC could proceed in various
directions, including but not limited to the following:

• Other optimization perspectives: Machine learning
techniques could be explored to implement the modula-
tion and channel code design by treating it as a learning
task, making it possible to achieve accurate function
computation more efficiently than conventional convex
optimization-based methods.

• Integrated with distributed learning: We plan to inte-
grate ReMAC with distributed learning to enable efficient
and scalable aggregation of model updates in a distributed
setting. By introducing the co-design of modulation and
repeated transmission, we aim to enhance the efficiency
and accuracy of distributed learning tasks.

• MIMO extension for parallel computation: We intend
to upgrade the current single narrowband antenna net-
work to a broadband multiple-input and multiple-output
network, enabling parallel computations to improve the
computation throughput for several applications, such as
distributed estimation or distributed data analytics.

• Optimization for minimizing NMSE: One interesting
direction to explore is considering NMSE minimization
by leveraging modulation schemes such as PAM and
QAM and designing repetition patterns across consec-
utive time slots under certain transmission budget con-
straints.
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• Phase-aligned transmission with precoding errors: We
aim to extend ReMAC to address the challenges of
achieving phase-aligned precoded transmission in prac-
tical scenarios. Future work will explore techniques such
as pre-equalization, and incorporate more realistic models
with precoding errors in real-world deployments.

APPENDIX

A. Proof of Proposition 1

It is evident that Problem P2 can be reformulated as the
following equivalent problem:

cℓ = argmin
cℓ

L∑
ℓ=1

∥cℓ∥1,

s.t.
L∑

ℓ=1

c⊤ℓ Pi,jcℓ ≤ −∆fi,j , (17)

where Pi,j := (ai − aj)(aj − ai)
⊤ ⊙ W n, and W n =

xnxnH. Hence, the matrix Pi,j is a symmetric matrix with
rank(Pi,j) = rij , and we can decompose it as Pi,j =∑rij

m=1 p
i,j
m pi,j⊤

m for any vector pi,j
m ∈ RN . By substituting the

decomposition into (17), we obtain the following optimization

cℓ = argmin
cℓ

L∑
ℓ=1

1⊤cℓ,

s.t.
L∑

ℓ=1

rij∑
m=1

(
pi,j⊤
m cℓ

) (
pi,j⊤
m cℓ

)
≤ −∆fi,j . (18)

Here, we also used the fact that entries of vector cℓ are
positive values for the cost function. Then, we relax the
binary restriction on cℓ for Optimization in (18), resulting in
a continuous feasible region C. The continuous feasible region
C is defined as

C := {cℓ ∈ [0, 1]N ,∀ℓ ∈ [L]},

where L represents the number of time slots. Thereafter, let
li,jm and ui,jm be the values as

li,jm =
∑N

n=1
min{0, pi,jm,n}, (19a)

ui,jm =
∑N

n=1
max{0, pi,jm,n}, (19b)

where ∀m ∈ [rij ] and pi,jm,n is the n-th element of pi,j
m . To

deal with the non-linear optimization with bilinear constraints,
we use a well-known piecewise McCormick-based relaxation
technique [53]. Based on the defined minimum and maximum
values from (19), we can derive the following inequalities.

(pi,j⊤
m cℓ − li,jm )2 ≥ 0, (20a)

(pi,j⊤
m cℓ − ui,jm )2 ≥ 0. (20b)

To this end, a lower bound for each bilinear term in the
constraint in (18), following the conclusion from (20), can be
obtained as

hi,jℓ (C) =

rij∑
m=1

(pi,j⊤
m cℓ)

2,

≥max
{ rij∑

m=1

2li,jm pi,j⊤
m cℓ − (li,jm )2,

rij∑
m=1

2ui,jm pi,j⊤
m cℓ − (ui,jm )2

}
≜ ĥi,jℓ (C).

