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Summary

Underwater wireless communication is a cornerstone of modern marine exploration,
infrastructure maintenance, and naval operations. While terrestrial systems rely on elec-
tromagnetic radio-frequency (RF) waves, these are impractical underwater due to rapid
attenuation. Consequently, underwater communication typically utilizes acoustic pres-
sure waves, which can propagate over tens of kilometers. However, underwater acoustic
(UWA) communication is characterized by limited bandwidth, high latency due to slow
propagation, and severe distortions from multipath-induced delay and motion-induced
Doppler spreads. This dissertation investigates the design of an UWA system that is both
analytically tractable and sufficiently flexible to adapt to these volatile conditions in real
time.

The research begins by examining state-of-the-art communication schemes in both
UWA and terrestrial domains. A key theoretical contribution is the demonstration that
two prominent schemes, developed independently in their respective fields, are mathe-
matically equivalent. Further analysis of the time-frequency signal structure reveals that
the benefit of these schemes stems from the fact that information is spread across both
time and frequency.

A central challenge addressed is the trade-off between training and data transmission.
By proposing a novel training design, this dissertation demonstrates a 50% reduction
in training overhead compared to conventional designs without sacrificing estimation
accuracy. Finally, to bridge the gap between theory and application, a channel-aware
adaptation protocol is introduced. This allows the system to optimize parameters in-
situ, ensuring a robust link. The approach was validated through synthetic simulations,
channel replay, and real-world experiments.
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Samenvatting

Draadloze onderwatercommunicatie speelt een belangrijke rol in moderne maritieme
exploratie, onderhoud van infrastructuur en marineoperaties. Waar systemen op het
land gebruik maken van elektromagnetische radiofrequentiegolven, zijn deze onder wa-
ter onpraktisch vanwege de sterke verzwakking (attenuatie). Onderwatercommunicatie
maakt daarom doorgaans gebruik van akoestische drukgolven, die zich over tientallen
kilometers kunnen voortplanten. Akoestische onderwatercommunicatie wordt echter
gekenmerkt door een beperkte bandbreedte, hoge latentie door de lage voortplantings-
snelheid, en ernstige vervormingen veroorzaakt door echo’s en frequentieverschuivinging
door beweging. Dit proefschrift onderzoekt het ontwerp van een akoestisch onderwater-
communicatiesysteem dat zowel analytisch hanteerbaar als voldoende flexibel is om zich
aan deze veranderlijke omstandigheden aan te passen.

Het onderzoek begint met het bestuderen van de huidige stand van de techniek op
het gebied van zowel akoestische onderwater- als terrestrische communicatieschema’s.
Een belangrijke theoretische bijdrage is het bewijs dat twee prominente schema’s, die
onafhankelijk van elkaar in hun respectievelijke vakgebieden zijn ontwikkeld, wiskundig
equivalent zijn. Verdere analyse van de signaalstructuur in het tijd-frequentiedomein laat
zien dat het voordeel van deze schema’s voortkomt uit het feit dat informatie over zowel
tijd als frequentie wordt gespreid.

Een centrale uitdaging die in dit proefschrift wordt behandeld, is de afweging tussen
training en datatransmissie. Door een nieuw trainingsontwerp voor te stellen, toont dit
proefschrift een reductie van 50% in trainingsoverhead aan in vergelijking met conven-
tionele ontwerpen, zonder daarbij in te leveren op de nauwkeurigheid van de kanaal-
schatting. Tot slot wordt, om de kloof tussen theorie en praktijk te overbruggen, een
kanaalbewust adaptatieprotocol geintroduceerd. Hiermee kan het systeem de parame-
ters in-situ optimaliseren, wat in een robuuste communicatieverbinding resulteert. De
haalbaarheid van deze aanpak is gevalideerd door middel van synthetische simulaties,
channel replay-simulaties en experimenten in de praktijk.












Introduction

This chapter establishes the context of the dissertation. It outlines the principal challenges
in underwater communication and examines the role of signal processing in addressing
these. The chapter presents the current research limitations and objectives considered in
this work. It concludes with an outline of the dissertation structure.




