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ABSTRACT

Title: Adaptive Array Signal Processing Algorithms for LEO Satellite Communications
Author: Gabriel Borges Pinheiro

Advisor: Prof. Dr. Daniel Costa Aratjo

Postgraduate Program in Electrical Engineering.

Brasilia, august of 2025.

This dissertation presents the modeling, simulation, and performance evaluation of a signal
processing chain for a low Earth orbit (LEO) satellite ground station composed of a uniform pla-
nar array (UPA) of parabolic antennas. The study focuses on the downlink reception of digitally
modulated signals and explores methods to enhance signal acquisition and synchronization in
the presence of Doppler shift and time-varying propagation effects. The communication model
is implemented assuming a circular LEO orbit, free-space path loss, and the use of pilot-based
synchronization sequences. The work investigates techniques for array signal processing, inclu-
ding frequency division multiplexing (FDM) to mitigate grating lobes in large-spaced arrays,
frequency-locked loop (FLL) for carrier phase correction, and the Mueller and Muller algorithm
for symbol timing synchronization. Subspace-based methods—Singular Value Decomposition
(SVD) and PAST algorithm—are employed for Direction of Arrival (DoA) estimation using the
MUSIC approach, followed by spatial filtering using Wiener and Delay-and-Sum beamformers.
Simulations conducted in Python demonstrate the system’s ability to correct Doppler and ti-
ming offsets and estimate the DoA of received signals, with results showing improved bit error
rate (BER) performance under different noise conditions. The study provides a foundation for
implementing advanced ground station receivers for LEO satellite networks and sets directions

for future extensions to more realistic channel models and adaptive antenna systems.



RESUMO

Titulo: Algoritmos de Processamento Adaptativo de Sinais em Arranjos para Comunicacoes
via Satélites LEO

Autor: Gabriel Borges Pinheiro

Orientador: Prof. Dr. Daniel Costa Araijo

Programa de P6s-Graduacao em Engenharia Elétrica.

Brasilia, agosto de 2025.

Esta dissertacao apresenta a modelagem, simulacao e avaliacao de desempenho de uma
cadeia de processamento de sinal para uma estacao terrena de satélite em 6rbita baixa terrestre
(LEO), composta por um arranjo planar uniforme (UPA) de antenas parabolicas. O estudo
concentra-se na recepcao de sinais digitalmente modulados no enlace de descida e na aplicacao
de métodos para aprimorar a aquisi¢ao e sincronizacao do sinal sob efeitos de variacao temporal
e desvio Doppler. O modelo de comunicagao ¢ implementado assumindo uma oOrbita circular

LEO, perda de percurso em espaco livre e o uso de sequéncias piloto para sincronizagao.

Sao investigadas técnicas de processamento de sinais de arranjo, incluindo a multiplexacao
por divisao de frequéncia (FDM) para mitigagao de 16bulos de grade em arranjos de grande es-
pacamento, o lago travado em frequéncia (FLL) para corregao de fase do portador e o algoritmo
de Mueller e Muller para sincronizagao temporal de simbolos. Métodos baseados em subespaco
— Decomposigao em Valores Singulares (SVD) e o algoritmo PAST — séo empregados para
a estimagao da Diregdo de Chegada (DoA) via método MUSIC, seguida de filtragem espacial
utilizando os filtros Wiener e Delay-and-Sum. As simulagoes, desenvolvidas em Python, de-
monstram a capacidade do sistema em corrigir desvios de fase e tempo, bem como estimar a
DoA dos sinais recebidos, apresentando melhorias na taxa de erro de bits (BER) sob diferentes
condicoes de ruido. O trabalho fornece uma base para o desenvolvimento de receptores avanca-
dos de estacoes terrenas para redes de satélites LEO e aponta diregoes para futuras extensoes

do modelo a canais mais realistas e sistemas de antenas adaptativos.
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CHAPTER 1

INTRODUCTION

1.1 CONTEXTUALIZATION

Satellite communications represent a fundamental pillar in the evolution of global connec-
tivity, linking people and organizations across vast distances. In this landscape, Low Earth
Orbit (LEQI) satellites have emerged as a particularly dynamic and crucial component, offering
significant advantages such as low latency, high bandwidth, and higher signal stability (HE
et all, [2021)). The recent proliferation of small satellite constellations for applications ranging
from global internet service to high-resolution Earth observation has created an unprecedented
demand for a more capable, flexible, and cost-effective Ground Station (GS) infrastructure to
support them (PRATT; ALLNUTT, 2019). are the terrestrial piece of this ecosystem,
serving as the critical reception and transmission points for all satellite data. The ability of
these stations to acquire, track, and maintain a clear communication link is paramount to the
success of any satellite mission (INGRAM et al., 2005)). Figure illustrates an overview of a

satellite ’end-to-end’ link, toward the uplink-downlink direction.

To meet the demands of modern constellations, advanced adaptive signal processing
techniques are quite beneficial. One of the most powerful methods in this domain is the use
of planar antenna arrays combined with beamforming. This technology allows for the precise
electronic steering of a signal beam, enabling robust signal capture and directionality, which
significantly enhances the quality and reliability of the communication link (ZAKI et al., [2020).
The impact of such technology is noticeable across numerous sectors, including high-quality
media broadcasting, stable high-speed internet for real-time applications, and critical functions

like military navigation and remote environmental sensing (TREES, [2002).

Historically, the ground segment for [LEO]satellites has been dominated by large, mechanically-

steered parabolic antennas. A typical utilizes a single dish, often as large as 11 meters in
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Figure 1.1. A typical satellite link. The sends a message for a User Terminal (UT]) through a satellite
toward the uplink-downlink direction (Forward-link), and the [Tl sends another message back (Return-link) to
[GS]

Forward-link
downlink

Forward-link
uplink

" Return-link Return-link "~
downlink uplink N

Ground station User terminal

Source: (BRAUN; BRAUN| 2021).

diameter, which tracks one satellite at a time by physically slewing its position. Although
effective, and capable of supporting downlinks up to 150 Mbps, this model has substantial
drawbacks, such as the construction of such a station represents a significant capital invest-
ment, on the order of $4 million, until the last decade, and is accompanied by high ongoing
operational and maintenance costs (RONDINEAU et al., 2006)). Furthermore, to maximize con-
tact time with satellites in polar orbits, these facilities are optimally located in high-latitude,

often remote, regions, limiting their geographical distribution (ZAKI et al., 2020)).

This traditional paradigm was challenged by a new architecture for [GSk, as explored by
researchers such as (INGRAM et al) 2004) in "Optimizing Satellite Communications With
Adaptive and Phased Array Antennas."The proposed shift is from a single, large, mechani-
cal antenna to a system composed of multiple, smaller, electronically-steered antenna arrays.
This approach seeks to replace costly and failure-prone moving parts with robust digital sig-
nal processing. The core concept involves adaptively combining the signals from an array of
moderately directive antennas to maximize the Signal-to-Interference-plus-Noise Ratio (SINR),
as shown in the Figure This not only allows for tracking of the desired satellite but also
provides inherent capabilities for mitigating terrestrial interference, making it feasible to deploy

in more populated, non-polar, regions.

This dissertation is motivated by the project called "Low-Cost, High-Download Rate, Dis-
tributed, and Autonomous Ground Station"(LCEPT)| 2022) (translated), and it aligns directly
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Figure 1.2. The implemented discrete lens antennas array, on the left. On the right side, the adaptive scheme
to get the spatial filtering data and beamforming.

Training
sequence

error

Adaptive |4
algorithm

Source: (INGRAM et all, [2004).

with this innovative approach. The primary objective is to investigate the feasibility of such
[GSl The vision is to develop a remotely programmable station with ideally no moving parts, at
a target cost of less than a tenth of current systems. The physical architecture will be centered
on an array of antennas with small-to-moderate apertures. The main research thrust will be
on the physical layer, focusing on the radio-frequency front-end and, most critically, the imple-
mentation of adaptive digital signal processing algorithms to coherently combine the outputs
from the array elements. This approach not only allows for agile tracking of the desired satel-
lite but also provides inherent capabilities for mitigating terrestrial interference by maximizing

the Signal-to-Interference-plus-Noise Ratio (SINR]), making it feasible to deploy [GSk in more

accessible, non-polar regions (INGRAM et al., [2004).

The core idea on (INGRAM et all, 2004) is while a single station of this new type may not

initially match the peak data rates of a massive parabolic dish, the strategic advantage lies in
distribution. By drastically lowering the cost, a dense network of these can be deployed
and interconnected via the internet. This creates a distributed ground segment, allowing for
data to be downloaded sequentially as a satellite passes over a series of stations, thereby ena-
bling near-continuous communication with LEO assets. The architecture under investigation is
also inherently flexible, designed for rapid reconfiguration to allow for fast-switching between

satellites or even future communication with multiple satellites simultaneously (LCEPT] 2022).

By focusing on this innovative architecture, this work aims to contribute directly to
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Figure 1.3. on University of Brasilia, Gama Camp
. P S —

(planar) is highlighted.

us. The antenna array
1T IR

CaR IRl
— ’..

Source: Own authorship. Photo taken via Google Maps.

the technological advancement of satellite communications, addressing a key infrastructural

challenge to help build a more connected world.

1.2 PROBLEMATIC

The implementation of adaptive array systems for satellite communications entails
several significant technical challenges. These challenges stem from the complexity of the
physical propagation environment, system geometry, and dynamic satellite movement. This
section outlines key problem areas encountered in this research domain, from the physical
imperfections of the antenna array to the complex nature of the propagation channel and the

signal environment.

1.2.1 Array Calibration and Inter-Element Coupling

In theoretical models, antenna arrays are often treated as ideal structures: each element is
assumed to be identical, perfectly matched, and electromagnetically isolated from its neighbors.
However, real-world implementations deviate significantly from this idealization. Manufactu-
ring tolerances introduces element-wise variations in gain, phase, and impedance characteristics.

More critically, the Electromagnetic (EM)) fields radiated by each antenna element induce cur-
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rents in adjacent elements - a phenomenon known as mutual coupling (SOBRINHO et al.,

2024).

Mutual coupling alters the effective impedance seen by each antenna and distorts the array
radiation pattern, causing the array manifold. These deviations are particularly problematic
for high-resolution Direction-of-Arrival (DoAl) estimation algorithms - e.g., MUSIC, ESPRIT -
and adaptive beamforming techniques, which rely on accurate modeling of the array response

to perform spatial filtering and signal separation (MORI, 2023).

Without compensation, these imperfections result in beam misalignment, degraded interfe-
rence suppression, etc. Hence, in such degraded conditions, the array’s ability to focus on the
desired signal while suppressing interferers becomes fundamentally compromised. Therefore,
calibration becomes essential. It aims to identify and correct gain and phase mismatches, as
well as model and compensate for mutual coupling effects, thereby restoring the array to a

condition approximating its theoretical performance (SOBRINHO et al., [2024)).

1.2.2 DoA Estimation

Direction-of-Arrival (DoAl) estimation refers to determining the angular coordinates from
which [EM] waves impinge on an antenna array. For satellite communications, accurate DOA
information is essential for tracking moving satellites, optimizing beamforming, and improving

Spectral Efficiency (SE)) through precise spatial filtering, being central to beam steering.

However, satellite motion, signal noise, and low Signal-to-Noise Ratio (SNRI) conditions can
produce ambiguous or unstable angle estimates, especially when the satellite approaches from

low elevation angles or when closely spaced multipath components exist (CHENG et al., 2013]).

Furthermore, the very high velocity of satellites introduces a significant and rapidly
changing Doppler shift. This effect on links can cause carrier frequency shifts up to tens of
kHz and introduce significant phase rotation per symbol, which can lead the beamforming
algorithm to steer the main lobe away from the true satellite direction, severely impacting the

communication link.
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1.2.3 Multipath Signal Reading

In many operational environments, particularly urban and suburban areas, the signal from
the [LEQ satellite does not only arrive via a direct Line-of-Sight (LoS]) path. It also reflects
and scatters off buildings, terrain, and other obstacles, creating multiple indirect paths to the
receiver. This multipath propagation causes the received signal to be a superposition of several

delayed and attenuated copies of the original signal.

This phenomenon leads to multipath fading, where the signal strength fluctuates rapidly,
and delay spread, which can cause Intersymbol Interference (ISI)) in high-data-rate systems

(DAVIS et all 1997).

1.2.4 Grating Lobes from Large-arrays

Grating lobes are replicas of the main beam that appear at predictable angles in the radia-
tion pattern when the inter-element spacing exceeds half a wavelength of the signal frequency
(BALANTIS| [2016). The presence of grating lobes has several detrimental effects (TREES,
2002):

1. Ambiguity in [DoAl Estimation: A grating lobe is indistinguishable from the main lobe in
terms of gain. This means the array cannot tell if a signal is coming from the intended
direction or from the direction of a grating lobe. This ambiguity is catastrophic for [DoAl
estimation algorithms, which may lock onto a grating lobe instead of the true satellite

position.

2. Increased Susceptibility to Interference: Just as grating lobes can transmit power in
unwanted directions, they can also receive it. A strong interfering signal located in the
direction of a grating lobe will be received with the same gain as the desired signal in the
main lobe, making it impossible for the array to suppress the interference through spatial

filtering alone.

3. Reduced Gain and Efficiency: Power radiated into grating lobes is wasted energy that is
not contributing to the main beam. This reduces the overall gain and efficiency of the

antenna system.
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1.2.5 Propagation time synchronization

Before any data can be demodulated, the receiver must achieve precise timing synchroniza-
tion with the incoming signal. This involves aligning the receiver local clock with the symbol
timing of the received waveform. Timing misalignment in sampling clock causes [SIl and de-
coding errors. Failure to maintain accurate timing synchronization results in a high Bit Error

Rate (BERI) and can lead to a complete loss of the communication link (SKLAR] 2020)).

In the[LEQIsatellite context, this is complicated by the significant and time-varying propaga-
tion delay. As the satellite moves from the horizon to its highest point and back to the horizon,
the path length changes dramatically, causing the propagation delay to vary continuously. This
satellite travels at approximately 7.5 km/s, which can induce substantial frequency shifts, dis-
rupting the orthogonality of subcarriers in multicarrier systems and degrading performance if

not properly compensated (MARAL et all 2020).

1.2.6 Interference from Other Signal Sources

Satellite are susceptible to interference from a multitude of terrestrial and non-terrestrial
sources. These can include other satellite systems, terrestrial microwave links, cellular networks,
and broadcast services operating in adjacent frequency bands. This interference can be powerful
enough to overwhelm the weak signal received from the [LEOIsatellite, significantly reducing the
and degrading communication quality (MARAL et al., [2020). The primary advantage
of an adaptive antenna array is its ability to mitigate this interference by forming nulls in its
radiation pattern in the direction of the interfering sources. However, this ability is dependent
on the number of array elements, the accuracy of DOA estimation for both the desired signal
and the interference, and the quality of the array calibration. Effectively identifying and nulling
multiple, potentially mobile, sources of interference is a key challenge in the design of the
signal processing algorithms (TREES| 2002]).
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1.3 BRIEF LITERATURE REVIEW

This section provides a brief overview of the state-of-the-art in the core technologies that

are foundational to this work.

The development of adaptive antenna arrays for [LEQ] satellite communications builds upon
decades of research in several key areas of signal processing and antenna theory. Current
research focuses heavily on adaptive signal processing to optimize the array performance. This
task involves processing data in the modem by employing algorithms to coherently combine
signals from multiple elements to maximize and actively suppress terrestrial interference

by steering nulls in the radiation pattern to unwanted sources.