Consequently, the MIQCP in optimization problem in (17)
can be rewritten as a linear relaxation programming problem
as follows:

P4 := min
cℓ

L∑
ℓ=1

1⊤cℓ,

s.t.
L∑

ℓ=1

rij∑
m=1

2li,jm pi,j⊤
m cℓ ≤ −∆fi,j +

L∑
ℓ=1

rij∑
m=1

(li,jm )2, (21a)

L∑
ℓ=1

rij∑
m=1

2ui,jm pi,j⊤
m cℓ ≤ −∆fi,j +

L∑
ℓ=1

rij∑
m=1

(ui,jm )2, (21b)

cℓ ∈ [0, 1]N , ∀ℓ ∈ [L]. (21c)

Furthermore, for the optimality gap, given any cℓ, we can
find out that

∆hi,jℓ (C) := hi,jℓ (C)− ĥi,jℓ (C),

=max{
rij∑

m=1

pi,j⊤
m cℓp

i,j⊤
m cℓ − 2li,jm pi,j⊤

m cℓ + (li,jm )2,

rij∑
m=1

pi,j⊤
m cℓp

i,j⊤
m cℓ − 2ui,jm pi,j⊤

m cℓ + (ui,jm )2},

=max{
rij∑

m=1

(
pi,j⊤
m cℓ − li,jm

) (
pi,j⊤
m cℓ − li,jm

)
,

rij∑
m=1

(
pi,j⊤
m cℓ − ui,jm

) (
pi,j⊤
m cℓ − ui,jm

)
},

≤max{
rij∑

m=1

(
ui,jm − li,jm

)2
,

rij∑
m=1

(
ui,jm − li,jm

)2},
=∥ui,j − li,j∥22, (22)

where li,j := [li,j1 , . . . , li,jrij ] and ui,j := [ui,j1 , . . . , ui,jrij ].
Hence, by narrowing down the value of each entry of cℓ,
we can obtain ∆hi,jℓ (C) → 0, accordingly, the sum values∑L

ℓ=1 ∆h
i,j
ℓ (C)→ 0. As a result, the constraints in Problem

P4 approaches constraints in Problem P2, which concludes
the proof.

B. Branch and Bound for Solving P2

To obtain the optimal solution for Problem P2 by solving its
relaxed version Problem P4, the branch and bound method can
be employed to iteratively reduce the optimality gap between
these two problems. More precisely, let Ct be the union of
all the feasible regions for Problem P4 at iteration t, where



13

each entry of cℓ belongs to the interval between zero and one,
i.e., cℓ,n ∈ [0, 1] for ℓ ∈ [L] and n ∈ [N ]. After solving
Problem P4, we obtain the repetition coding matrix C(t)∗ =

[c
(t)∗
1 , . . . , c

(t)∗
K ] as optimal solution to the relaxed P4. Note

that by substituting C(t)∗ into the objective function of P4, we
obtain a lower bound for the optimal objective value of P2,
and we denote this lower bound as LB(t). Also, we can obtain
an upper bound for the optimal objective function value of P2

by substituting C(t)∗ into P2 denoted by UB(t). Now, we use
these lower and upper bounds in every iteration to reach the
optimal solution for Problem P2. In this regard, let δ > 0
be the convergence tolerance and UB(t) − LB(t) ≤ δ be the
termination criteria.

At iteration t, if all the entries of C(t)∗ are binary, then
C(t)∗ is the optimal solution to P2 and the procedure can
stop. Otherwise, for the entries of C(t)∗ that are not binary,
we need to search by resolving the P4 for both cases of zero
and one. For instance, consider that c(t)∗ℓ,n′ is one non-binary
entry of the solution to P4 at iteration t for some ℓ and n′, we
partition Ct into (at least) two new sub-regions such that Ct0
and Ct1 corresponds to c

(t)∗
ℓ,n′ = 0 and c

(t)∗
ℓ,n′ = 1, respectively.

Afterward, we solve P4 over the feasible set Ct0 and Ct1
with the corresponding solutions ĉ0ℓ,n′ and ĉ1ℓ,n′ , respectively.
Then, we substitute these solutions into Problems P2 and
P4 to obtain the new lower and upper bounds, respectively.
Indeed, considering the optimum values st0 := P2(ĉ

0
ℓ,n′),

st1 := P2(ĉ
1
ℓ,n′) and rt0 := P4(ĉ

0
ℓ,n′), rt1 := P4(ĉ

1
ℓ,n′), we

can update the lower and upper bounds as follows.