4 1. Introduction

Communication is a vital part of life on Earth and comes in many forms. Trees,
for instance, appear to communicate underground through complex fungal networks
that connect their roots [1]; peacocks communicate visually by displaying their
vibrant feathers; and many animals, mammals in particular, use sound to coordinate,
navigate, or signal intent. Humans have historically made use of the same fundamental
communication modalities found in nature: chemical, visual, and acoustic. Over the past
century, however, we have also started to communicate through engineered systems,
most notably through the invention of radio-frequency technology, as used by mobile
phones. Another form of human-engineered communication, although less noticeable
in everyday life, is wireless underwater communication. Its origin lies in the need for
ships to navigate safely or to be warned of fixed hazards. At the start of the 20th century,
a fog horn and underwater bell would be sounded simultaneously from the coast. By
measuring the difference in time-of-arrival of the two signals, a ship could determine its
offshore distance [2]. The development of underwater communication surged during the
two World Wars, eventually leading to the invention of the underwater telephone in
1945 [3], which made it possible to communicate with submerged submarines. Since
then, underwater communication drew relatively little public attention until the sabotage
of the Nord Stream pipeline in the Baltic Sea in September 2022. Despite this low visibility,
substantial scientific progress has been made over the decades. Today, underwater
communication is increasingly used in commercial applications such as maintenance of
offshore structures, sea-life monitoring, and inspection of pipelines and power lines,
alongside its traditional role in naval warfare.

Underwater communication is typically carried out using acoustic pressure waves.
Although electromagnetic waves, including both radio-frequency signals and optical
waves (i.e., light), would be desirable due to their higher bandwidth and faster
propagation speed, they are strongly attenuated in (sea)water. Therefore, electromagnetic
waves are unsuitable for long-range underwater communication. Optical waves provide
a familiar example: light is rapidly scattered and absorbed, especially in turbid water.
Acoustic waves, on the other hand, can propagate over much greater distances but
introduce significant challenges for the design of communication systems, as will be
discussed below.

1.1. Challenges of acoustic communications

Communication systems are designed to maximize the data rate — the amount of
information transmitted per unit time. Higher data rates enable more sophisticated
applications, such as video streaming, rather than just simple text messages. However,
data rates achievable with underwater acoustic communication systems are several
orders of magnitude lower than those for (terrestrial) radio-frequency systems. Typical
acoustic data rates are on the order of kbit/s, whereas radio-frequency links commonly
operate on the order of MB/s.! As a result, sending a message through an acoustic link
can easily take 8000 times longer. This enormous gap has several underlying causes.

INote that one byte corresponds to eight bits; hence 1 MB/s = 8000kbit/s.
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Figure 1.1.: Due to the frequency-dependent absorption loss (a) and noise level (b), the
usable bandwidth for underwater acoustic communications is limited (c).

1.1.1. Limited usable bandwidth

The usable bandwidth, meaning the range of frequencies that can effectively carry
information, in underwater acoustic communication systems is severely limited. This
arises from the interplay of propagation loss and ambient noise. The limited usable
bandwidth constrains the maximum achievable data rate, much like a narrow pipe
restricts the flow of water.

Propagation loss

As an acoustic wave propagates through water, its energy, which is directly related to its
pressure level, decreases. This propagation loss arises from two mechanisms: spreading
loss and absorption loss. As the wave travels, its energy spreads geometrically over
a larger volume, reducing its pressure level (spreading loss). In parallel, part of the
wave’s energy is absorbed by the medium (absorption loss), e.g. converted into heat.
Absorption loss depends on environmental conditions such as temperature and salinity,
but most strongly on the frequency of the wave: higher frequencies suffer much greater
absorption, limiting their usable range. This effect is illustrated in Figure 1.1a, which
shows the frequency-dependent absorption loss for sea and fresh water. Consequently,
only a relatively small portion of the low-frequency spectrum remains usable for
communication over practical distances.