The adaptive combination of signals from multiple receive antennas offers several key fea-

tures that are critical for a high-performance [GSt

e Array Gain: This is the most direct benefit of using an array. By coherently combining
the signals from multiple elements, the overall is improved. For an array with
N elements, each receiving a signal with a similar [SNR] the combined output SNR is
enhanced by a factor of 10log;,(/N) in dB. This gain is valuable for reliably detecting the

weak signals transmitted by satellites.

e Diversity Gain: Satellite signals are often affected by multipath fading, a condition where
multiple copies of the signal arrive at the receiver from different directions. These copies
can add together destructively, causing a dramatic drop in signal strength. Since the
elements of an array are spatially separated, they are unlikely to all experience a deep fade
at the same time. An adaptive combiner can capitalize on this by intelligently weighting
the signals, thus making the output signal far more resilient to multipath effects. This

improvement in signal stability is known as diversity gain.

e Interference Suppression and Multi-User Detection (MUD)): In today crowded radio spec-
trum, interference from other signal sources is a major concern. An adaptive array can
mitigate this by electronically forming "nulls"in its radiation pattern, effectively deafe-
ning itself to signals arriving from the direction of the interference. This capability can be

extended to [MUDI| which would allow the to separate signals from multiple satellites



1.3 — BRIEF LITERATURE REVIEW 9

transmitting on the same frequency within the array field of view ([oS)). As long as the
signals from different satellites arrive from distinct directions, the array processor can
compute a unique set of combining weights for each one, isolating the desired signal while

suppressing the others.

1.3.1 DoA Tracking

In the satellite context, especially for [LEQ] systems, [DoAl estimation must cope with high

mobility, short pass durations, and multipath interference. Some methods are listed below.

e Subspace-Based Methods: Algorithms like Multiple Signal Classification (MUSIC)
(SEKIZAWA| [1998) and Estimation of Signal Parameters via Rotational Invariance Te-
chniques (ESPRIT]) (ROY; KAILATH, 1989) have been the cornerstone of [DoA] estima-
tion for decades. These methods exploit the eigen-decomposition of the received signal
covariance matrix to achieve high-resolution [DoAl estimates, separating the signal subs-
pace from the noise subspace, especially when the number of sources is known. [MUSIC]
variants like Root{MUSIC| have improved performance in the presence of correlated mul-
tipath, and their performance, however, MUSIClis highly dependent on accurate channel
and array manifold knowledge (KRIM; VIBERG] 1996).

The (Standard) [ESPRITI algorithm provides faster computation by leveraging subarray
invariance (ROY; KAILATH, [1989). Its technique also has well-nowed variants, like
Unitary{ESPRIT], offers additional optimizations to the computational load (HAARDT
et all [1998) and as well there is an adaptive implementation of [ESPRIT] based on the
Projection Approximation Subspace Tracker (PAST]) signal subspace estimation method,
better suited for non-stationary signals. This adaptive method uses previous estimates
in a feedback loop, optimizing data processing time and reducing the complexity to a
linear O(nr) versus the standard SVD-based implementation that has complexity of O(n?)
(BADEAU et al., |2003).

e Machine Learning Approaches: More recently, Machine Learning and Deep Learning
techniques have been applied to the [DoAl estimation problem. These methods can le-

arn the complex, non-linear relationship between the received signal and the [DoAl even
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in the presence of array imperfections and multipath. Supervised learning models can
be trained on extensive datasets of simulated or measured signals to achieve high accu-

racy, while unsupervised methods can adapt to changing channel conditions (LIU} 2020),

(MORADKHANT et al, 2022), (XU et all, 2023), (ZHENG et al), [2024).

e Compressed Sensing: Compressed sensing techniques have also been employed to re-
duce the number of required measurements and the computational complexity of DOA

estimation, which is particularly relevant for large number of array elements (MIRZA et

all, [2020), (SHI et al 2023), (JIANG et all, [2023), (LIN et all, [2021)), (LTU et all, [2024).

1.3.2 Symbol Synchronization

Symbol synchronization, or timing recovery, is crucial in mitigating timing offset and jitter
in high-data-rate satellite links, as mentioned in Section [1.2.5] Classic Non-Data-Aided (NDA))
algorithms are widely used for symbol synchronization as they do not require known training

sequences.

The Gardner algorithm is a popular choice due to its simplicity and effectiveness in mode-
rate [[SI] conditions, especially in low conditions (GARDNER/, 1986)). The early-late gate
synchronizer is another classic method that provides robust performance (MENGALIL [2013]).
Mueller and Miiller (MaM]) has advantage of needing only one sample per symbol (1 symbol
interval) of signal (MUELLER; MULLER], 1976).

1.3.3 Doppler Frequency Shift Correction

The large and time-varying Doppler shift in LEO satellite links must be continuously tracked

and corrected to prevent a loss of coherence.

e Closed Loops: The most common methods for carrier and phase recovery are either
Phase-Locked Loop (PLL) or Frequency-Locked Loop (ELL]). They are a feedback con-
trol system that generates an output signal whose phase is related to the phase of an
input signal. In a satellite receiver, the [PLI] tracks the phase of the incoming carrier,

effectively removing the Doppler-induced frequency shift (KAPLAN; HEGARTY/ 2017),
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(TEUNISSEN; MONTENBRUCK] 2017).

e Doppler Pre-Compensation: With accurate orbital data (e.g., from Two-Line Ele-
ments (TLEE)), it is possible to predict the Doppler shift at the from a theoretical
model and pre-compensate for it, either at the transmitter or the receiver. This signifi-

cantly reduces the burden on the receiver tracking loops (ALI et al., 2013)).

1.3.4 Processing Techniques for Large-Space UPA

For avoiding grating lobes issues in the scanned signal, shown in Section one of the
most effective strategies is to abandon uniform spacing and design aperiodic or non-uniform
arrays. By optimizing the positions of the elements, it is possible to suppress the grating
lobes that arise from periodic structures. This can be achieved through various optimization
algorithms that find the best element placement for a given application (ZHANG et al., 2018]),
(KRIVOSHEEV et al., [2015).

Another approach involves using specific array geometries, such as T-shaped or L-shaped ar-
rays. These configurations use multiple co-prime sub-arrays to resolve the ambiguity caused by
grating lobes, effectively providing an unambiguous 2D Direction of Arrival (DOA) estimation

even with large element spacing (SHENG et al., [2023)), (LIU et al., 2022).

Furthermore, advanced signal processing techniques can be employed. This includes using
antenna elements with specific radiation patterns, such as a null-scanning antenna, which can
be designed to place a null in the direction of the grating lobe, effectively suppressing it (KHA-
LILPOUR et all|2020). Similarly, exciting higher-order modes in the antenna elements can be
used to reduce grating lobes, especially when scanning the beam to wide angles (WANG et al.,

2018), (WANG et all, 2008).

(PINHEIRO et al.,[2024) proposes a novel Frequency Division Multiplexing strategy.
This technique introduces frequency diversity across elements during RF demodulation, effecti-
vely emulating a non-uniform array geometry and suppressing spatial aliasing, leading to their
suppression without altering the physical array geometry. Thereby enhancing beamforming

performance for satellite tracking.
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1.4 OBJECTIVES

The topics about Array Calibration and Inter-element Coupling (Section , Multipath
Signal Reading (Section , and Interference from Other Signal Sources (Section will
not be addressed in this work, due to the restriction of the scope of studies for this dissertation.
Methods to treat these deleterious effects are considered for others — future — works ,

and such effects will not be considered in the models developed in this study.

1.4.1 General Objective

The primary objective of this dissertation is to develop and simulate adaptive signal pro-

cessing algorithms for a proper [LEQI satellite downlink that utilizes a large-space Uniform

Planar Array (UPA]).

1.4.2 Specific Objectives

e Develop a signal model representative of the reception scenario in LEO satellite commu-
nications, accounting for satellite dynamics and [UPAl array features, like a physical model

for the antennas.

e Implement algorithms to perform [DoAl estimation of the incoming satellite signal at the

GSI

e Implement algorithms for spatial filtering of the signal received from the array.

e Analyze the impact of Doppler shift and time-varying propagation effects on system per-
formance, assessing the performance of spatial filtering. Furthermore, propose appropriate

compensation methods.

e Explore and implement a novel method to mitigate grating lobes in large-space arrays

using Frequency Division Multiplexing (FDM]) techniques.
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1.5 DOCUMENT STRUCTURE

This dissertation is organized into five main chapters, each addressing a key aspect of the

research, from theoretical foundations to implementation and analysis.Follow its detailing.

Chapter 1 : Introduction

This chapter provides the foundational context for the research.

— Section 1.1 establishes the scope and relevance of the work.

— Section 1.2 details the primary challenges inherent in [LEOI satellite communication

with antenna arrays.

— Section 1.3 presents a brief review of any state-of-the-art techniques relevant to this

field.

— Finally, Section 1.4 outlines the specific objectives and goals of this dissertation.

Chapter 2 : Theoretical Basis

This chapter is dedicated to the theoretical framework of the systems.

— Section 2.1 describes the spatial scenario of LEO satellites and the consequential

effects of their orbital mechanics on the communication link.

— Section 2.2 covers the theoretical tools for modeling the array, discussing spheri-
cal coordinates, the physical model for parabolic antennas, and the transformation

between Local and Global Coordinate Systems.

— Section 2.3 presents the complete model for the LEO satellite communication signal,
detailing the flow from bit assignment to Quadrature Phase Shift Keying (QPSK])
symbol mapping, pulse shaping with a Raised-Cosine filter, and culminating in a

model for the signal received by the array.

Chapter 3 : System Model

This chapter details the signal being modeled and its distortion effects.

Chapter 4 : Proposed Architecture

This chapter details the implementation of the core signal processing algorithms.
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— Section 4.1 introduces the novel [FDMlbased technique for mitigating grating lobes.

— Section 4.2 covers the statistical parametric estimation of the received signal, em-
ploying Singular Value Decomposition ([SVD)) for subspace decomposition and [PAST]

for subspace decomposition.

— Section 4.3 focuses on the implementation of a [DoAl estimation algorithm, such as

MUSICL

— Section 4.4 discusses the use of spatial filtering for the final reconstruction of the

desired signal.

— Finally, Section 4.5 describes the methods for correcting timing and frequency errors,
specifically the [MaM] algorithm for symbol synchronization and a [FLI] for Doppler

frequency shift correction.

Chapter 5 : Results and Conclusions
The final chapter presents the outcomes of the research.
— Section 5.1 show the setups parameters for the system implementation.

— Section 5.2 provides a detailed description of the simulations performed and an in-

depth analysis of the implemented algorithms’ performance.

— Section 5.2 summarizes the key findings of the dissertation, draws final conclusions,

and suggests potential avenues for future work.



CHAPTER 2

THEORETICAL BASIS

2.1 SCENARIO

satellites operate in a environment that dictates their design, function, and interaction
with Understanding their orbital characteristics is fundamental to designing any commu-
nication system that relies on them. This section details the essential elements of LEO satellite
motion, from the classical laws governing their paths to the practical data formats used to track

them and the real-world forces that perturb their orbits.

2.1.1 Spherical Coordinates

The analysis of electromagnetic wave propagation and antenna radiation patterns is most
naturally described using a coordinate system that matches the geometry of the expanding
wavefronts. The basic aspects of spherical coordinates used in this work are described in

Chapter [A]in the Appendix.

Earth-Centered Inertial (ECI) and Earth-Centered, Earth-Fixed (ECEF) Coordi-

nate Systems

To describe the position and motion of a satellite and relate it to a ground station, two
fundamental coordinate systems are used: the [ECI| frame and the [ECEF] frame. The key
difference between them is that the [ECI| frame is non-rotating with respect to the distant stars,

while the [ECEF] frame rotates with the Earth (VALLADO) 2013)).

The coordinate system is a non-rotating, or inertial, frame of reference. Its origin is
at the center of the Earth mass, but its axes are fixed with respect to the celestial sphere (i.e.,

the distant stars). This "inertial" property is crucial because the laws of physics that govern
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a satellite orbit, such as Newton’s laws of motion and Kepler’s laws, are simpler and more

naturally expressed in a non-accelerating frame.

Origin: Earth center of mass.

Fundamental Plane: The Earth equatorial plane.

Principal Direction (X-axis): Points towards the vernal equinox, which is a fixed direction

in space where the ecliptic plane intersects the celestial equator.

Orientation: The axes do not rotate with the Earth.

Because orbital mechanics are described in this non-rotating frame, the classical Keplerian
orbital (Section or [TLE] (Section parameters are used to calculate a satellite state
vector (position and velocity). The resulting position vector is naturally expressed in the [ECI|
coordinate system. This frame is ideal for propagating the satellite trajectory through space.
This coordinate system, as its name implies, is fixed to the Earth and rotates with it. Its axes

are aligned with the Earth body, making it a non-inertial, accelerating frame.

Origin: Earth center of mass.

Z-axis: Points towards the North Pole.

X-axis: Points towards the intersection of the prime meridian (0° longitude, passing

through Greenwich, England) and the equator.

Y-axis: Completes the right-handed system.

When relating a satellite position to a fixed location on Earth, such as a[GSor a Geostationary
Earth Orbit (GEQ)) satellite, the natural reference frame is the [ECEF] system. A location in
[ECEH r s can be directly mapped to its geographic coordinates. The latitude (1) is the angle
north or south from the equatorial plane, and the longitude (¢) is the angle east or west from
the Greenwich meridian. These geographic coordinates, in turn, are used to determine the
pointing angles from a ground station to a satellite, namely the Azimuth (compass direction)

and Elevation (angle above the horizon).
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To track a satellite, a must continuously perform a time-dependent rotation to convert
the satellite predicted position from the [ECIl frame (where its orbit is described) to the [ECEEF]

frame ry,; (to know where it is relative to the rotating Earth).

2.1.2 The Keplerian Orbit

satellites move in elliptical orbits governed by Kepler’s laws of planetary motion,
assuming an idealized two-body system (Earth and satellite). This model is defined by a set
of six classical parameters - Keplerian orbital elements - along with the position of the satellite

within it at a specific time (epoch), they are illustrated in the Figure :

1. Semi-Major Axis (a): Defines the size of the orbit. It is half the length of the longest

axis of the ellipse.

2. Eccentricity (e): This describes the shape of the elliptical orbit. An eccentricity of 0
corresponds to a perfect circle, while values between 0 and 1 indicate an ellipse. The

higher the eccentricity, the more elongated the orbit.

3. Inclination (7): This is the angle between the orbital plane of the satellite and the
equatorial plane of Earth. An inclination of 0° means that the satellite orbits directly

above the equator, while an inclination of 90 °0 signifies a polar orbit.

4. Right Ascension of the Ascending Node (RAAN]) (£2): This parameter orients the
orbital plane in space. The ascending node is the point where the satellite crosses the
equatorial plane moving from south to north. €2 is the angle measured eastward in the

equatorial plane from a fixed reference direction in space to the ascending node.

5. Argument of Perigee (w): This defines the orientation of the ellipse within the orbital
plane. It is the angle measured in the direction of the satellite motion from the ascending

node to the perigee — the point in the orbit closest to the Earth.

6. True Anomaly (v): This specifies the satellite position along its elliptical path at a
given epoch. It is the angle measured from the perigee to the satellite current position

vector.
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Figure 2.1. (a) Elliptical satellite orbit. Can be seen the Perigee and Apogee distances, and the Major and
Minor Axes. (b) Any orbital parameters traced in relation to the equatorial plane.
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Source: (JR) 2017).

Due to the relatively low altitude of satellites compared to the Earth radius, their
orbits often exhibit very small eccentricities (e ~ 0) (PRATT; ALLNUTT), 2019). As a result,
it is generally acceptable to approximate the elliptical orbit as circular, simplifying calculations

without introducing significant error.