UB(t+1) = min{UB(t), rt0, r
t
1}, (23)

LB(t+1) = max{LB(t), st0, s
t
1}. (24)

We continue this procedure until either the solution c
(t)∗
ℓ

becomes completely a binary vector or the gap between the
global lower and upper bound becomes small enough, i.e.,
UB(t) − LB(t) ≤ δ.

By following the proposed procedure, in [45], they showed
that we can obtain an optimal solution to P2 within finite
iterations. In particular, the following theorem guarantees the
convergence to the optimal solution.

Theorem 1 ([45, Theorem 2]). The proposed algorithm ter-
minates within finite iterations by an optimal solution for P2

or by an evidence indicating that Problem P2 is infeasible.

Theorem 1 implies that the solution obtained from the
branch and bound method provides a tight lower bound for
the optimal solution of Problem P2.

C. Proof of Proposition 2

The alternating between optimization Problems P3 and P4

can be seen as a standard alternating minimization approach
in which, at each iteration, we minimize an implicit objective
function with respect to variables cℓs and W . To be more
precise, let us define an indicator function idS(x) for S, which
is a closed subset of Rn, as follows:

idS(x) =

{
0 if x ∈ S,
+∞ otherwise.

(25)

Furthermore, let Sn3 and Sn4 denote the feasible regions of
Problem P3 and Problem P4 at iteration n, respectively.

Sn3 := {W |Tr(W ·Bn−1
i,j ) ≥ ∆fi,j ,W ⪰ 0, Tr(W) ≤ 1},

Sn4 := {c |Ai,j(c,W
n) ≤ 0, c ∈ [0, 1]N},

where operator Ai,js represent the linear constraints in (21).
Then, consider the following objective function.

F(C,W ) :=

L∑
ℓ=1

∥cℓ∥1 +
L∑

ℓ=1

idSn
4
(cℓ) + idSn

3
(W ). (26)

Therefore, the iterative procedure in Algorithm 1 can be
expressed as follows.

W n = argmin
W
F(Cn−1,W ), (27a)

Cn = argmin
C
F(C,W n). (27b)

Since both Sn3 and Sn4 are convex sets and
∑L

ℓ=1 ∥cℓ∥1
is the combination of convex functions, then the objective
function F(C,W ) is bi-convex. Hence, the proposed method
can be considered as a special case of successive global min-
imization methods, whose convergence rate is stated below.

Theorem 2 ( [54, Theorem 5.2]). Let (W n,Cn) be the
sequence generated by the alternating minimization approach
in (27). Then,

F(Cn,W n)−F(Ĉ, Ŵ ) ≤ 2min{L1, L2}R̃2(C0,W 0)

n− 1
,

(28)

for n ≥ 2, L1 and L2 are the Lipschitz constants of F(C,W )
respect to W and C. Also R̃(C0,W 0) is defined below:

R̃(C0,W 0) := max
(W ,C)

∈S

max
(Ŵ ,Ĉ)

∈Ŝ

{√
∥W − Ŵ ∥2F + ∥C − Ĉ∥2F,

F(C,W ) ≤ F(C0,W 0)
}
.

To obtain the Lipschitz constants, we need to obtain the
gradient F(C,W ) for the variables. When optimizing with
respect to W , F(C,W ) becomes an indicator function,
resulting in a Lipschitz constant of one, i.e., L1 = 1. Addi-
tionally, since the ℓ1 norm is 1-Lipschitz, the sum

∑L
ℓ=1 ∥cℓ∥1

becomes L-Lipschitz, hence yielding L2 = L.
After alternating between P3 and P4, we use the branch and

bound method to obtain the binary variables ĉℓ as the global
minimizer for P2. To this end, the obtained solution (Ŵ , Ĉ)
satisfies the constraints in both P3 and P4, meaning that
idS3

(Ŵ ) and idS4
(ĉℓ) become zero. As a result, F(Ĉ, Ŵ )

becomes
∑L

ℓ=1 ∥ĉℓ∥1. Next, by substituting L1 = 1 and
L2 = L into (28), we have

L∑
ℓ=1

∥cnℓ ∥1 −
L∑

ℓ=1

∥ĉℓ∥1 ≤
2R̃2(C0,W 0)

n− 1
, (29)

where we use the fact that the obtained solution W n and
cnℓ satisfy the constrains in (12) and (13), respectively, i.e.,
F(Cn,W n) = ∥cnℓ ∥1. From [55], we know that ∥ĉℓ∥1 ≤
∥c∗ℓ∥1, where c∗ℓ denotes the optimal point of P2. Moreover,
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the solution to P3 provides a lower bound for the optimal
solution to P1 as expressed below [56].