Ambient noise

The usable bandwidth is further constrained by noise, the background sound naturally
present in water. This noise has several origins. Marine life and nearby ships generate
sound, and the environment itself contributes through wind, rainfall, breaking waves,
and swell generated by distant storms. Because the noise level varies across the spectrum,
the extent to which noise affects a communication link depends strongly on the
frequencies used by the communication system. However, also other factors such as
operating depth and local bathymetry play an important role. Figure 1.1b illustrates the
noise level as a function of frequency for different wind speeds.
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To summarize, the usable bandwidth is squeezed from both sides: high frequencies are
absorbed before they can travel useful distances (Fig. 1.1a), while low frequencies are
masked by ambient noise (Fig. 1.1b). The blue region in Fig. 1.1c captures this directly. Its
right edge is pushed left by absorption, and its left edge is pushed right by noise, leaving
only a narrow window of favorable frequencies in between. For this reason, underwater
acoustic systems typically operate between approximately 2kHz and 40kHz. Within this
usable range, the most favorable frequencies depend on the communication distance.
Lower frequencies support longer ranges and higher frequencies can be used for shorter
links.

1.1.2. Large propagation delays

Another challenge in underwater acoustic communication is the propagation delay —
the time it takes for a message to travel from the sender to the receiver — which is
relatively large compared to radio-frequency systems. This is because acoustic waves
travel through water at only about 1500m/s, which is extremely slow compared to
electromagnetic waves that travel at the speed of light, roughly 3 x 103 m/s.

The propagation delay does not directly limit the data rate itself. This is similar to
turning on a tap: there is a short wait before the water arrives, but the flow rate itself is
unchanged once it does. However, it has a strong indirect impact because the resulting
latency affects the communication protocols. For instance, if a message is received
incorrectly and a retransmission is required, the request for retransmission takes a long
time to reach the sender, and the repeated message takes equally long to return. These
long round-trip times reduce the throughput of messages and hence the effective data
rate.

1.1.3. Channel distortions

When a message travels through the ‘channel, i.e., as it propagates from the sender to the
receiver, it can become distorted. These channel distortions have various origins.

Delay spread

Firstly, in the underwater acoustic channel, multiple propagation paths typically exist
between the sender and the receiver, for example a direct path and reflections from
the water surface or seabed, as visualized in Fig. 1.2. As a result, the receiver often
observes delayed replicas of the same message, which degrade correct reception (much
like echoes in a church can make speech difficult to understand). The delay spread,
the time difference between the first and last significant arrival, is often several tens of
milliseconds.

Doppler spread

Secondly, motion of the water surface and relative movement between sender and
receiver cause frequency shifts, known as Doppler shifts (similar to how an ambulance
siren changes pitch as it passes). Because the relative motion can differ across
propagation paths, each path may experience a different frequency shift. The Doppler
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Figure 1.2.: Example of an underwater acoustic communication scenario: an autonomous
vehicle sends a message to a gateway buoy, which can relay the message using
radio-frequency communications. Due to reflections from the water surface
and seabed, the buoy receives multiple delayed replicas of the same message.

spread is the frequency-domain equivalent of delay spread and refers to the difference
between the largest positive and largest negative significant frequency shift observed
across all paths. The magnitude of the shift depends on the ratio v/c, where v is the
relative velocity along the path and c is the propagation speed of the wave. Hence, the
more surface waves or the higher the relative velocity between the sender and receiver,
the more the message is distorted.

Non-homogeneous propagation speed

The temperature, salinity and pressure levels in the water column are not uniform, which
leads to spatial variations in the sound speed. This causes acoustic waves to bend rather
than travel in straight lines, as waves always refract toward regions of lower propagation
speed. In deep waters, such as oceans, temperature, salinity and pressure gradients are
common and bending often introduces additional reflections. This increases the extent of
multipath propagation and can enhance Doppler effects, further distorting the received
signal.