Perturbations of Orbits

A satellite orbit is not a perfect ellipse due to various perturbing forces that cause it
to deviate from the ideal Keplerian path. The most significant of these for satellites
are(VALLADO, [2013)):

e Earth Asphericity: The Earth is not a perfect sphere; it is an oblate spheroid, bulging
at the equator. This non-uniform mass distribution causes gravitational variations that

lead to a long-term precession of RAAN| Q and the argument of perigee w.

e Atmospheric Drag: For satellites at lower altitudes (below 1000 km), the friction from
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the Earth tenuous upper atmosphere is a major perturbing force. This drag acts opposite
to the direction of motion, causing the satellite to lose energy and its orbit to decay,

gradually decreasing the semi-major axis a and eccentricity e.

e Third-Body Perturbations: The gravitational pull from the Sun and the Moon can

also alter a satellite orbit, primarily affecting the inclination ¢ and €2 over long periods.

2.1.3 TLE format

While keplerian elements perfectly describe an ideal orbit, real-world orbits are not per-
fect. To track satellites in practice, the North North American Aerospace Defense Com-

mand (NORADI) and National Aeronautics and Space Administration (NASAJ) uses a format
called the [TLE] set, it contains the orbital elements of an object at an epoch. The [TLE format
indirectly accounts for perturbations, they are mean orbital elements averaged over time to

account for perturbations (VALLADO, [2013]).

A [TLE consists of a title line followed by two lines of data in a specific format (CELES-
TRAK], 2022):

e Line 1:

— Epoch (YYDDD.DDDDDD format);
— First and second derivatives of mean motion v, v;

— BSTAR drag term.
e Line 2:

— Inclination 7;

— RAAN Q;

— Eccentricity e;

— Argument of perigee w;
— Mean anomaly M;

— Mean motion v.
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These data, including key perturbations, are used as input for an orbital propagation model,
such as Simplified General Perturbations 4 (SGP4)), to predict the position and velocity of the
satellite at any point in the near future (VALLADO, 2013)).

The BSTAR drag term in line 1 is a coefficient used by the to estimate the effects
of atmospheric drag. The model also includes terms to handle the secular (long-term) pertur-
bations caused by the Earth oblateness. Because these perturbations continuously change the
orbit, [TLE] for satellites must be updated frequently - often every few days - to maintain
tracking accuracy (CELESTRAK] [2022).

2.1.4 Orbital Velocity

The velocity of a[LEQlsatellite is not constant unless its orbit is perfectly circular. According
to Kepler’s Second Law, a satellite moves fastest at perigee and slowest at apogee (the nearest
and farthest point from Earth, respectively). For a simplified circular orbit, the radius of the
orbit 7 is the sum of Earth’s radius and the satellite’s altitude, and the orbital velocity (v) is
determined by balancing gravitational and centripetal forces, in which the following formula is

obtained (PRATT; ALLNUTT] [2019):

GM
v = R (2.1)
where:

e G =6.674 x 107" Nm? /kg? (gravitational constant),
o My =5972 x 10** kg (Earth’s mass),
e Rp =6371km (Earth mean radius),
e h: Average altitude of the satellite.
The Orbital Period - also called Revolution Period - (7") can be calculated as

T = QWREU+ n (2.2)

For example, [LEQl satellites, which typically orbit at altitudes between 200 and 2,000 km, this
results in extremely high velocities, on the order of 7.3 km/s, completing an orbit in about 100

minutes (PRATT; ALLNUTT, [2019)).
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2.1.5 Coverage and Satellite Pass

The coverage area, or footprint, of a satellite is the portion of the Earth surface from which
the satellite is visible. This area is a circle whose size depends on the satellite altitude and the
minimum elevation angle required for a ground station to establish a reliable link (MARAL et
al), 2020). A satellite pass duration 7}, is the period during which a satellite is visible above
the local horizon of a ground station, allowing for direct communication.The pass begins
at the Acquisition of Signal and ends at the Loss of Signal point. It is influenced primarily by
the orbital altitude h and the satellite footprint.

When the satellite beamwidth is large enough to fully cover the local horizon, the mean pass
duration can be approximated by a simple linear relation with respect to the satellite altitude.
Based on the article "A Tractable Approach for Predicting Pass Duration in Dense Satellite
Networks" (AL-HOURANT, |2021)) the approximate minimal pass duration 7;*™ (in minutes) for

a LEO satellite with altitude h in kilometers is given by
T 2 9.31 x 1072 - hlkm] 4 4.68.  [min] (2.3)

This formula is derived under the isotropic assumption where satellites are modeled using a
random circular orbit model (i.e., a stochastic geometry approach). Due to their high velocity,
satellites have a limited visibility window over any ground location, typically between
5 and 15 minutes per pass (INGRAM et al., [2004)).

2.1.6 Doppler Shift

One of the most prominent features of the [LEQI satellite channel is the significant Doppler

shift, which is a change in the frequency of the received signal due to the high relative velocity

between the satellite and the ground station, as already discussed in [Subsecao 1.2.5|

Let the distance between [GSksatellite D(t) = [|r(t)sat — r(t)cs|| be the so-called slant range

and v,.(t) = dDdit) be its relative velocity of the satellite, the Doppler shift, f4(¢) , can be modeled

by (MARAL et al., [2020):

v, (%)

fa(t) = fo, (2.4)

where ¢ is the speed of light and fy is the carrier frequency.
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The relative velocity, v,(t), changes throughout the satellite pass, being maximum when
the satellite is at the horizon (rising or setting) and zero when the satellite is at its highest
elevation point directly overhead (assuming a direct overhead pass). For a typical S-band
system at fy = 2 GHz, the Doppler shift may reach up to +50 kHz, depending on the satellite’s
trajectory relative to the observer. This time-varying nature of the Doppler shift requires

continuous tracking and compensation at the receiver.

It is worth mentioning that the initial estimate for the Doppler frequency shift can be
predicted analytically from the satellite’s orbital parameters ( e.g., available in [TLEE). Given
the known orbital velocity ve,, = v, + Ugé + UMB, satellite position rg,, and the ground station

position rgg, the relative velocity in the line-of-sight direction v, is computed as:

~ (rsat rgs) (rsat rgS)VT t
B =y, — rsat T Tes) o sa 2.5
Ur( ) I' - Vgat | |rsat rgs| | Vsat D ( )

2.2 ANTENNA MODEL

The core of the receiving system is the antenna array. To accurately simulate the
performance of this system and implement effective signal processing algorithms, a precise
mathematical model of the antennas radiation characteristics is of great value. This section

details the physical model for a [UPA] composed of parabolic dish antennas.

2.2.1 Far-Field Parabolic Antenna Model

A parabolic reflector antenna is a high-gain antenna used for point-to-point communications,
and it functions by reflecting the electromagnetic waves from a feed source placed at its focal
point. This process transforms the spherical waves from the feed into a nearly uniform plane
wave across the antenna aperture, resulting in a highly directive beam. In the far-field region,
the radiated electric field can be determined by applying the principles of Fourier optics to the
field distribution across the aperture (ORFANIDIS, [2016]).

For a model shown in Figure the electric field vector, E(r, 0, ¢), at a large distance r

from the antenna, can be expressed in its spherical polarization components, Fy and E,;. These
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components represent the projection of the electric field onto the unit vectors 6 and gg in a
spherical coordinate system. Based on the principles outlined in (SMOLDERS et al., 2019)),

supposing an isotropic feeder, the far-field components can be modeled as:

d?  edkr Jy (k;2sin 6
Ey(r,0,¢) = jk:i—Eoe (14 cos®) cosgbw
4 2r i5 Sin g (2.6)
B, (r.0.6) = —jk d2E e‘jk”(1+ 0)si J1 (k4 sin6) ‘
o(1:0:6) = 7k Eo"5 (1 + cos)sin o= LT,

where:

k =27 /) is the wavenumber, and \ is the signal wavelength.

d is the diameter of the aperture of the parabolic dish.

0 is the angle measured from the antenna main axis, on the boresight (positive Z-axis for

this case).

Ji is the order one Bessel function of the first kind

e [ is a complex constant representing the field on the boresight.

Figure 2.2. Parabolic antenna. Side view, on the left, the feed antenna illuminates a parabolic reflector.
Frontal view, on the right, the origin of coordinate system is on the center.
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Source: (SMOLDERS et al 2019).

They are the perpendicular components of E| (r,0, ¢), then its magnitude is

IEL(r0.0)1* = [Eo(r0, )1 + | Bo (0, 0|, (2.7)
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and the radiation pattern magnitude associated with it is

2
E.(0,0)? Ji (k4 sin6)
o) = LI _ 0)? | ——2——~ 2.8
IE ()] o (14 cosd) ki dsin (2.8)

and does not depend neither on r nor on ¢.

The gain of an antenna, G(f), is a fundamental parameter that quantifies its ability to
concentrate radiated power in a specific direction relative to an isotropic source that radiates
power equally in all directions. For a parabolic antenna, the gain is directly proportional to its

effective aperture area and inversely proportional to the square of the wavelength.

The gain is closely related to the directivity, D (), which is the gain of a hypothetical lossless

antenna. The directivity is determined by the radiation pattern:

Ji (k2 sin6) ] i | 29)

D(6) = Dy|F(0)|* = Do(1 + cos 6)? [ T
k;5 sin 6

where Dy = 1, (%) is the maximum directivity occurring at the boresight (f = 0°), within
A, = “TdQ being the physical area of the aperture. Its radiation pattern is illustrated on Figure
[2.3] it can be seen that its directivity is very narrow, with high gain in boresight. To achieve

gain diversity, each antenna element should point in a different direction, as argued in Section

b31l

Figure 2.3. A parabolic antenna radiation pattern of the (2.8).

Radiatj

Source: Own authorship.

The actual gain is the directivity reduced by the antenna efficiency, n,, which accounts for
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various practical losses such as feed spillover, aperture blockage by the feed structure, non-

uniform illumination, and resistive losses (SMOLDERS et al., [2019), therefore
G(0) = n.D(0). (2.10)

The maximum gain, GGy, which occurs on the boresight axis, is a key figure of merit and is given
by

A
Go = 1n.Do =14 7 . (2'11)

The aperture efficiency, 7,, for a typical parabolic reflector antenna generally falls in the range

of 55% to 65% (ORFANIDIS, 2016).

2.2.2 Global and Local Coordinate Systems

In the analysis and simulation of antenna arrays — especially in 3D propagation envi-
ronments such as those encountered in satellite or millimeter wave systems—defining precise
coordinate systems is necessary. The Global Coordinate System (GCS]) provides a universal
frame of reference for network-wide evaluations, while the Local Coordinate System (LCS)

defines the orientation and radiation pattern of each individual antenna element or array panel.

They are illustrated in Figure at left. The [GCY (r = [x y z]) serves as an absolute,
universal frame of reference for the entire communication scenario. It is used to define the
positions of all entities within a common space. The [LCS (#' = [’ ¢/ 2/]) is defined relative to

each antenna array. Its orientation is defined via three rotations, as exemplified in Figure [2.4]

(ETSI, [2020):

e a: bearing angle (rotation about [GCY z-axis),
e [3: downtilt (rotation about the intermediate y-axis),

e 7: slant (rotation about the rotated Z-axis).

This rotation sequence allows any mechanical orientation of the antenna relative to the
global frame and it is through a coordinate transformation based on a composite rotation

matrix

R(,8,7) = R.(a) Ry(B)Ro(7) (2.12)
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Figure 2.4. At left, relation between references in [GCY (0,¢) and [LCS] (8',¢'). At right, set of axis rotation
angles «, 8 and +, respectively
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Source: (ETSI, [2020).

in which

+cosa —sina 0 +cosf 0 +sing
R.(a) = | +sina +cosa 0], Ry(B) = 0 1 0 (2.13)
0 0 1 —sinf 0 +4cosf
1 0 0
and R,(y) = |0 +cosy —siny |. (2.14)

0 +siny 4-cosy

Therefore, it is possible to compute [z y 2] = R[z" y 2/]T.

Knowing that R is orthogonal, the reverse transformation (negative angles) is given by

R = R” = R,(—7)R,(-B)R.(~a). (2.15)

2.2.2.1 LCS to GCS Conversion

Let F/'(0,¢') = Fé,é’ + F’,¢/ be the radiation pattern of an antenna defined in the [LCS Its
corresponding pattern in the [GCY is F(0,¢) = Fyf + F¢,g5. The purpose is apply coordinate

transformations so that:

F(0,0) = F'(0,¢). (2.16)
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Coordinates Transformation

Having specified a,3,7 rotations on the antenna element, first, from the desired [GCS coor-
dinates 6, ¢ are obtained these corresponding LCS coordinates 6, ¢’. To do this, the unitary
vector T from of [GCYl is transformed in [LCS| through

¥ =Rt (2.17)

Then, the converted coordinates are obtained from the (A.3):
' = arccos (2') = arccos ([0 0 1] )

(2.18)
¢ =2 +ay)=2([1 0] 1)

Polarized Field Component Transformation

Given the polarized field components in [LCS| F;(¢', ¢') and F(¢', ¢'), finally, for computing

the conversion of the [Equacao 2.16] and knowing that 7 + 0 —i-QAS =R (7:’ + 60 + gzg’), their

counterparts in [GCSH| are:

o) s o] () "

Here, 1 is the angular displacement between the spherical basis vectors of [LCS| and [GCS]

and depends on (a, 8,7, 6, ¢). It is calculated using
¢:4(é~R-é’+j$-R~q3’). (2.20)

carrying 0(6.6), $(0,¢) and ¢'(0'¢/), ¢'(0',¢/) from [Equagao A.4]

This transformation correctly projects the antenna local polarization characteristics into
the global frame, ensuring that the interaction between the antenna array and the incoming or

outgoing waves is well-suited.

2.2.3 Phased Array

The core of the receiving system is the antenna array. An array architecture, as oppo-

sed to a single large antenna, allows for spatial adaptive processing, which is the intelligent



2.2 — ANTENNA MODEL 28

combination of signals received by multiple antenna elements. This approach provides signifi-
cant advantages in performance, flexibility, and robustness, making it highly suitable for the

demanding environment of satellite communications.

2.2.3.1 UPA Model

For this work, a[UPA] architecture is considered. In this configuration, the antenna elements
are arranged on a two-dimensional grid. A specific and common case of the UPA is the Uniform

Rectangular Array (URAI), where the elements are placed in a rectangular grid with uniform

spacing, as illustrated in

Figure 2.5. A [URA]arranged in the Y Z-plane, with the reference origin at the lower-left corner.
F'N
Zz

Source: (AGATONOVIC et al. 2012).

A key advantage of a planar array is that its two-dimensional nature provides two Degrees
of Freedom (DOF]). This allows the array to resolve the signal [DoAlin both azimuth (¢) and
zenith (6), making the vector of angular parameters to be estimated ® = [¢, 0] (TONG et al.,
2022).
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Taking the geometrical center of the array as the reference origin, the position vector

Pn = [-rn Yn Zn]T

for each element n can be described in spherical coordinates as stated in [Equacao A.2}

tn = |lpall cossin
Yn = ||pnl/sin¢sind (2.21)
Zn = ||pnl| cos@.

This geometric model is the mathematical foundation for deriving the array steering vector,
which is essential for all subsequent signal processing tasks, including beamforming and DOA

estimation.

Array Factor

The total radiation pattern of an antenna array is determined by two key characteristics:
the radiation pattern of the individual antenna elements and the spatial arrangement of those
elements. For a general array of N elements, the total electric field, and hence its antenna
pattern, is given by the sum of the contributions from each element multiplied by a complex

phase associated with the signal wave direction and the elements’ position:

N
Ftotal(g) = Z Fn<®>wn€jk.pn7 (222>

n=1

where:

e F,(©) is the antenna pattern of the n-th antenna. It can be obtained at the
[cao 2.2.1}

e w, is the complex excitation weight (amplitude and phase) applied to the n-th element.
e p, is the position vector of the n-th element.

e k is the wave vector, which points in the direction of propagation ® and has a magnitude

of k = 27 /\.