∥Ŵ ∥2F ≤ 8M̃∥W ∗∥2F, (30)

where M̃ indicates the number of constraints in (9) and
W ∗ represents the optimal point of P1. Let C̃ and W̃ be
the feasible points that maximize R̃(C0,W 0), i.e., the most
distant feasible points from the obtained solution Ĉ and Ŵ .
Using the triangle inequality, we can derive an upper bound
for the distance between W̃ and Ŵ as follows.

∥W̃ − Ŵ ∥F ≤ ∥W̃ −W ∗∥F + ∥W ∗ − Ŵ ∥F,

≤ ∥W̃ −W ∗∥F + (1 + 2
√
2M̃)∥W ∗∥F,

≤ ∥W̃ −W ∗∥F + 3
√
M̃. (31)

The last inequality follows the fact that ∥W ∗∥F ≤ 1, as
derived from (11). Similarly, we can further upper bound the
distance between W̃ and W ∗, where W ∗ := x∗x∗H.

∥W̃ − Ŵ ∥F ≤∥x̃x̃H − x∗x∗H∥F + ∥x̃x̃H − W̃ ∥F
+ 3

√
M̃, (32a)

≤2∥x̃− x∗∥22 +
N∑
i=2

λ̃i︸ ︷︷ ︸
≤1

+3
√
M̃, (32b)

≤2∥x̃− x∗∥22 + 4
√
M̃. (32c)

Here, λ̃i, i ∈ [N ] are the eigenvalues of the matrix W̃ , and x̃
is the modulation vector obtained from W̃ using the method
described in (14). The inequality in (32b) is derived based on
the fact that both x̃ and x∗ are unit vectors. By substituting
(32) into (29), we obtain the following upper bound.

L∑
ℓ=1

∥cnℓ ∥1 −
L∑

ℓ=1

∥ĉℓ∥1 ≤
2

n− 1
(2∥x̃− x∗∥22 + 4

√
M̃)2

+
2

n− 1

L∑
ℓ=1

∥c̃ℓ − ĉℓ∥22. (33)

Additionally, by invoking the fact that c∗ℓ and ĉℓ are both
binary vectors, we can get

∥ĉℓ∥2 = ∥ĉℓ∥1 ≤ ∥c∗ℓ∥1 = ∥c∗ℓ∥2, ∀ℓ ∈ [L]. (34)

Finally, by applying the triangle inequality to ∥c̃ℓ − ĉℓ∥2
and using the fact ∥c∗ℓ − ĉℓ∥2 ≤ 2∥c∗ℓ∥2 derived from (34),
the convergence rate can be obtained as follows.

L∑
ℓ=1

∥cnℓ ∥1 −
L∑

ℓ=1

∥c∗ℓ∥1 ≤
2

n− 1

(
2∥x̃− x∗∥22 + 4

√
M̃

)2

+
2

n− 1

L∑
ℓ=1

(
∥c̃ℓ − c∗ℓ∥2 + 2∥c∗ℓ∥2

)2

,

which concludes the proof.
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Efficient computation in clustered gaussian sensor networks,” IEEE
Transactions on Wireless Communications, vol. 14, no. 4, pp. 2093–
2105, 2014.
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[26] A. Şahin and R. Yang, “Over-the-air computation over balanced numer-
als,” in 2022 IEEE Globecom Workshops. IEEE, 2022, pp. 347–352.

[27] J. Yao, W. Xu, Z. Yang, X. You, M. Bennis, and H. V. Poor, “Digital ver-
sus analog transmissions for federated learning over wireless networks,”
arXiv preprint arXiv:2402.09657, 2024.

[28] S. Razavikia, J. M. B. D. S. Júnior, and C. Fischione, “Blind feder-
ated learning via over-the-air q-QAM,” IEEE Transactions on Wireless
Communications, 2024.
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