Underwater acoustic vs. radio-frequency communication

While the challenges for underwater acoustic communication are often analogous to
those encountered in radio-frequency systems, they are far more pronounced due to
the relatively low propagation speed in water. For instance, delay spread causes much
stronger distortion in acoustic channels because the propagation speed is low, making
path delays comparable to typical message durations, whereas in radio-frequency
channels the high speed of electromagnetic waves keeps delays small relative to the signal
length. Similarly, Doppler effects are amplified: since the magnitude of the frequency
shift depends on the ratio v/c, the same relative velocity produces substantially larger
Doppler shifts in acoustic channels, resulting in a larger Doppler spread. Consequently,
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underwater acoustic communication requires solutions specifically tailored to these
conditions. Although concepts and signal processing techniques from radio-frequency
systems can provide inspiration, direct application is generally not possible.

1.2. Therole of signal processing

As discussed in the previous section, underwater acoustic communication faces several
significant challenges. The field of signal processing plays a crucial role in addressing
these challenges by developing models that describe the channel distortions, algorithms
that estimate the resulting effects, and methods that compensate for these distortions
during reception.

Channel modeling

Although the physical origins of underwater channel distortions are known, accurately
modeling the channel remains difficult. The received signal is shaped by a complicated
mix of reflections, refractions, and motion-induced Doppler shifts. In addition, many
influential factors, such as the temperature profile, surface-wave motion, seabed
properties, and platform movement are unknown or only partially measurable. For
this reason, underwater channels are typically described using simplified physical or
statistical models that capture their overall behavior rather than their exact details. These
models provide the foundation on which a communication system is built.

Channel estimation and equalization

Over the past decade, much research has focused on channel estimation, techniques
that determine how the channel distorts the transmitted signal, and on equalization,
algorithms that reverse these effects to recover the original message. In practice, the
performance of the equalization depends critically on the accuracy of the channel
estimation. In other words, one first has to estimate how the transmitted signal
is distorted before attempting to undo those effects. The overall performance and
achievable data rate of a communication system therefore rely on how effectively these
two components work together.

While these algorithms operate at the receiver, their exact implementation and
performance are fundamentally influenced by the design of the transmitted signal itself.
The structure of the transmitted waveform determines how, and how well the receiver
can estimate the channel and how efficiently it can recover the data.

Design of the transmitted signal

Every transmitted message generally consists of two parts: a training portion, which is
known to the receiver, and a data portion, which carries the information to be decoded.?
Throughout this work, the terms “training” and “pilot” are used interchangeably to
describe the known signal portion. Even with this basic division, there is considerable
freedom in how the transmitted signal is constructed.

2Blind equalization techniques, which operate without explicit training, are considered outside the scope of
this dissertation.
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Figure 1.3.: Visualization of the transmit signal design problem. Training and data parts
of the signal have to be ordered in time and frequency. Placing one cube on
top of another indicates more power is to be transmitted at a specific time
and frequency.

An intuitive way to understand this design space is to imagine that power can be
placed in two domains: time and frequency, see Fig. 1.3. The transmitter must decide
when (time) to send training and at which frequencies (frequency). These choices
lead to fundamental trade-offs. More training improves channel estimation and makes
equalization easier, but leaves less room for data. Too little training increases the data
rate, but risks poor channel estimates and hence degraded equalization. Transmit signal
design therefore requires balancing these competing objectives.

1.2.1. Limitations of existing research

The challenges described above are highly dependent on the environment, e.g.,
temperature, wind conditions, water depth, distance, and seabed characteristics. As a
result, different locations can exhibit very different channel conditions. For example, a
harbor is typically a relatively static environment with minimal Doppler effects, but the
presence of hard quay walls can lead to strong and complex reflections. In contrast,
the open sea is far more dynamic: surface waves and underwater currents introduce
significant motion, resulting in larger Doppler shifts. Moreover, different seas or ocean
regions can behave very differently due to variations in temperature profiles, salinity, or
even surface ice. These strong location-dependent variations make it difficult to design a
single, universally effective communication system. Signal processing algorithms and
parameters that work well in one environment may perform poorly in another, meaning
that models, channel estimators, and equalizers must either be carefully tuned to local
conditions or designed to adapt automatically.
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Lack of analytical tractability

Most underwater communication systems rely on a highly nonlinear receiver structure.
While such systems can perform well in practice (when tuned well), they typically
lack a closed-form analytical description. This makes it difficult to understand their
behavior theoretically, predict performance under new channel conditions, or optimize
them systematically. As a consequence, system tuning usually relies on large-scale
parameter searches, which are computationally demanding and risk overfitting to
specific measurement conditions.