The dot product k - p,, represents the phase difference of the signal from the n-th element

relative to the origin, in the direction (6, ¢).
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The influence of the array geometry, including the element positions and the relative phasing
of their signals, is captured by a function known as the Array Factor (AE]). It represents the far-
field radiation pattern of an array of isotropic point sources. It is a spatial weighting function
that, when multiplied by the radiation pattern of a single element, gives the total radiation
pattern of the array. This is known as the principle of pattern multiplication (BALANIS),
2016)).

For an array with equal elements pointing to the same direction, the total far-field antenna

pattern, F;,,(©), can be expressed as:

Fiota(©®) = Feoemen: (©)  A(O) (2.23)

—_———— ——
Element Pattern Array Factor

The Array Factor is a scalar function that depends on the number of elements, their geo-

metric layout, and the excitation (amplitude and phase) applied to each one:

N
AB) =) wyelPn, (2.24)
n=1

Array Factor for a [UPA]

For a Uniform Planar Array [UPAl with N = N, x N, elements arranged in the Y Z-plane
(as described in the [Figura 2.5|), we can derive a more specific expression for the Array Factor.
If we want to steer the main beam of the array to a specific direction (6y, ¢o), we apply a set of

phase shifts to the elements. These phase shifts are encapsulated in the array steering vector.

The steering vector, a(®), for the entire array is a column vector whose n-th element is the

phase contribution from the n-th antenna element in the direction (6, ¢):

a@) =1 . |. (2.25)

ejkpN

To steer the beam to ©¢ = [¢y, Oo], the complex weights are chosen to be the conjugate of
the steering vector in that direction, i.e., w, = e 7XPn where ky is the wave vector for the

steering direction. Substituting this into the general [AF] formula gives:

N N

Alpn) = w-a(®) = Z e~ 7ko-Pn pik-Pn Z eitn, (2.26)

n=1 n=1
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in which w = [w; -+ wy|?, and p, = (k — k¢) - p, is the spatial frequency.

For a[URAlin the Y Z-plane with inter-element spacing d,, and d., the position of the element
at the (m, )-th position is p,,; = md,y + ld,z. The Array Factor can then be written as the

product of two one-dimensional array factors (TREES| 2002):

Np—1 N,—1
A(le) _ (Z ejm(kdysin@nsin¢—kdysin905in¢o)> (Z ejl(kdz cos 0—kd. 00890)> . (227>

m=0 =0

These are geometric series that can be summed to give the final closed-form expression for

the [UPAI[ATY
sin () s (B
s (L) sin (1)

where p,, = kd,(sin 0 sin ¢ — sin 0 sin ¢g) and p, = kd,(cos 6 — cos 6 )are the cartesian direction

A(:uml) =

, (2.28)

components of .

This Array Factor function precisely describes the spatial filtering characteristics of the
[UPA] showing how the array gain is distributed across different directions in space and how

this distribution changes as the beam is steered.

Given the (2.10)), it can be deduced from the (2.22)) that the total power gain of an array of
antennas, Gy, is the superposition of the product of the n-th individual array factor and the
element gain pattern, G, (6):

2

Grar(0) = | D _ V/GuB)e™ (2:29)

when all antennas are equal and point to the same direction (i.e. G,(0) = G(0), Vn), (2.29)
follow the same fashion of ([2.23)):

Gior(0) = [A(1a)|*G(0). (2.30)

2.2.3.2 Uniform Linear Array

A Uniform Linear Array (ULA]) is a one-dimensional antenna array and can be considered
a simplified special case of the [UPAl discussed previously. In a [ULAl the antenna elements
are arranged along a single straight line with uniform spacing between them. This simpler

geometry reduces the complexity of signal processing but also limits the array capabilities.
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In a [ULAl with N elements aligned along the Z-axis, the position vector, p,, of the n-th

element can be described as:

p. =nd.z, forn=0,1,... N—1, (2.31)

where d, is the inter-element spacing.

Unlike the two-dimensional [UPAl which has two [DOF] and can resolve the signal direction
in both azimuth and zenith, the one-dimensional [[ULAl has only one [DOFL This means it can
unambiguously determine the angle of arrival only in the plane that contains the array axis

(e.g., the zenith angle, 6), assuming the other angular parameter is known or is not relevant

(TREES), [2002).

Array Factor for a [ULA]

The [AH for a [ULAlis a simplification of the [TPAI[AFl The total radiation pattern is still
determined by the principle of pattern multiplication, where the total pattern is the product

of the element pattern and the array factor.

The steering vector, a(f), for a[ULAl along the Z-axis depends only on the zenith angle 6:

1

6jkdcos 0

a(f) = | . (2.32)

6j(Nfl)kdcos 0

To steer the main beam to a direction 6y, the complex weights w,, are chosen to cancel the

phase progression from that direction, i.e., w, = e~7**4sé The resulting [AE] becomes:

N-1 N-1
A(,un) _ Z ejknd(COSO—COSOU) _ (ej,uz>n, (233)
n=0 n=0
where the phase difference term p, is given by
. = kd(cos € — cosb). (2.34)

This geometric series can be summed to obtain the closed-form expression:

~sin (Fps)

Aljan) = — TR (2.35)
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This function describes the spatial filtering characteristics of the [ULAl defining the main
beam and sidelobe structure as a function of the zenith angle. While simpler to analyze and
implement, the [ULAl inability to resolve the full 3D direction of arrival makes the [JPAl a more

suitable choice for satellite tracking applications.

2.2.3.3 Grating Lobes

An ideal antenna array would channel all its radiated energy into a single, narrow main
beam pointed in the desired direction. However, in practice, the discrete nature of the array
and the physical spacing between its elements can give rise to unwanted replicas of this main
beam at other angles. These replicas are known as grating lobes, as discussed in the Section
[[.2.4] Their appearance is a significant problem that can severely degrade the performance of

an array, particularly for systems requiring high precision, such as satellite tracking.

Grating lobes are a direct consequence of spatial aliasing. This phenomenon occurs when
the antenna elements are spaced too far apart relative to the wavelength A of the signal being
transmitted or received. The critical spacing is half a wavelength (A/2). When the inter-element
spacing, d, ., exceeds this value, the array can no longer unambiguously determine the direction

of an incoming wave (BALANIS| 2016).

Figure 2.6. Grating lobes on antenna pattern. On the top side, spacing of A\/2 (100% of visibility). On the
bottom side, spacing of A (200% of visibility, generating 1 replica).
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Source: (TREES, 2002).

Mathematically, the direction of the main beam () and the grating lobes (6,) for a [ULA]
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can be found from the (2.35). Maxima occurs when the argument of the sine functions in the
denominator is a multiple of 7. For a beam steered to boresight (6, = 90° for an array on the

Z-axis), the grating lobes will appear at angles 6, that satisfy:

kdcosf, = £2mm, form=1,2,3,... (2.36)

A real solution for 6, (i.e., a visible grating lobe) will exist if |m7’\| < 1. For the first grating
lobe (m = 1), this condition becomes d > A. If the beam is steered away from boresight, the

condition becomes even stricter, and grating lobes can appear even when the spacing is less

than a full wavelength (TREES| 2002).

2.3 SIGNAL MODEL

To analyze and develop the signal processing algorithms for the [GS] it is imperative to
first establish a mathematical model of the communication signal. This section details the
end-to-end signal model for the satellite digital communication system, tracing the path
of the information from its initial digital form to the final baseband waveform received by the
antenna array. The model encompasses the key stages of digital signal preparation required for

transmission over a bandlimited Low Earth Orbit (LEQ]) satellite channel.

2.3.1 Bit to Symbol Assignment

In a digital communication system, the process of transmitting information begins with the
baseband signal. This signal represents the original data, such as a stream of binary digits,
in its unprocessed, unmodulated form. In the context of LEO satellite communications, the
lowpass signal is the foundation of the information that is prepared on the ground before being

modulated onto a high-frequency carrier wave for its journey to the satellite.

The raw information from a source is typically a sequence of bits. To improve bandwidth
efficiency, these bits are grouped together to form symbols. A group of k bits can represent
one of M = 2¥ possible symbols. This mapping process is known as symbol assignment. This

grouping creates a distinction between the bit rate and the symbol rate:



2.3 — SIGNAL MODEL 35

e Bit Rate (R): This is the rate at which the original information bits are transmitted,

measured in bits per second (bps).

e Symbol Rate (R;): Also known as the baud rate, this is the rate at which symbols are

transmitted, measured in symbols per second (or baud).

The relationship between the two is given by:

R R
RS_E_logzM

. (2.37)

1

70> Is transmitted using a pulse p(t), shaped to fit within

Each symbol, of duration T, =

the available bandwidth and time slot. The transmitted baseband signal can be modeled as:

oo

sw(t) = Y ap(t—kT), (2.38)

k=—o0

where a,, are the symbol amplitudes that depend on the modulation scheme.

Pilot Signal

In digital communication systems, particularly those operating over dynamic and challen-
ging channels like a LEO satellite link, it is often necessary for the transmitter to send known
reference signals to assist the receiver in its demodulation and decoding tasks. These known

signals are referred to as pilot signals or pilot sequences.

A pilot signal is a deterministic waveform, known in advance by both the transmitter and
the receiver, which is embedded into the data stream at the baseband level. The receiver can

exploit its knowledge of the pilot structure to perform several critical functions:

e Carrier Phase and Frequency Recovery: The high velocity of LEO satellites induces a
significant and rapidly changing Doppler shift, which can cause a loss of phase coherence.
The receiver can compare the received pilot signal with its known, ideal version to ac-
curately estimate and track this phase and frequency offset, allowing for robust carrier

recovery.

e Timing Synchronization: Pilot signals with specific, known patterns can be used to achieve

precise symbol timing synchronization. The receiver can correlate the incoming signal
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with the known pilot sequence to find the exact start of a data frame or to fine-tune its

sampling clock.

e Channel Estimation: By observing how the channel distorts the known pilot signal, the
receiver can estimate the channel current state, including its amplitude and phase res-
ponse. This channel state information can then be used to equalize the received data

signal, mitigating the effects of fading and other distortions.

Pilot signals are typically inserted into the baseband signal in two ways:

1. Preamble/Unique Word: For burst-mode transmissions (common in TDMA systems), a
known sequence of symbols, often called a preamble or a unique word, is appended to the

beginning of each data burst.

2. Distributed Pilots: For continuous transmissions, pilot symbols or tones can be scattered

throughout the data stream at regular intervals in time and/or frequency.

The use of pilot signals represents a trade-off between performance and efficiency. While
they consume a portion of the available power and bandwidth that could otherwise be used for
data, the significant improvements they provide in synchronization and channel estimation are

often essential for achieving reliable communication, especially in the demanding environment

of a LEO satellite link.

IST Problem

Every communication channel, including the satellite link, is bandlimited, meaning it can
only pass a certain range of frequencies. When a sequence of sharp, distinct pulses (representing
symbols) is transmitted through such a channel, the channel filtering effect causes the pulses

to spread out or "smear"in time.

This temporal spreading causes the energy from one pulse to spill over into the time slots
of adjacent pulses. At the receiver, when sampling the signal to detect a specific symbol,
the measurement is corrupted by the residual energy from these neighboring symbols. This

phenomenon is known as [[SI, and it is a major source of errors in digital communication
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systems, as it can cause the receiver to misinterpret the received symbol (PROAKIS; SALEHI,
2008)).

To eliminate [SI], the overall pulse shape must conform to the Nyquist criterion. This
criterion states that for zero [[SI, the impulse response of the end-to-end system, h(t), must
have the property that it is zero at all k integer multiples of the symbol period, T}, except for

k= 0. It yields:
1, k=0

0 k2o (2.39)

h(kTs) = {

A pulse that meets this condition will have zero crossings at the exact sampling instants of
all other symbols, ensuring that they do not interfere with the current symbol measurement.
This means that at the center of any given symbol interval, the contribution from all other

symbols is exactly zero.

2.3.2 Pulse Shaping

In a practical digital communication system, transmitted pulses must be shaped to fit
within a limited channel bandwidth. An ideal rectangular pulse has an infinite bandwidth (its
Fourier transform is a sinc function), making it unsuitable for real-world channels. While an
ideal "brick-wall"filter would provide the narrowest possible bandwidth for a given symbol rate
without causing interference, such a filter is not physically realizable. A practical and widely

implemented solution to this problem is the raised-cosine filter.

The primary purpose of the raised-cosine filter is to create a pulse shape that has a finite
bandwidth and, critically, results in zero [ISI at the ideal sampling instants ¢ = nT,. The
frequency response of a raised-cosine filter is characterized by a flat amplitude portion and a
roll-off section that smoothly tapers to zero. Its frequency response, P(f) = ffooo p(t)e 72 Iidt,
is defined in three parts (SKLAR) 2020):

7. 0<|fl <2
P(f) =3 % [1+cos (B2 (I - 52])] . S <11 < 42 (2.40)
0, ] > 52

The roll-off factor, b € [0, 1], determines the "excess bandwidth"of the filter beyond the theo-

retical minimum Nyquist bandwidth of 1/(27%). An b = 0 corresponds to the ideal unrealizable
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brick wall filter, while b = 1 corresponds to a filter that uses 100% excess bandwidth (i.e.,

double the Nyquist bandwidth).

The time-domain impulse response, p(t) = [*°_ P(f)e™'df, corresponding to this fre-
quency response is a sinc pulse multiplied by another cosine term:

_ sin(wt/Ts) cos(brt/Ts)

P = = T @bt/

(2.41)
It is illustrated in Figure

Figure 2.7. Raised cosine pulse p(t) vesus time (sec).
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Source: Own authorship.

ISIl due to Symbol Asynchrony

The zero-ISI property of the raised-cosine pulse holds true only if the receiver samples the
incoming waveform at the exact, ideal moments in time. In any real system, perfect timing is
impossible to achieve as mentioned in the Section [I.2.5] and there will always be some degree

of symbol asynchrony or timing jitter.

If the receiver sampling clock is not perfectly synchronized with the incoming symbols, i.e.
offset by a small amount At, the samples will be taken slightly before or after the ideal point,
at t = kT, + At. At these offset times, the raised-cosine pulses from adjacent symbols do not
have zero amplitude. Consequently, the sample for the desired symbol will be contaminated
by non-zero contributions from its neighbors, re-introducing [ISI into the system. The severity
of this [[STlis related to the roll-off factor, b; pulses with a smaller roll-off factor have longer-

lasting tails and are more sensitive to timing errors (SKLAR) [2020). This highlights the critical
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importance of robust symbol synchronization algorithms at the receiver to minimize timing

errors and maintain a low [BERI

2.3.3 Bandpass Modulation

In any digital communication system, the fundamental task is to map digital information
- a sequence of bits - onto a physical waveform that can be transmitted efficiently over a
channel. For Radio Frequency (RE]) channels, such as a satellite link, this is achieved through
bandpass modulation, where the baseband digital information is modulated onto a high-
frequency carrier wave. A powerful and intuitive way to analyze and visualize this process
is through the concept of signal space and its graphical representation, the constellation

diagram.

The baseband signal is transformed into a passband waveform by modulating with a sinu-

soidal carrier fy, resulting in:
s(t) = Re {spp(t) - 01} (2.42)
where spp,(t) is the complex baseband equivalent of the modulated signal.
In digital communication, signals can be modeled as vectors in a signal space where each
symbol corresponds to a unique waveform or signal point. The set of these points forms
the constellation diagram. This representation enables Geometric interpretation of modulation

schemes, distance-based error analysis with Euclidean distance, and in addition to design of

optimal receivers (e.g., minimum distance decision rule).

For a signal set {s!(t),s(t),...,sM(t)}, we define each unique symbol s™(t) as a linear

combination of orthonormal basis functions {¢; (%), ¢2(t)}:
s"(t) = s"ei(t) + s5'pa(t). (2.43)

This corresponds to a 2D vector s™ = [s]" s5'] in signal space. The coordinates of this vector
are the projections of the signal onto each basis function. The distance between symbols in

this space determines the symbol error probability.

For bandpass modulation, the most common basis functions are two quadrature carriers:

v1(t) = \/Tzscos(waot) and ¢o(t) = \/Tzssin(waot), (2.44)
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where fj is the carrier frequency. These two basis functions, the in-phase (/) and quadrature

(Q) components, are orthogonal and form a two-dimensional signal space.

Different modulation schemes are distinguished by how they arrange the points in the cons-

tellation.

e Phase Shift Keying (PSK]): the information is encoded in the phase of the carrier wave,
while the amplitude is kept constant. This means all constellation points lie on a circle

centered at the origin.

e Quadrature Amplitude Modulation (QAM]): encodes information in both the amplitude
and the phase of the carrier. This allows for more points to be placed in the constellation,

typically in a square or rectangular grid, enabling higher data rates.

Each point represents a unique bit group, and the decision boundaries in the signal
space define the region in which each symbol is detected. The geometry of the signal constel-
lation is directly related to the system performance in the presence of noise. When a signal
is transmitted, channel noise adds a random component to the received vector, causing the
received point to land in a "cloud"around the ideal constellation point. The receiver task is
to decide which of the M possible symbols was transmitted based on the noisy received point

(SKLAR), [2020)).

2.3.3.1 QPSK

(QPSK] sometimes called 4/PSK], is a widely used bandpass modulation technique that
offers a significant improvement in bandwidth efficiency over its simpler counterpart, Binary
PSK (BPSK]). It achieves this by encoding two bits of data into each transmitted symbol
(00, 01, 10, 11), thereby doubling the data rate for the same symbol rate (and thus, the same
bandwidth).

(QPSK]is a form of phase modulation where the carrier signal can take one of four possible
phase shifts, with each phase representing a unique dibit. In the signal space representation,
this results in a constellation with four points, equally spaced on a circle of constant radius

m 3m bm Tw

(amplitude) around the origin. The four phases are typically chosen to be 6,, € {Z>I’T7I ,
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as shown in Figure |2.8]

Figure 2.8. On the left,QPSK Constellation Diagram (y1(t) versus ps(t)). There is a set of M = 4 possible
points for the symbol s™. On the right, the symbols are deteriorated with additive noise.
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A crucial aspect of the symbol mapping in is the use of Gray coding. As seen in
[Figura 2.8] the bit-to-symbol assignment is arranged such that any two adjacent constellation
points differ by only one bit. This is a significant advantage because the most likely errors
caused by noise will be mistaking a symbol for an adjacent one. With Gray coding, such a
symbol error will result in only a single bit error, which minimizes the overall BERI of the

system (SKLAR, 2020).

A signal can be mathematically represented as the sum of two orthogonal basis

functions as explained in [Subsecao 2.3.3. The general form of the transmitted signal for the

m-~th symbol is:

s™(t) = p(t) cos(2m fot + 0,,), for m =1,2,3,4, (2.45)

where p(t) is the signal pulse amplitude and 6, is one of the four carrier phases. Using trigo-

nometric identities, this can be expanded into its I and QQ components:

s™(t) = p(t) cos(0,y,) cos(27 fot) — p(t) sin(b,,) sin(27 fot). (2.46)

For the constellation shown in Figure , the values of cos(f,,) and sin(6,,,) will be +1/v/2.
This means the signal is effectively the sum of two [BPSK] signals, one on the in-phase

carrier and one on the quadrature carrier. For instance, the incoming bit stream is divided
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into two separate streams (one for the I channel and one for the @) channel), and each stream

modulates its respective carrier with a [BPSKHike signal (+p(t) or —p(t)).

Looking in terms of the equations ([2.38)) and (2.42), in (2.45) ax, = exp(y0)) hence conside-

ring pulses

s(t) = Re { i p(t —kTy) ejekeﬂ’rfot} . (2.47)

k=—o00

And its sampled version on each T instant is

K
S(kTS> = Re {Zp [(k - V) Ts] ej(9V+2WfOkTS)} ) k= 1727 e 7K7 (248>
v=1

for a signal with K pulses.

2.3.3.2 BER

The ultimate measure of performance for a digital communication system is how reliably it
can deliver data from the source to the destination in the presence of channel impairments like
noise and interference. The probability of making an error depends on the distance between
the constellation points. A larger distance between points makes the system more robust to

noise.

The most common metric for quantifying this reliability is the BERL It is defined as the
ratio of the number of bit errors received to the total number of bits transmitted during a
specific time interval. It is a direct measure of the end-to-end performance of the system. For
example, a [BER] of 107° means that, on average, one bit is received in error for every 100.000

bits transmitted.

The BERI is a function of the SNR], typically expressed as the ratio of energy per bit to
noise power spectral density (Fj/Ny). For many common modulation schemes in an Additive
White Gaussian Noise (AWGN]) channel, the theoretical probability of a bit error (F,) can be

expressed using the Complementary Error Function (ERFC)

1 e
erfc(r) = — e /24t 2.49
) \/%/ -
Modulation schemes with more densely packed constellations, like higher-order [QAM] require

a higher Ej,/Ny to achieve the same [BER] as schemes with more sparsely spaced points, like
[BPSKI (SKLAR], [2020)).
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QPSK BER Performance

As described previously, a[QPSK]signal can be viewed as two independent [BPSKlmodulated
signals carried on quadrature carriers I and (). Because these two channels are orthogonal, the

noise in the I channel does not affect the () channel, and vice versa.

Therefore, the P, in the I channel is independent of the P, in the Q channel. Since each
channel carries half the total power and transmits at half the total data rate, the resulting bit

error probability for the overall system is the same as it is for a [BPSKl system.

For coherent in an [AWGN] channel, assuming Gray coding (which minimizes bit

errors per symbol error), the probability of bit error is given by:

2F
P, ~ erfc (, /ﬁ) . (2.50)

Since the BER equations for BPSK] and are identical, their theoretical performance
curves are also identical. This means that for a given BER, requires the same £j,/Ny
as [BPSKl They are equally power-efficient. encodes 2 bits per symbol, whereas BPSK
encodes only 1 bit per symbol. This means that for the same T, (which occupies the same
bandwidth), has double the data rate and thus double the bandwidth efficiency of
[BPSKl Therefore, in summary, provides a significant advantage over BPSK| by doubling

the spectral efficiency without any penalty in power efficiency.



CHAPTER 3

SYSTEM MODEL

The electromagnetic wave that arrives at the ground station is a significantly transformed
version of the signal originally transmitted by the satellite. Its journey through the vacuum
of space and the Earth’s atmosphere subjects it to a multitude of linear, time-varying, and

stochastic processes that collectively define the satellite communication channel.

A mathematical model of this received signal is employed for designing and simulating the
digital signal processing algorithms required for reliable communication (Section . This mo-
del accounts for any channel impairments that attenuate and corrupt the signal, the constantly
changing propagation delay, and the spatial properties imposed by the antenna array at the

receiver. Then the effects that compose it are described.

Channel issues such as atmospheric losses, fading and multipath effects were not the subject

of this work, but they are addressed in Chapter [B|in the Appendix.

3.1 ARRAY RECEPTION MODEL

Consider a narrowband transmission of I signal sources received by a equipped with a
[UPA] composed of N = N, x N, > I parabolic antennas. Each element of the array receives a
delayed, Doppler-shifted, and attenuated version of the transmitted signal due to the satellite’s

position and motion. The received signal matrix X € CV*¥ with K samples, is modeled as
I
X = Z ai9(0;) ais] + W, (3.1)
i=1
where:

° o 2. Linearized Free-Space Path Loss (ESPL) coefficient - from (3.6]) - for source i,

= InD;

with distance D;.

e g(6;) = \/G(0;): Square-root antenna gain at arrival angle 6;.
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e a;: Steering vector, encoding the phase shift for each array element due to [DoAl ©®; =
[0: bi-

e Complex "baseband"pilot signal from the satellite:
s = [s(—m)e™ S(Ty — )e o s[(K — )T, — reis1]", (3:2)

in which the delayed symbol pulse s(kTs—7;) is multiplied by a array phase demodulation
vestige ¥ = Apg + 27 fq(kTs)kTs, which includes the subcarrier mixing remaining Ay
phase (will be addressed in Section [4.1]), and Doppler phase shift of (3.8)), 2 f4(k)kT,

being fy(k) the time-varying Doppler frequency.

e W ~ CN(0,0%Iy): A matrix of uncorrelated Complex[AWGNE. Iy is the identity matrix

of size N.

The steering vector is constructed as

a; = [0 el e (NI (3.3)

It describes the array’s response to a plane wave arriving from a specific DoA ©; = (0;, ¢;)
through the spatial frequency u; , and each element position p,, relative to the array’s

origin, contributes to the phase shift via:

i = Pn - k(0i, ¢i). (3.4)
Here, ); is the signal wavelength, and k(6;, ¢;) is the wave vector, which points in the direction
of propagation and has magnitude k; = 27/ \;.

The array manifold matrix A € CV*! is constructed by stacking the steering vectors
of each source as A = [aia(bh,¢1) ... aja(fr,¢r)], G = diag([g(fo) --- g(f;) 1 --- 1])is a

N x N gain matrix, and S = [s; --- s7]7 is the pilot signal matrix.

Therefore, the overall signal in compact form is:

X = GAS + W. (3.5)

This model forms the basis for all necessary array processing techniques, such as adaptive

beamforming and high-resolution DOA estimation, which are designed to exploit the spatial
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structure captured by the manifold matrix to separate the desired signal from interference and

noise.

3.2 PROPAGATION DELAY

The signal travels at the speed of light, resulting in a propagation delay, 7;, between the
satellite and the ground station, given by 7; = D(t)/c. For a[LEQOlsatellite, the distance D(t) can
vary significantly during a pass (e.g., from over 2000 km at the horizon to 500 km at zenith).
This causes the propagation delay to be highly time-varying, which must be continuously

tracked and compensated for by the receiver’s synchronization circuits.

3.3 CHANNEL IMPAIRMENTS

As the signal propagates from the satellite to the ground station, it is degraded by a combi-
nation of phenomena that reduce its power, introduce random fluctuations, and add unwanted
noise. These impairments are the primary factors limiting the performance of the communica-

tion link.

3.3.1 FSPL

The most fundamental and significant source of signal attenuation is the geometric spreading
of the electromagnetic wavefront as it travels through space. This power reduction, known as
[ESPI] is a deterministic loss that depends only on the distance and frequency. The [FESPT,

expressed in decibels (dB), is given by the Friis transmission equation:

a(dB) = 201og,0(D(E)) + 20 log,y () + 2010g,, (‘%”) , (3.6)

where D(t) is the distance between the satellite and the ground station in meters, f is the

signal frequency in Hertz, and c is the speed of light in meters per second (=~ 3 x 10® m/s).

For a [LEQI satellite, the distance d is not constant; it changes continuously throughout a
pass, causing the path loss to be time-varying. The path loss is at its minimum when the

satellite is at its highest elevation and maximum when it is on the horizon.
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3.3.2 Doppler Shift Phase Effect

Due to satellite movement, the received carrier experiences Doppler shift of the (2.4)), des-
cribed in Section This time-varying channel effect affects the phase of the received signal
as

t
eilt) = 2x [ falr)ar, (37)
0
compensating this phase shift is essential to preserve symbol integrity and coherent demodula-

tion.

This phase shift can be modeled in the i-th received baseband signal s; sampled at Tj

instant, considering a time delay 7;, as

S(Ts — 7—Z>€]27rfd(T€)1Ts

S; = . s (38)
s[(K —1)T, — TZ.]e}%fd[(K—l)Ts](K—l)Ts

with K samples.

3.3.3 System Noise

All electronic components in the receiver generate random noise due to the thermal agitation

of electrons. The total noise power, Py, added to the signal at the receiver is given by:
PN = kasysBa (39)

where:

e Ky is Boltzmann’s constant (1.38 x 1072% J/K).
e [ is the receiver’s noise bandwidth in Hertz.

o Ty, is the equivalent system noise temperature in Kelvin. This is a critical figure of
merit for a receiver and is the sum of the noise contributions from all components in the
receive chain, referred to the input of the receiver. It primarily consists of the antenna
noise temperature (74), which accounts for noise from the sky and ground picked up by
the antenna, and the noise temperature of the Low-Noise Amplifier (LNAI) and subsequent

stages.
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This noise is typically modeled as[AWGN| a random signal with a flat power spectral density
Ny across the frequency band of interest and a complex Gaussian amplitude distribution of zero

mean, added independently to each received sample:
W, ~ CN(0,0%), (3.10)

in which the variance is related to the noise power, i.e. 02 = P,,.



CHAPTER 4

PROPOSED ARCHITECTURE

The raw signal captured by the [GSs antenna array is a faint and distorted version of the
information transmitted by the satellite. To recover the original message with high fidelity,
a chain of signal processing techniques must be applied. This chapter details the key algorithms
employed in this work to acquire, synchronize, and enhance the received signal, as shown in
the Figure 4.1 The process begins with the initial signal acquisition, which relies on a priori
knowledge from the satellite, and culminates in the spatial filtering and symbol synchronization

of the array’s signal to reconstruct the desired data stream.

Figure 4.1. Transmitted signal flow [DSP] chain.
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Source: Own authorship.

For proper signal acquisition, it is assumed that the satellite metadata is available to the
[GS. This includes orbital data (such as [TLE] sets) for a specific time stamp, which allows for
the initial pointing of the array and prediction of the Doppler shift. It is also assumed that
the structure of the pilot signals is known, and that key link budget parameters are available
to the receiver. Furthermore, it will be supposed that the known pilot sequences are located in
the preamble of the baseband message frame, allowing for initial synchronization and channel
estimation. Due to the scope of this work, it is worth noting that noise is modeled as [AWGN],

and signal sources are not correlated.
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The raw, digitized I/ data streams from each antenna element are obtained through the
channels of a Software-Defined Radio (SDRI). are highly flexible radio systems where
components that are typically implemented in hardware (e.g., mixers, filters, modulators, de-
modulators) are instead implemented by means of software on a personal computer or embedded
system. In this application, a multi-channel front-end is used to downconvert the [RF sig-
nal from each antenna element to baseband. The signals are then digitized by high-speed
Analog-to-Digital Converters (ADCE). The resulting streams of complex samples are then fed
into the main processing unit where the following algorithms are executed in software, providing
immense flexibility for implementing and testing the various techniques. Once digitized by the
[SDRE, the signals from the multiple antenna elements of the [UPAl are made available as input
data streams to the digital processing chain (MITOLA, [2000)).

4.1 FREQUENCY DIVISION MULTIPLEXING

A significant challenge in using a large-spaced (i.e., d, > A/2) uniform array is the inevi-
table appearance of grating lobes in its radiation pattern. It has already been mentioned in the
Section that this is a highly deleterious effect, as it introduces ambiguity that can corrupt

[DoAl estimation and degrade the performance of beamforming algorithms.