Neglected training/data trade-off

To cope with environmental variability, some research (e.g., [7], [8], [9]) has
proposed running multiple receiver configurations in parallel, each with different
(hyper)parameters, and selecting the one that performs best. However, such approaches
focus solely on the receiver and neglect the design of the transmitted signal. In reality,
the balance between training and data, and the allocation of power across time and
frequency, strongly influences both channel estimation and equalization performance.
Ignoring these trade-offs limits the overall adaptability of the system.

Insufficiently flexible adaptive frameworks

Another line of work proposes using a small set of predefined system configurations, each
combining a particular transmit signal and receiver algorithm, and learning when to
switch between them. Although this provides some adaptability, the approach has two
fundamental limitations: i) a small, fixed collection of configurations cannot capture the
wide variety of channel behaviors encountered in practice, and ii) switching decisions
are driven by communication system performance rather than by underlying channel
conditions. Moreover, the communication performance metrics often do not depend on
the system parameters. Consequently, such methods offer only coarse, reactive rather
than condition-aware adaptation.

1.3. Research objective

The limitations identified above clearly highlight the need for underwater acoustic
communication systems that are both analytically tractable and sufficiently flexible to
cope with highly time-varying environments. This motivates the development of a simple,
interpretable system architecture that can be optimized to fit diverse channel conditions
and adapted to changing environments in real time. The work focuses specifically on
short-range uplink scenarios, typically up to a few kilometers, where platform motion
induces significant Doppler spreading, making the channel highly time-varying. The
overarching aim of this dissertation is therefore:

To design an underwater acoustic system that can adapt to the channel conditions in
real time.
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To address this main goal, the dissertation investigates three core aspects: (i)
understanding the behavior of simple modulation schemes under time-varying
conditions, (ii) optimizing transmit-signal design when channel statistics are available,
and (iii) enabling real-time system adaptation when statistics are unknown. To this end,
the following key questions are posed.

RQ1: How do state-of-the-art modulation schemes perform under time-varying channels?

RQ2: Given channel statistics, how can the transmitted signal be optimized to maximize
throughput?

RQ2.1 Which pilot allocation strategies minimize overhead while ensuring accurate
channel estimation performance?

RQ2.2 How should power be distributed between pilot and data signals to maximize
throughput?

RQ3: How can the communication system be adaptively optimized in real time to
maximize throughput under changing channel conditions?

1.4. Dissertation outline

The remainder of this dissertation is organized as follows. Figure 1.4 provides a visual
roadmap of the chapter progression and illustrates how each relates to the core research
questions. The core technical chapters, Chapter 3 through Chapter 7, are arranged along
a spectrum ranging from theoretical foundations to experimental validation.

To assist readers in navigating this work based on their specific interests:

* For a general overview: Readers seeking a high-level summary of the contributions
are advised to focus on Chapters 1 and 8.

 For theoretical depth: Those interested in the underlying framework and design
methodology should refer to Chapters 3, 4 and 6.

e For implementation and validation: Readers focused on practical results and
experimental setups are directed to Chapters 5 to 7.

The following paragraphs provide a brief overview of the specific contributions of each
chapter.

Chapter 2: Background provides the necessary theoretical background for the
contributions presented later in this thesis. It introduces key concepts in (underwater
acoustic) communication theory, aiming to bridge the gap for researchers in signal
processing who may lack specific expertise in these areas.

Chapter 3: Modulation Techniques addresses the first research question by
investigating how various modulation schemes influence the transmitted signal. This
chapter provides a comparative analysis of several techniques, evaluating their structural
similarities and their resilience to specific channel distortions.
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Figure 1.4.: Schematic representation of the dissertation structure. The core research
chapters (CH3-CH?7) are categorized by their theoretical or experimental
focus and are mapped to the primary research questions (RQ1-RQ3).