This section describes the use of [EDM] as a method for mitigating grating lobes in large-
spaced arrays by introducing controlled frequency offsets across antenna elements. While the
following analysis is presented for a [ULAl with array spacing d for clarity. The arguments
developed are analogous for a [UPAl setup. To counteract the grating lobe effect, this work
proposes a novel technique that, in the demodulation stage of the [RE] chain, assigns a unique
subcarrier frequency f, to each array element n. This is a form of [EDM]| where the frequency

for each element is defined as:

where fj is the nominal carrier frequency and A f,, is the subcarrier spacing.

This approach can be seen as a method to emulate a non-uniform array in the signal proces-

sing domain. Instead of physically varying the inter-element spacing d, ., which remains fixed,
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the spatial frequency p, is made non-uniform by introducing the term Af,:

B 2mwd

My = T(fo + Afn) COS 87 (42>
knowing that the wavelength is k, = /2\—: = %

Then, the array factor of the (2.33]) then becomes dependent on this frequency progression:

N-1
Aljp) = Y e = ok, (4.3)

n=0

The strategy is to select a value for each Af, that forces the radiation pattern of the large-
spaced array to approximate the ideal pattern of an array that satisfies the Nyquist criterion for
spacing, i.e., d = \/2. For an ideal [ULAl (with a fixed frequency f, = fo and uniform weights
w, = 1), the array factor is of the (2.35):

sin(Z cos 6)

—_— 4.4
sin(37 cos 6) (4.4)

N—-1
M) = 3 70 =
n=0

By carefully choosing Af,,, the goal is to make the power pattern of the [FDMlbased large-

spaced array approximate the ideal power pattern, thereby suppressing the grating lobes:
[ A(pn)? 2 |Aopt) |- (4.5)

The approach is particularly advantageous because it does not require mechanical adjust-
ments or additional hardware, only frequency configuration at the [SDRI demodulation stage.
Thus, this method enhances array processing resolution without compromising spatial or hard-

ware constraints, making it viable for compact, modular ground station designs.

However, it should be noted that this scheme yields a higher system bandwidth occupancy.
The total bandwidth of signal covers since the band B of the lower frequency subcarrier f,

until the which of high frequency, hence it can be estimated as:
B . .
BTotal = max (fn + 5) — min (fn - _) = maX(fn) - mln(fn) + B. (46>
4.1.1 Fixed separation

For the initial scope of this work, we investigate configurations where a fixed frequency

separation A f is maintained between adjacent subcarriers. In this scheme, the frequency offset
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for each subcarrier of (4.1)) is linearly related by the expression
Af, =nAf (4.7)

for a [ULAlwhere n is the subcarrier index. Consequently, the total required bandwidth, as
defined in (4.6]), can be simplified to

BTotal = nAf + B. (48)

This linear arrangement significantly simplifies the allocation of frequency resources. Further-
more, for this specific configuration, an empirical relationship was observed between the requi-
red frequency separation Af and the physical spacing d between antenna elements. Through
simulation, it was verified that for element spacings that are not excessively large EL a linear re-
lationship exists. Therefore, it can be stated that the necessary frequency separation is directly

proportional to the element spacing:

Af ocd. (4.9)

4.2 SUBSPACE ANALYSIS

High-resolution [DoAl estimation algorithms such as [MUSIC| and [ESPRIT] are founded on
the principle of subspace analysis. This approach exploits the spatial diversity of the signal
received in the antenna array, partitioning the /N-dimensional observation space U into two
fundamental, orthogonal components: the signal subspace Uy, which contains the energy from
the sources of interest, and the noise subspace U,,. By identifying these subspaces, it becomes
possible to estimate the signals’ parameters. This section details two methods for performing

this matrix decomposition: the classic [SVD] and the adaptive [PAST] algorithm.

421 SVD

The [SVDIis a powerful matrix factorization technique that provides a robust, non-iterative
method for identifying the signal and noise subspaces from a block of received data. The

incoming [RF signal is mixed with the (aided) local oscillators frequency to downconvert it to

baseband.

1

successful tests were conducted for spacings up to 4\
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The process begins by analyzing the received signal matrix X € CV*¥ of the (3.5)), where N
is the number of antenna elements and K is the number of samples collected. By treating this
data as a realization of a stochastic process, we can estimate its spatial correlation matrix. As-
suming the process is asymptotically uncorrelated, the correlation matrix can be approximated

by the sample covariance matrix (HAYKIN| 2014)):

1
R £ E[XX] ~ EXXH. (4.10)

E[X] = 25;01 X, Pn 18 the expected value of X, with x,, being its n-th row, and p,, the respective

probability of x,.

The approximation by the right side of the (4.10]) is reasonable under the Law of Large
Numbers, provided that the number of samples K is sufficiently large compared to the number
of signal sources I (K > I) (ANDERSON| 1963). The structure of this matrix, assuming

uncorrelated AWGN] can be decomposed as
R = AR, A + P,Iy, (4.11)

where R, = F[SS*] is the signal correlation matrix and P, is the noise power. The eigenvectors
of this matrix R form the basis for the observation space. It is also worth noting that P,Iy =

R, is the noise correlation matrix.

Instead of performing an eigendecomposition on the estimated covariance matrix, it is often

more numerically stable to apply the SV DI directly to the data matrix X:
X =UxV¥H, (4.12)

where U € CV*N and V € CM*M are unitary matrices, and ¥ € CV*M is a diagonal matrix of
singular values. A direct parallel can be drawn here: the columns of the matrix U (the left singu-
lar vectors of X) are the eigenvectors of the sample covariance matrix KR = XX#(STRANG,
2010).

Therefore, the matrix U provides a basis for the total subspace of the received signal. If
there are I incident signals, the [ largest singular values in 3 will correspond to the signal
energy, and the remaining N — I smaller singular values will correspond to the noise floor. This

allows for the partitioning of the total space:
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e Signal Subspace (Uy): This subspace is spanned by the I columns of U corresponding to

the I largest singular values.

e Noise Subspace (U,): This subspace is spanned by the remaining N — I columns of U

and is orthogonal to the signal subspace.

4.2.2 PAST

While[SVDlis robust, its computation on the entire data matrix is a block-based process with
a high computational complexity, typically on the order of O(N?) (YANG] [1995). For a non-
stationary system, such as tracking a moving satellite, the signal subspace is constantly
changing. Re-computing the full for each new block of data is inefficient.

The [PAST] algorithm offers an adaptive and computationally efficient alternative. It is an
iterative method that updates the estimate of the signal subspace with each new incoming
reception snapshot ¢ € N. This makes it highly suitable for tracking time-varying signals
(BADEAU et al., |2003).

[PAST] works by sequentially minimizing a cost function associated with the covariance
matrix, effectively tracking its principal components over time. A key advantage is that it reuses
information from previous estimates, using a forgetting factor, &, to weigh new information more

heavily. This allows it to adapt to changes in the signal environment.

The steps for the real-time updating of the signal subspace U(t) based on new signal
snapshots Let X,,(¢) be the n-th row vector of X(t) are the following (BADEAU et al., [2003):

1. Initialization (¢t = 0):

I;
Ov—1)x1

U,(0) = [ } , Z(0) =1, (4.13)

with:

e U,(0): Initial guess of signal subspace.

e Z(0): Auxiliary matrix for computation.

2. Recursive Update Equations:
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Given X,,(t) being the n-th column vector of X(¢) and defining the input snapshot vector
x(t) = Zivzo X, (t) and the forgetting factor £ € (0,1):

)
)
)
t) = y(t)h(t) (4.14)
)
)
)

Another significant advantage is its reduced complexity. By only estimating the I-dimensional
signal subspace, U4(t), the PAST algorithm achieves a linear complexity of O(NI) per t up-
date, which is far more efficient than the full SVD, especially when the number of sources I is
much smaller than the number of antennas N. Although it is a suboptimal technique compared
to the full on a stationary signal, its adaptive nature and efficiency are highly desirable

for real-time tracking applications. These facts are summarized in Table 4.2.2]

Table 4.1. Comparison of subspace techniques.

Technique | Pros Cons Complexity
SVD Accurate, well-established | High computational cost | O(N?)
PAST Adaptive, low-latency Suboptimal accuracy O(NTI)

Source: (BADEAU et all 2003).

For algorithms like [MUSICl that require the noise subspace, [PAST] does not directly compute
it. Instead, it can be estimated via the projection matrix onto the null subspace, span(U,) =
span(U) \ span(U,)(YANG, [1995), is the complement of the orthogonal projection onto the

signal subspace and can be calculated as (LIN et al., 2015

E = IN - Usva (415)

assuming U, has orthonormal columns.



4.3 — DOA ESTIMATION 56

4.3 DOA ESTIMATION

[DoA] information is fundamental to a wide range of applications, from radar and sonar
to wireless communications. It is determined by measuring the characteristics of a received
wavefront across a sensor array—in this case, an antenna array. For a satellite ground station,
accurate DOA estimation is critical for several key tasks: tracking the satellite as it moves across
the sky, spatially filtering the signal to optimize reception, and pre-coding the transmission

signal for efficient beamforming.

There are many methods to estimate [DoAl with two of the most prominent being [MUSIC|
and [ESPRIT] These are subspace-based algorithms capable of estimating the DOA from mul-
tiple, independent signal sources. For this work, the [IMUSIC| algorithm was selected.

4.3.1 MUSIC

Its core principle is based on exploiting the orthogonality between the signal subspace and
the noise subspace, which are derived from the received signal’s covariance matrix. After the
signal and noise subspaces have been identified using a technique like or an adaptive
tracker like [PAST] the [MUSIC| algorithm can be applied to estimate the [DoAl of the satellite
signal. The fundamental insight of [MUSIC] is that the steering vectors corresponding to the
true directions of arrival lie entirely within the signal subspace and are, therefore, perfectly

orthogonal to the noise subspace.

This orthogonality condition allows us to define a cost function, often called the MUSIC
pseudospectrum, which will have sharp peaks at the angles corresponding to the true [DoAk.
The cost function is defined as the inverse of the squared projection of a candidate steering

vector onto the noise subspace (KRIM; VIBERG, |1996):

1 1
/(9) = (@70, UTa®) ~ [a(@)7T, > (4.16)

where:

e © = [0,¢] is the vector of candidate zenith and azimuth angles.

e a(0®) is the steering vector of the array for the direction @, computed as described in
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Section 2.2.3.11

When the candidate direction © is equal to the true [DoA] of a signal, the steering vector
a(®) is orthogonal to the noise subspace. This makes the denominator of the cost function
approach zero, resulting in a sharp peak (theoretically infinite for signal with no distortion) in
the function’s output. The estimated [DoAk of source i are therefore the angles that maximize
this function:

~

®, = arg max J(©). (4.17)

Practical Angular Scanning

In practice, the maximization of the cost function is achieved by performing a systematic
search over all possible directions of arrival. For a [UPA] this involves a two-dimensional scan

across the azimuth and zenith angles. It is illustrated in Figure 4.2

Here is a description of the algorithm:

1. From the received signal matrix X, perform a subspace decomposition to obtain the

matrix of noise eigenvectors, using either SVD| (U,,) or [PAST! (U,).

2. Define a search range and step size for both angles ©. e.g.: 6 € [0°,90°] and ¢ € [0°,360°],
each with a step of 0.5°. The fineness of this grid determines the precision of the final

estimate, but also significantly impacts the computational cost.

3. Initialize an empty results grid matrix to store the output of the cost function for each

(7,0)-th angle pair.

4. Inside the loops, for the current angle pair 6; and ¢;, construct the theoretical steering

vector for the [UPA] a(©y).

5. Project the steering vector onto the noise subspace and calculate the value of the [MUSICI

pseudospectrum J(©;;) and store this value in the results grid.

6. After the loops have completed, search in the pseudospectrum grid for the coordinates

(Omax,Pmax) that correspond to the maximum value in the grid. These coordinates are
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Figure 4.2. MUSIC sweep plot on the 8 and ¢ axes. In (a), the sweep is made by SVD without FDM, suffering
from aliasing. In (b), it is made by SVD (left) and PAST (right), with FDM, i.e. correcting the aliasing issue.
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the estimated [DoAl O, of (4.17). If multiple signals are present, there will be multiple

distinct peaks corresponding to each source.

4.4 SPATIAL FILTERING

Once the [DoAl of the desired satellite signal has been accurately estimated, the next step in
the reception chain is to apply spatial filtering. This process involves, intelligently, combining
the signals from all N elements of the antenna array. The primary objective is to constructi-
vely combine the signal components arriving from the satellite’s direction while destructively
interfering with noise and any interfering signals arriving from other directions, mitigating

interference from, e.g., terrestrial sources and other satellites.

This technique significantly enhances the desired signal’s strength, thereby improving the
overall and the final BER] thereby enhancing detection, demodulation, and tracking
accuracy (TREES| 2002)). For ground stations with arrays receiving satellite signals (downlink),
the same filter coefficients derived for reception can be applied in reverse to beamform the
return-link (uplink) signal, steering the transmitted energy toward the satellite with maximum

gain and minimal interference leakage.

Let X € CV*K_ with K samples, be the received signal matrix as discussed in Section .

The output of spatial filtering, y, is a vector signal formed by a weighted sum of the signals

received at each n € [1,--- | N| antenna element:
N
y=> wix, =w"'X, (4.18)
n=1

where x,, is the vector of the N x 1 row of X, and w is the vector N x 1 of complex w,, applied to
each element. The core of spatial filtering lies in determining the optimal set of weights w. This
section will describe two fundamental beamforming methods: the conventional Delay-and-Sum

beamformer and the optimal Wiener filter.

4.4.1 Delay-and-Sum

The Delay-and-Sum beamformer, also known as a conventional beamformer, is the simplest

and most intuitive spatial filtering technique. Its strategy is to simply co-phase the signals
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from each antenna element for the known direction of the desired signal, and then sum them.
This coherent summation causes the signal components from the target direction to add up

constructively, while the spatially uncorrelated noise components add non-coherently.

To achieve this, the complex weights wpg are chosen to be the steering vector corresponding
to the satellite’s estimated DOA, (6s, ¢;) to be applied in equation (4.18). The weight vector
is therefore set to:

w = wpg = a(0y), (4.19)

where a(@®y) is the array’s steering vector for the satellite’s direction. This method effectively
steers the main lobe of the array’s radiation pattern directly towards the satellite, providing a

gain proportional to the number of elements, V.

4.4.2 \Wiener Filter

The Wiener filter provides the optimal linear solution for estimating a desired signal from
a noisy measurement by minimizing the Mean Square Error (MSE) between the beamformer’s
output and the true desired signal. In the context of array processing, this translates to finding

the weight vector wepy that minimizes E[||d — y||?], where d is the desired signal waveform.

The solution to this minimization problem is given by the classic Wiener-Hopf equation (HAY KIN|
2014):
Wopt = R_1p7 (42())

where R is the covariance matrix of the received signal vector, from (4.10). This matrix
contains statistical information about the desired signal, any interfering signals, and the noise.
It can be estimated from the received data as described in the Section[4.2] p = E[Xd*] is the

cross-correlation vector between the received signal vector and the desired signal d.

Since the desired signal d is unknown at the receiver, we cannot calculate p directly. Howe-
ver, we know the spatial signature of the desired signal, which is its steering vector, a(®;). By
assuming the desired signal is uncorrelated with the interference and noise, the cross-correlation
vector p becomes proportional to the steering vector of the desired signal. This leads to the
Minimum Variance Distortionless Response (MVDR) beamformer, also known as the Capon

beamformer, which is a practical implementation of the Wiener filtering concept. The MVDR
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weight vector is given by:
w _ R'a(®,)
MVDR — a(@S)HRila((—)s)’

(4.21)

This beamformer has the property that it passes the signal from the desired direction @
with unity gain (a distortionless response) while minimizing the power of the contributions
from all other directions (minimizing the variance), which includes both noise and interference.
It is therefore an adaptive filter that automatically places nulls in its radiation pattern in the
directions of interfering signals, making it far superior to the Delay-and-Sum beamformer in

complex signal environments(TREES| 2002).

Summary for Beamforming Implementation

1. [DoAl estimation: The arrival direction © is determined using methods such as MUSIC]

2. Delay-and-sum filter coefficients calculation: Direct computation of wpg from geometry

parameters of the array and carriers frequency f,.

3. Wiener Filter: Estimate R from received data; compute p using a known pilot or training

sequence.

4. Signal combination: Apply the weights w,, to the[SDR}acquired channel signals from each

array element and sum.

4.5 PHASE AND TIME CORRECTION

After the raw signal from each antenna element has been acquired, digitized and multiplexed
by the [SDR] it remains corrupted by the significant time and phase distortions inherent to
the satellite channel caused by the propagation environment. Before the information can be
demodulated, the receiver must establish a coherent time and phase reference. This is a two-
step process: first, the carrier phase error, dominated by the Doppler effect, must be corrected.
Second, in the final part of the Digital Signal Processing (DSP)) chain, the receiver’s local clock
must be precisely aligned with the timing of the incoming symbols to ensure sampling occurs

at the optimal instant. This section details the techniques employed for both of these critical
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synchronization tasks.

According to (KAPLAN; HEGARTY) [2017), modern Global Navigation Satellite System
(GNSS) and satellite receivers often employ combined loops, using the [FLI] during acquisition
and switching to [PLI] for tracking, where after a [FLI] (coarse) stabilization, the system could
hand off control to a [PLI] for fine phase tracking, once the Doppler variation becomes slower.

In this work, the fine synchronization is made in the time domain by the [PLI] algorithm [MaM]

Having a vector of M symbols in an instant ¢, (for K samples), in light of the analysis of

Section the combined signal from the spatial filtering block of the (4.18) can be modeled

as .
y(ty) = amp(ty — mTy — A7) ) 4ap(ty,), (4.22)

where: "

® a,, are the transmitted symbols.

e p(tx) is the pulse shape described in Section [2.3.2]

e T, is the symbol period.

e A7 is an unknown timing , it is related to the propagation delay of Section [3.2]

e ©,(tr) is the resultant phase due to Doppler shift.

e w(ty) is additive noise of mean zero.
45.1 FLL

Let y[k] be the signal after passing by the spatial filtering block (Section . The signal
is then sampled by two operating 90° out of phase, producing the two streams of digital
samples I, and (), the in-phase and quadrature components and, being £k = 0,--- ,K — 1 the
sample index. These can be represented as a single stream of complex numbers, y[k] = I+ jQx.
At this stage, in an instant f;, any residual frequency error, f;(tx), between the received signal
and the local oscillator will cause the complex samples to rotate in the complex plane at a rate

of 27 f4(tx) radians per second (phase distortion).
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A [ELI] is a digital feedback control system designed to estimate and track the frequency
offset of an incoming signal. In the context of satellite communications, its primary role
is to combat the large and rapidly changing Doppler frequency shift, which can be in the order
of several kilohertz. The [FLLlis particularly crucial during the initial signal acquisition phase,
as it can lock onto the signal even with a large frequency error, a task for which a more precise

PLL] would struggle.

Initial Frequency Aiding

Before the [FLI] begins its tracking, the receiver performs an initial, coarse correction of
the Doppler shift. This is known as frequency aiding. A significant advantage of satellite
communication is that the Doppler shift is highly predictable. Using the satellite’s orbital data
as discussed on the Section [2.1.6 the can calculate the satellite’s velocity vector v,(t)

relative to its own [ECEF] position at a specific time stamp tq through the ({2.5)).

This allows for a reasonably accurate a priori estimate of the Doppler shift fd(to), computed
with the (2.4). This initial estimate is used to adjust the receiver’s local oscillator frequency,
bringing it close to the actual received frequency. This aiding process significantly reduces the

"search space'for the [FLI] allowing it to achieve lock much faster and more reliably.

Feedback Loop Block

The principle for the residual frequency error estimation for the [FLI]is using a discriminator
block to extract the frequency difference between the incoming signal and the locally genera-
ted replica. For this, it makes a Phase Differencing through the Arctangent Discriminator
computing (KAPLAN; HEGARTY|, 2017)

falty) = @d(t”z_ﬁi‘i(t’“‘l) x % [tanl <%)1 , (4.23)

where @q(tx) is the instantaneous phase (3.7) and T' = % is the sampling interval. This is the

core of the FLL, where the frequency error is estimated.

For implementation, the operation of the [FLI]is a continuous iterative process that can be

broken down into the following key steps:
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A common and effective frequency discriminator for digitally modulated signals is the cross-
product discriminator. This discriminator works by measuring the phase rotation that occurs
between two consecutive complex samples, y[k| and y[k — 1]. The phase rotation is directly
proportional to the frequency error. From k = 1 onwards, the error signal, e, is calculated

using the following cross-product (TEUNISSEN; MONTENBRUCK], 2017)

_ Qrli—1 — [Qr—1 _ Im{y[kly* [k — 1]}
IiIp1 + QeQr—1 Re{ylkly*[k — 1]}

where y*[k — 1] is the complex conjugate of the previous sample (I;_1 — jQp—_1), and Im{-}

ek (4.24)

denotes the imaginary part of the complex product. This value is an estimate of the sine of the
phase difference between the two samples given by the , which for small phase differences
is approximately equal to the phase difference itself. The sign of e, indicates the direction of
the frequency error (i.e., whether the local oscillator is too high or too low), and its magnitude

is proportional to the size of the error.

Nonetheless, the instantaneous error signal, e, is noisy due to thermal noise and the ran-
dom nature of the data modulation. To obtain a stable control signal, the estimated shift
frequency fd(tk), the sequence of error estimates ey, is passed through a loop filter hyp(t;), that

is, performing the convolution.

fa(ty) = er * hpp(ty). (4.25)

The loop filter is a digital low-pass filter that averages the error signal over a specific time
constant. This filtering process smooths out the noise and provides a stable low-variance
estimate of the frequency error. A typical first-order loop filter transfer function is

B Krp
1 — w1

Z hLP(tk)Z_k = HLP(Z)

k=—0oc0

(4.26)

in which z € C is a frequency variable. This filter defines the bandwidth and stability of the
loop. The loop gain Kp and cutoff frequency w. must be chosen to be wide enough to track
rapid Doppler changes in (as already said, typically in the order of +40kHz), but not so
wide as to follow noise. Its design is a critical trade-off: a narrow bandwidth reduces noise but

also slows the loop’s ability to track rapid changes in the frequency shift.

The filtered error signal is used as the control input to a Numerically Controlled Oscillator
(NCQJ. It is a digital circuit that generates the precise frequency of the receiver’s local oscillator

for the downconversion stage. The control signal from the loop filter adjusts the NCOfs output
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Figure 4.3. Doppler frequency shift correction estimation on [FLI]
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Source: Own authorship.

frequency. If the filtered error indicates the local oscillator frequency is too low, the
increases its frequency and vice-versa. This creates a closed feedback loop that continuously
works to drive the average frequency error to zero, thereby "locking"the receiver’s local oscillator
to the frequency of the incoming signal (TEUNISSEN; MONTENBRUCK] 2017)). For this
purpose, is digitally implemented. The filtered frequency estimate is discretely integrated

to update the phase accumulator ¢4(tx) of the local oscillator:

K-1

Ba(te) = @alti—1) + 27T Y falts). (4.27)

k=0
This updates the frequency and hence the phase of the local replica to match the incoming
signal, closing the loop mesh.Once the loop locks, the [FLI] keeps the local oscillator tuned with

the Doppler-shifted frequency. Then the output signal samples are fixed by phase multiplication:
K] = ylkle 7400, (4.28)

Figure [4.4] illustrates this whole process in the signal.

4.5.2 M&M Timing Synchronization

After the carrier phase error has been corrected by the [FLI] the resulting baseband signal

still needs to be synchronized in time. The receiver must determine the precise moments to
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Figure 4.4. Blocks diagram of [FLI] system for Doppler phase shift correction.
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sample the waveform to capture each symbol at the point of maximum SNR] and minimum STl

For this task, the IMaM] algorithm is employed.

The [MaM] algorithm is a [NDAI timing error detector, meaning it does not require a known
pilot sequence to operate. It derives a timing error signal directly from the received data sam-
ples, making it highly efficient. The algorithm operates in real time and works by comparing
the received sample at the current decision instant with the preceding sample and the corres-
ponding symbol decisions in a closed loop. It is robust to unknown symbol sequences and works

well under moderate [[SI] and noise conditions.

Knowing the number of samples per symbol N, = %, the timing error ¢,, at the m-th

symbol instant is calculated as
€m = Re{g:n—lym - y:@ym—l}7 (429)
where

e y,, and ¥, 1 are the complex samples received at the current and previous decision

instants mN, and (m — 1)Nj.

e ¢, and ¢, are the corresponding hard decisions (i.e., the nearest constellation points)

for those symbols.

This error signal has the property of being, on average, zero when the sampling is perfectly
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timed (A7 = 0). If the sampling is too early (A7 > 0), the error signal will be positive, and if

it is too late (A7 < 0), it will be negative.

This error signal is then fed into a loop filter hyp, which controls the timing of the sampling
clock (provided by a Voltage-Controlled Oscillator (VCQI)). This feedback mechanism, known
as a Timing Recovery Loop, continuously adjusts the sampling instants to drive the average
error to zero, thereby locking the receiver’s clock to the timing of the incoming symbols. This
ensures that each symbol is sampled at its optimal point, maximizing the performance of the

demodulator. The offset symbol decision instant 7[m/| is computed as
Tim] =7im — 1]+ C €, * hpp. (4.30)

C is loop gain constant. hpp is similar to that of Section [4.5.1] and its cutoff frequency must

be adjusted with respect to T5.

Finally, with 7[0] being able to be initiated as zero, the output synchronized signal is
Ym = y'(mNg + round(r[m])), (4.31)

where round(7) is the integer number nearest to 7. Figure illustrates this whole process in
the signal.

Figure 4.5. Blocks diagram of [MaM]| system for clock time synchronization.
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CHAPTER 5

RESULTS AND CONCLUSIONS

The validation of the signal processing algorithms and the overall system model developed
in this work is conducted through a series of simulations. It is important to emphasize that the
system was not been tested in a real-world hardware environment. The results presented herein
are based on a controlled, simulated [LEOI satellite communication link designed to evaluate the
performance of the core algorithms under specific conditions. The steps for the development

and evaluation of this work are shown in the Figure [5.1

For the signal acquisition process, the simulations rely on the concept of using previously
obtained satellite timestamps. In a practical application, this would correspond to the
using ephemeris data (e.g., [TLEE) to predict the satellite’s position and Doppler shift at a given

time, thereby acquiring and time-stamping the received signal blocks for subsequent processing.

To maintain focus on the primary research objectives, several simplifications are made in
the simulation environment. The satellite trajectory is modeled as a perfect circular orbit. The
channel model is simplified to include only the [FSPI] and [AWGNL Deleterious effects such as
multipath propagation and other forms of fading are not modeled. Furthermore, the simulations
deal exclusively with the reception of known pilot signal messages to assess the performance of

the synchronization and estimation algorithms without the added complexity of data decoding.

5.1 SETUP PARAMETERS

The following subsections detail the parameters used to configure the simulation scenario,

the ground station array, and the transmission and reception signal chains.
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Figure 5.1. Sequence of steps for the development/evaluation of this work.
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!
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Adaptive Beamforming

FDM Technique
[ Synchronization (FLL + M&M) ]
[ Performance Evaluation (BER, DoA accuracy) ]

Source: Own authorship.
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5.1.1 Scenario

A circular satellite orbit was simulated with a fixed altitude h. The total duration of
the satellite pass available for communication was set to 7, = 1.2 minute. During this pass,
signal acquisitions (snapshots) were taken at regular intervals of AT = 20 seconds, resulting in

a total of Ny snapshots for analysis.

Table 5.1. Orbital parameters.

Quantity Notation | Value | Unit
Snapshot period AT 6 sec
Number of snapshots Nr 12 -
Total satellite pass time | 7, 1.2 min
Earth radius Rg 6371 km
Satellite altitude h 150 km

Source: Own authorship.

5.1.2 UPA

The ground station was modeled with a N, x N, Uniform Planar Array with an interelement
spacing of d, = d, = 2. To mitigate grating lobes, a subcarrier frequency spacing was applied
to each element according to the FDM scheme in , where the frequency offset for the element
at position (y, z) is given by Af,, = (y — %) Af+(z — %) Af, fory=0,--- ,N,—1and
z=20,---,N, — 1, this arrangement is shown in the Figure . The array (all the parabolic

antennas) boresight was mechanically fixed, pointing towards the satellite’s DOA at the time

of the first snapshot, ©(t).

Table 5.2. Array and antenna parameters.

Quantity Notation | Value Unit
Number of array elements N,=N, |4 -
Array spacing d, =d, 4\ m
Subcarrier frequency spacing | Af 625 - 106 - %’ Hz
Parabola diameter d 2 m
Antenna efficiency Na 0.8 -

Source: Own authorship.
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Figure 5.2. Allocation of subcarrier frequencies to each array element along the y and z axes.

0 1 2 3
0 1250 1583 1917 2250
1 1583 1917 2250 2.583
2 1917 2250 2583 2917

3 2250 2583 2917 3.250

Source: Own authorship.

5.1.3 Transmission signal

The transmitted signal was a[QPSK]modulated pilot sequence. The baseband symbols were

shaped using the raised-cosine pulse p(t) as described in Section Section [2.3.2]

Table 5.3. Transmission signal parameters.

Quantity Notation | Value | Unit
Carrier central frequency fo 2.25 GHz
Number of symbols in pilot sequence | M 64 -
Symbol duration time T 50 ns
Roll-off factor b 0.35 -

Source: Own authorship.

5.1.4 Reception

At the receiver, low-pass filters were used in both the and feedback loops. An
additional low-pass filter, hyp, was implemented after the phase correction stage and before

timing synchronization to filter residual noise and improve the accuracy of the symbol decisions

used by the [MaM] algorithm.

Table 5.4. Reception parameters.

Quantity Notation | Value Unit
Sampling period T % = 6.25 | nsec
Cutoff frequency of low-pass filter | f. % =20 MHz

Source: Own authorship.
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Table 5.5. MUSIC/PAST parameter.

Quantity Notation | Value | Unit
Angle step for MUSIC scanning | - 0.5 deg
PAST forgetting factor ¢ 0.99 -

Source: Own authorship.

Table 5.6. Phase tracking and symbol timing parameters.

Quantity Notation | Value | Unit
FLL loop filter gain Kioop 0.2 -
FLL loop filter cutoff frequency | frrr Ti =20 | MHz
M&M loop filter cutoff frequency | farans Ti =20 | MHz
M&M loop gain C 0.4 -

Source: Own authorship.

5.2 SIMULATIONS AND PERFORMANCE ANALYSIS

The models and algorithms described in this thesis were implemented using the Python
programming languagd]

The performance of the system was evaluated using Monte Carlo simulations. For each test,
random pilot sequences (for each Montecarlo) of length M = 64 were transmitted. A random

reception delay of At ~ U(0,0.25T;] was introduced to test the timing recovery, and [AWGN]

with zero mean and variable power was added to the signal.

The was placed at a fixed location on the Earth surface, while the [LEQ] satellite orbit
was generated such that the was approximately at the center of the satellite footprint at

the midpoint of the simulated pass (at snapshot %) The satellite path is fixed.

Table 5.7. GS and satellite orbit parameters.