Chapter 4: Optimal Pilot Design for OTFS focuses on the optimization of pilot signals
to address the second research question. It evaluates various pilot designs across multiple
modulation schemes, comparing them in terms of overhead and channel estimation
performance. Moreover, this chapter proposes a novel pilot design specifically tailored for
orthogonal time frequency space (OTFS) modulation.

Chapter 5: Validation using Channel Replay Simulations provides empirical validation
of the proposed pilot design through channel replay simulations. By comparing the
proposed framework against current state-of-the-art approaches, this chapter further
addresses the second research question and demonstrates the performance gains of the
new design in controlled but realistic environments.

Chapter 6: An Adaptive OTFS System further bridges the gap between theory and
practice, extending the analysis of Chapter 4 to the more complex, real-world underwater
acoustic (UWA) channels. It details the integration of the proposed framework into a
communication system, thereby addressing the third research question.

Chapter 7: Implementation and Experimental Validation considers the practical
implementation of the methods introduced by the preceding chapters. It describes the
system architecture and reports on the communication performance during real-world
experiments.
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Chapter 8: Concluding Remarks concludes the dissertation by revisiting the three
primary research questions. It synthesizes the theoretical and experimental findings to
provide comprehensive answers. Additionally, it identifies remaining technical challenges,
and discusses promising directions for future research in UWA communications.
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Background

The previous chapter established the context and key challenges of underwater
communication and posed the research objective of this dissertation.

This chapter serves as an introduction to fundamental signal processing techniques for
(underwater acoustic) communications. It begins with a mathematical model of a general
communication pipeline in Section 2.1, followed by a description of common practices in
underwater acoustic communications in Section 2.2.
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2.1. The general communication pipeline

This section discusses the communication pipeline step by step. First, in Section 2.1.1,
the channel model is introduced, after which Sections 2.1.2 and 2.1.3 consider the
pipeline at baseband and normalized baseband, respectively.

2.1.1. The physical channel model: the linear time-varying impulse
response

As discussed in the previous chapter, underwater communication relies on the
transmission of acoustic pressure waves. Let the transmitted signal x(f) denote the
acoustic pressure emitted by the source as a function of time. In principle, the received
signal at a given location could be obtained by solving the underlying (acoustic) wave
equations for the propagation environment. Such an approach, however, becomes
intractable in realistic scenarios involving multiple propagation paths, relative motion
between the transmitter, receiver, and surrounding scatterers, or non-homogeneous
propagation speeds.

Fortunately, deriving an explicit physical solution for every propagation scenario is
not required, as these effects can be accurately captured by modeling the underwater
acoustic channel as a linear time-variant (LTV) system [1]. The (noiseless) received signal
is expressed as

+00
r(1) :f h(t,7)x(t—7)dr, (2.1)
—00
where h(f,7) denotes the time-varying channel impulse response (CIR) in the time-delay
domain. A visualization of the communication pipeline including only the physical
channel is provided in Fig. 2.1.

Example 1 (Linear time-invariant (LTT) channel). Suppose that a single line-of-sight
propagation path of length d exists between the transmitter and the receiver. The
corresponding CIR is then h(t,T) = ad (1 — %) where c denotes the speed of propagation and
a € R models the path loss. The received signal is consequently given by r (t) = ax(t — %).

Since the channel impulse response does not depend on the observation time t, the
channel is time-invariant. Thus, the general linear time-varying channel model in (2.1)
subsumes the LTI channel as the special case.

Domains of the channel impulse response (CIR)

Apart from the time-delay domain of the CIR characterized by h(t, 1), it can be useful
to characterize the underwater acoustic channel in other domains. We briefly discuss
commonly used domains here.

Time-delay domain The LTV impulse response h(t, T) provides a general description of
the channel, explicitly capturing how propagation delays and path losses evolve over
time.
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z(t) —>
Tx Physical
channel
Rx h(t7 T)
r(t) € —

Figure 2.1.: Visualization of the communication pipeline including only the physical
channel.

Time-frequency domain The relation from the time-delay domain to the time-
frequency response of the channel is

+00 .
h(t) T) :f HTF(tyf)eJZﬂdef) (22)

where f denotes frequency and Hrg(t, f) is the CIR in the time-frequency domain. The
received signal can be expressed as

+o0o +o00o )
r (1) =f HTp(t,f)f x(t-1)e?Tdrdf (2.3)
X(f)‘eer”ft
+00 .
= | pxpetnar, 2.4)

Here X(f) = [T x(t)e 12"/ d¢t.

Delay-Doppler domain An alternative and often insightful representation of the
underwater acoustic channel is obtained in the delay-Doppler domain. The relation from
the time-delay domain to the delay-Doppler response of the channel is

+00o

h(t,T) = Hpp (v, 7)e/?™dv, (2.5)

—00

where v denotes the Doppler shift and Hpp (v, 7) is the CIR in the delay-Doppler domain.
The corresponding input-output relation is given by

+00 +00 3
r(t) = f f Hpp (v, T)x(t — 1)e/?Vidrdv. (2.6)

Physically, Hpp (v, T) describes how the channel redistributes transmitted signal energy
across time delay and Doppler shift. In underwater acoustic propagation environments,
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the function Hpp(v, 1) is often sparse or approximately sparse, consisting of a small
number of dominant components corresponding to distinct propagation paths.!

Lossless medium

In a lossless medium, propagation loss is governed entirely by geometric spreading;
absorption losses are absent due to the lossless medium assumption. The intensity decay
of an acoustic wave due to the geometric spreading loss can be characterized by the
ratio A(d) = (%)K, where d and d; denote the transmission and reference distances. The
exponent x accounts for the dimensionality of the medium (for cylindrical spreading
x =1, and for spherical spreading « = 2) [2].

Let us consider a propagation environment consisting of P distinct paths in a lossless
medium. Each path is characterized by a time-varying propagation delay 7,(z), with a
corresponding path length d,, (1) = c¢7,(¢), where ¢ denotes the propagation speed, and a
(cumulative) reflection coefficient y,. The corresponding CIR in the time-frequency
domain is

7 Pil Yp jemfr () PZ_’I di \? jenfT (1)
Hre(t, f) = ——e pt = y,,( ) e Pt 2.7
=0/ A(d, (1) p=o  \dp(D)
The resulting CIR in time-delay domain is
p-1
h(t,7)= ) hp(0)6(t—1p(1)). (2.8)

p=0

K/2
where hy (1) =y, (%) captures the time-varying attenuation, i.e, the combined
effect of the reflection coefficient and the spreading loss, along the p’th path.

Example 2 (Underwater uplink communication). Suppose there exist two propagation
paths between an autonomous underwater vehicle (AUV) (transmitter) and buoy (receiver):
a direct path and a bottom reflection. To simulate the motion, the buoy is moving up and
down in the vertical dimension (as if on a wave), while the AUV is passing by at constant
depth at1.5ms™'. Hence, the positions of the buoy and AUV can be described by

0
sin(% 1)

Xauv(2)
zauv (1)

= (2.9

’

-15

Xbuoy (1) ]
Zbuoy (1)

_ [—10+1.5t]

Fig. 2.2a shows the described scenario at t = 0s. Furthermore, the propagation speed is
assumed constant ¢ = 1500ms™", such that 7,(t) = 7o + dpcm, where d(t) is the path
length in meters. Figs. 2.2b and 2.2c show the path loss and propagation delay of the two

paths as a function of time, respectively.

lFig. 2.11b in Section 2.2.3 shows a measured CIR in the delay-Doppler domain.
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(b) Path loss over time, hp(1) =y (dr/dp(t))K/Z. (c) Path delay over time, 7p(2).