Quantity Notation | Value Unit
GS latitude and longitude (Vgs,0as) | (—16,—48) | deg
Satellite central latitude and longitude | (Vsa,Psat) | (Yas,0as) | deg
Satellite angular velocity components | (wg,wy) (15.5,4.1) | Revolutions/day
Montecarlo realizations - 1000 -

Source: Own authorship.

!The complete source code is available at the repository found at <https://github.com/gabrielbopi/LEO
groundstation>


https://github.com/gabrielbopi/LEO_groundstation
https://github.com/gabrielbopi/LEO_groundstation
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5.2.1 Performance tests

DoAl estimation with [MUSIC

The accuracy of the MUSIC algorithm for DOA estimation was assessed. Figure [5.3] plots

the angular estimation error |© — ©| against the noise power and DOA estimation error at

each snapshot of the satellite’s pass.

Figure 5.3. DOA estimation. At left, deviation (average for all snapshots) vs. noise power. At right, deviation
(for a specific noise power) vs. time (Snapshot).
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Source: Own authorship.

Looking at the graph on the right, it can be seen that the estimate fails after a certain
point in time. This is likely due to the low visibility of satellite [EM| wave when the [DoAl is
not close to the parabola boresight, given the short-range directivity of these antennas. This

demonstrates the need for antenna systems with greater range to maximize the visibility of the
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emitted signal.

In the graph on the left, it can be seen that the amount of error in the estimation increases

progressively with increasing noise power level, demonstrating that signal quality is important

for accurate estimation of [DoAl

Doppler correction

The performance of the [FLI] in tracking the time-varying Doppler shift was evaluated.
Figure shows the deviation |f; — fd| of the frequency estimate from the true Doppler shift

as a function of the noise power and the estimation deviation at each snapshot throughout the

satellite pass.

Figure 5.4. Doppler estimation. At left, deviation (average for all snapshots) vs. noise power. At right,
deviation (for a specific noise power) vs. time (Snapshot).
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Analyzing the graph on the left, it can be seen that the system performs well up to a
certain noise level (approximately —123 dBm). After this point, excessive distortion in the

signal amplitude leads to signal discrimination failures (the (4.24]) stage).

Looking at the right, we see that there is a peak error at one point due to a failure in the
DOA estimation, but it is subsequently corrected due to the adaptive nature of the [FLI] This

shows that the accuracy of the [FLI] depends on the performance of the [DoAl estimation.

Reception BER x SNR

The end-to-end performance of the receiver was evaluated by measuring the BER] as a
function of the SNRl Figure [5.5 shows the performance under certain conditions: with no
additional distortions (ideal case), with no corrections applied, with only the [ELI] active, with

only timing synchronization active, and with both synchronization loops active.

Figure [5.6] shows this performance evaluation when the [EDM]| technique is not used, where
it can be seen that in all cases the estimation fails, becoming unfeasible. This demonstrates

the importance of implementing [FDM]| in the system.

It can be seen that phase and timing corrections result in an overall performance gain in the
system (purple curve compared to orange), demonstrating some effectiveness of the techniques,
although somewhat limited for the tested configurations. This limitation can also possibly be

attributed to the satellite’s low visibility range.

However, it can also be noted that symbol synchronization without phase correction worse-
ned reception performance (red curve compared to orange), demonstrating the need to jointly
implement both correction blocks in the system (phase correction and symbol synchronization,

as seen in the purple curve compared to green).

5.3 CONCLUSIONS

This dissertation has presented a comprehensive investigation into the implementation of
adaptive signal processing algorithms for a [LEQI satellite ground station based on a large-space

[UPAl The primary motivation for this work was to address the growing need for agile, low-cost
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Figure 5.5. BER vs. SNR for different receiver configurations.
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7

Figure 5.6. BER vs. SNR for different receiver configurations not making use of FDM. The estimation fails.
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ground segment solutions capable of tracking fast-moving LEO satellites while tackling the

inherent challenges posed by sparse array geometries, namely the presence of grating lobes.

A complete end-to-end simulation framework was successfully developed, encompassing a
detailed signal model with modulation and raised-cosine pulse shaping, a dynamic LEO
channel model accounting for time-varying Doppler and propagation delay, and the geometric
model of the [UPAl Within this framework, a full receiver chain was implemented, including
robust algorithms for carrier and timing synchronization (a [FLIl and the [MaM]l algorithm,
respectively) and a high-resolution [DoAl estimation method (MUSIC]).

The central contribution of this dissertation is the proposal, implementation, and analysis of
a novel [EDM] technique for the suppression of grating lobes. By assigning a unique subcarrier
frequency to each antenna element, the system successfully emulates the behavior of a non-
uniform array in the signal processing domain. The simulation results have shown that this
technique mitigates grating lobes, but at the cost of increasing the total signal bandwidth.
Empirical analysis suggests that for shorter inter-element distances (e.g., d, . < 4)), the linear
relationship between the required subcarrier spacing and the array spacing makes the technique

viable within reasonable system bandwidth limits.

The performance analyses have revealed any insights. With the array’s initial pointing fixed
at the first [DoAl the system’s performance was strong at the beginning of the satellite pass but
deteriorated as the satellite moved away. This degradation is likely due to the worsening of the
[DoAl estimate, a consequence of the poor visibility of the individual parabolic antennas to a
satellite far from their boresight, given their characteristic high directivity. This highlights a
critical relationship: the accuracy of the [FLI]is directly dependent on the performance of the
[DoAl estimate. While the phase and timing correction loops demonstrated some effectiveness,
the overall performance gains were modest for the tested configurations. This limitation can
also be attributed to the satellite’s low visibility range as it moved away from the array’s fixed
pointing direction. However, it must be made known that this work was conducted under a
set of simplifying assumptions, including a channel model limited to Free-Space Path Loss and

AWGN, and the absence of real-world hardware testing.
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5.3.1 Future Works

The research presented in this dissertation provides a simulation-based validation of digital
communication methods, establishes a foundational framework for adaptive array processing
in LEO satellite ground stations and introduces a novel technique for grating lobe mitigation.
Nevertheless, the simplifications made in the models and the scope of the investigation open up
numerous avenues for future research. The following areas are identified as promising directions

for extending and enhancing this work:

e Extension of the channel model: The channel considered in this work was simplified,
relying solely on [FSPI] and [AWGNl Future models should include the effects of multipath
propagation, small-scale fading (Rician and Rayleigh), and atmospheric attenuation phe-
nomena (such as gaseous absorption). These additions would bring the simulations closer
to the conditions of real satellite links and allow a more rigorous evaluation of receiver

performance.

e Antenna directivity limitations: The short-range directivity of parabolic antennas
observed in this study highlights the need for antenna systems with wider coverage to
maximize visibility of the satellite signal. A promising approach is to test different poin-
ting strategies for each parabola in the array, thereby increasing the effective visibility
within the satellite footprint and mitigating performance degradation as the satellite mo-

ves away from the initial boresight.

e [FDMlbased grating lobe mitigation: Further investigation is needed into the
approach to suppress grating lobes in large-spaced arrays. In particular, exploring alter-
native schemes for the subcarrier frequency spacing A f,, and optimizing the allocation of
subcarriers under the constraints of practical bandwidth limits in the uplink remains an

important direction.

e Decoupling and calibration: The ideal array model used in this work neglects the
real-world impairments of mutual coupling between antenna elements and gain/phase
errors in the RF front-end. Future research should incorporate decoupling and calibration

techniques to compensate for these non-idealities, which is essential for achieving the high
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performance predicted by theory.

e Real constellation simulations: Future simulations should incorporate real sa-
tellite constellations (e.g., OneWeb, Starlink, or open-access CubeSat constellations), in-
cluding the effects of inter-satellite handoffs as a satellite exits the visibility range of the
ground station and another takes its place. This would allow the evaluation of tracking

algorithms in realistic multi-satellite scenarios.

e Adaptive Interference Cancellation: This work focused on signal enhancement in a
noise-limited environment. Future efforts should implement fully adaptive beamforming
techniques, such as the LMS or Kalman filter algorithms. This would leverage the array’s
capabilities for interference cancellation from other sources, enabling dynamic tracking
of the desired satellite while simultaneously placing nulls in the directions of interfering

signals.

e Hardware implementation: Experimental validation of the proposed techniques is
essential. An important next step is to implement the algorithms on real [SDRI platforms
and evaluate their performance under real-world conditions, including orbital dynamics,

Doppler shifts, and hardware-induced distortions.

e Efficient DoA estimation: Finally, further investigation into more efficient and adap-
tive [DoAl estimation methods with reduced computational burden is necessary. While
effective, the algorithm’s angular scan is computationally intensive. Techniques
such as[ESPRIT] or hybrid model-driven/data-driven approaches may provide a favorable

trade-off between accuracy and complexity.
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APENDICE A

SPHERICAL COORDINATES

The Spherical Coordinate System will be described for the study of satellite orbits,

arrays, and the antennas that comprise them.

A.1 DEFINITION AND CONVERSIONS

The spherical coordinate system specifies a point P in 3D space using the triplet (7,6, ¢) as
shown in the Figure where (SADIKU, [2018)):

e Radial distance (r): The distance from the origin to the point P (r > 0).

e Zenith - or colatitude - angle (#): The angle measured from the local vertical, called

Zenith direction (positive Z-axis) to the vector oP (0<6<m).

e Azimuth angle (¢): The angle measured from the positive X-axis to the projection of the

vector OP onto the XY-plane (0 < ¢ < 27).

In some cases it can be use the Elevation (1) - angle from the local horizontal plane (X-axis)

- instead of the Zenith (#). The relationship between the two is complementary:

T
=7 0. (A1)

A.2 SPHERICAL TO CARTESIAN CONVERSION

Given a point (r,6, ¢) in spherical coordinates, the conversion to Cartesian coordinates is

x = rsinfcos¢o
y = rsinfsing (A.2)
z= rcosf.
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Figure A.1. Spherical coordinates. Description of a position vector r through its versor r and the angles ¢
and 6.

=

Source: (SADIKU| [2018])

Conversely, given a point (z,y,z) in Cartesian coordinates, the conversion to spherical

coordinates is

r= \/m
0 = arccos (2) (A.3)
¢ = arctan (¥) = Z (z + yy) .

A.3 BASIS VECTORS CONVERSION

A vector A expressed in Cartesian coordinates, A = A,x+ A,y + A.Z, visualized in Figure
, can be transformed into its spherical components, A = Arf“+Agé+A¢gz§ (SADIKU], 2018).

The spherical unit vectors in terms of Cartesian coordinates are:

sinf cos px +sinfsingy + cosbz
cosf cos px +cosfsin gy —sinfz (A.4)
— sin ¢x + cos ¢y .

D >
I

This transformation is accomplished using a rotation matrix derived from the dot products

of the unit vectors in both systems. The transformation matrix for the spherical vector com-
ponents is:

A, sinfcos¢ sinfsing cosf A,
Ap| = |cosbfcos¢ cosfsing —sinf| [A,]. (A.5)
Ay —sing cos ¢ 0 A,
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Figure A.2. Radial unitary vectors of r, § and ¢.
¥4

Source: (SADIKU, 2018).




APENDICE B

OTHER CHANNEL EFFECTS

B.1 ANTENNAS INCOMPATIBILITIES

e Polarization mismatch: occurs when the transmit and receive antennas have different
polarization orientations. The effective gain is reduced by a factor cos?(Af), where A6 is

the angle between polarization vectors.

e Antenna misalignment: refers to pointing errors or mechanical deviations in the antenna
array orientation, leading to beam pointing errors and reduction in effective gain. These

effects are particularly critical in narrow-beam, high-frequency systems (e.g., Ka-band).

B.2 ATMOSPHERIC EFFECTS

The Earth’s atmosphere is not a perfect vacuum and introduces several forms of attenuation,
which become particularly severe at the higher frequencies (Ku, Ka, and Q/V bands) used in

modern satellite systems.

e Atmospheric Absorption: Gaseous molecules in the atmosphere, primarily oxygen and
water vapor, absorb energy from the passing radio wave, converting it into heat. This
absorption is highly dependent on frequency, with significant attenuation peaks occurring
at the resonant frequencies of these molecules (e.g., around 22 GHz for water vapor and
60 GHz for oxygen). The attenuation due to atmospheric absorption, A, (dB), is a
function of the signal’s path length through the atmosphere, which in turn depends on

the ground station’s elevation angle to the satellite.

e Rain Attenuation: Hydrometeors such as rain, fog, and clouds can severely attenuate

and scatter the signal. Rain is the most significant factor, with the effect increasing
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dramatically with frequency and rain rate. The specific attenuation, vz (dB/km), can
be modeled using a power-law relationship vz = kR*, where R is the rain rate in mm/h,

and the coefficients £ and a depend on the signal’s frequency and polarization.

e Tropospheric/Ionospheric Scintillation: At frequencies above 10 GHz, turbulent mixing
of air with different temperatures and humidity in the troposphere can cause rapid fluc-
tuations in the signal’s amplitude and phase. In the ionosphere, irregularities in electron
density can cause similar rapid fluctuations, particularly at lower frequencies (L-band and

S-band).

B.3 FADING

The received signal strength can experience rapid fluctuations, known as fading. This is a
combination of large-scale effects due to major obstacles and small-scale effects due to multipath

propagation.

e Shadowing (Large-Scale Fading): As the satellite moves, the path can be obstructed by
large objects like buildings or hills, causing a significant drop in the mean signal power.

This effect is known as shadowing and is typically modeled by a log-normal distribution.

e Multipath Fading (Small-Scale Fading): The signal arrives at the receiver via multiple
paths, causing rapid fluctuations around the mean signal level. This is often modeled by

one of two statistical distributions:

— Rician Fading: This model is applicable when a strong, dominant Line-of-Sight (LoS)
path exists between the satellite and the ground station, in addition to multiple wea-
ker, scattered non-LoS paths. The probability density function of the received signal
envelope, r(t), follows a Rician distribution. The severity of the fading is characte-
rized by the Rician k-factor (kappa, the ratio of the power in the LoS component
to the power in the scattered components). A high x indicates a strong LoS path
and less severe fading. This is the typical fading model for LEO systems in open or

suburban areas.

— Rayleigh Fading When the LoS path is completely obstructed, the received signal
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is a sum of many non-LoS components with no single dominant path. In this case,
the signal envelope follows a Rayleigh distribution, which represents a more severe

fading condition.

B.4 MULTIPATH PROPAGATION

As already said in the Section [I.2.3] In a realistic environment the signal does not only
arrive via the direct path. It also reflects and scatters off the ground, buildings, and
other obstacles, creating multiple indirect paths to the receiver. This is multipath propagation.
The received signal is then a superposition of the component and several Non-Line-of-
Sight (NLoS) delayed, attenuated, and phase-shifted replicas. When multiple signals (the LoS
satellite signal, multipath components, and potential interferers) are present, the received signal

model is expanded to a sum over all incident waves component:

L
raLos(t) = Z as(t — Tl)6j¢l,
=1

where L is the number of paths, and 7, y, ¢; are delay, amplitude, and phase of the [-th path

respectively.

The envelope of the received passband signal under Rician fading - described in Section 3.3
- and considering no delay is:

L

Z a;s(t — m)el?t.

=1

K .
t) = t)e’?
r(t) = [ g s +

kK—+1

Taking the limit k — oo, it means that is no multipath, thus this sampled equation becomes
the (3.1)) with no noise.

In scenarios with strong multipath (e.g., near reflective surfaces), [SI] becomes significant
and must be addressed via pulse shaping or equalization techniques. Figure illustrates this

effect.
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Figure B.1. Illustration of multipaths that an original transmitted signal (red) can travel, reflected (purple)
by obstacles in the environment, and generate unwanted readings of its copies.

Reflected siéals
Source: (KUMAR et al., 2013).
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