Figure 2.2.: Simplified example scenario of changing path lengths between an AUV
and buoy in a lossless medium. The buoy is moving in the vertical
dimension, Zbuoy(8) = sin(% 1), while the AUV is passing by at constant depth
Zpuoy(f) = —15ata speed of 1.5ms™ ! ie., xauv(t) = —10 + 1.5¢. The reflection
coefficient for the direct path is yp = 1. Assuming a lossless reflection, the
reflection coefficient for the bottom reflection is set to |y; | = 1. Furthermore,
x=2and d; = 1.

Lossy medium

In a lossy medium, propagation also incurs frequency-dependent absorption. The
propagation loss can in this case be described by A(d, f) = (dir)K a(f)% D=4 where a(f)
denotes the frequency dependent absorption coefficient [2].> The propagation loss

2While a(f) here acts as a dimensionless base per meter, the quantity 1000-10log;( (a(f)) has units dBkm™!
and is typically found in literature and plots.
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A(d, f) can be incorporated directly into the CIR in the time-frequency domain as®

p-1 K/2 )
Hre(t, /) =) yp(d (rt)) a(f) 2 (D=dD) gmj2nfTp() (2.10)
p=0 P

Note that different models for a(f) were visualized in Fig. 1.1a. Discussion of different
absorption models is, however, beyond the scope of this work; the interested reader
is referred to [2], [3], [4] for a detailed analysis of underwater acoustic absorption
losses. Here a simplified absorption model is assumed; a(f) = ef/ * where B is a positive
coefficient.

The corresponding CIR in the time-delay domain is

+o00o 3
h(t,r):f Hrg p(t, e T d f (2.11)
= di \? oo -j2 0 1B (dy(-d;) ,j2
ZYP(d m) f ¢TIt (D gL B (dp()=) pi2n [Ty ¢ 2.12)
p —00
- x/2 p _ flf;((;f(p)(f)gz)
— ¢ zhldpd 2.13
,,Z (dp(t)) %ﬁ(d,,(t)—dr)e @19
P-
Z p(DEp(T—Tp(1), (2.14)
2272

where h, (1) is defined as before and ¢, (1) = | /me 38(dp-dr) Compared to
the lossless case in (2.8), the Dirac delta function is replaced by a Gaussian pulse ¢ (1),
which acts as a distance-dependent low-pass filter. As d, () increases, the pulse widens
and its amplitude decreases, characterizing the greater attenuation of high-frequency
components. Fig. 2.3 shows the Gaussian pulse for different distances.

Having developed a clearer understanding of the CIR, the next step is to examine how
the transmitted signal interacts with the channel at baseband.

2.1.2. Transmission and reception in baseband

In practical systems, transmission takes place over a band of frequencies centered
around a carrier frequency f., occupying the passband [f. — B/2, f.+ B/2]. However,
for signal processing, analysis, and algorithm design, it is more convenient to work
with an equivalent baseband representation, where the signal spectrum is confined to
[-B/2, B/2]. This approach decouples the signal description from the carrier frequency,
offering two main advantages. First, signal processing can be performed at sampling
rates proportional to the signal bandwidth rather than the carrier frequency. Since

3For simplicity of exposition, the frequency-dependent phase response associated with frequency-dependent
absorption is neglected here. In a causal medium, attenuation and phase velocity are related through
the Kramers-Kronig relations. For typical underwater acoustic communication frequencies and ranges,
however, intrinsic dispersion is generally negligible compared with other propagation effects, and a
frequency-independent propagation delay is therefore assumed.
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Figure 2.3.: Visualization of the Gaussian pulse ¢(7) = ﬁ(d’i e pd-an = for three
distances. The reference distance is d; = 1m, the coefficient is set to
p=2-107°.

typically B < f;, this reduces computational complexity and storage requirements.
Second, baseband representations provide a carrier-independent description of the
communication pipeline, enabling transmitter and receiver designs that are independent
of the carrier frequencies.

Let the (complex-valued) baseband signal be denoted by xpp, (£). It is then upconverted
to the passband for transmission,

. 1 . .

xpp(1) = Re {xbb(r)eﬂ”fcf} =3 (xbb(t)eﬂ”fcf + xgb(t)e‘ﬂ”fcf) : 2.15)

The frequency spectrum of the passband signal xpp(#) is given by Xpp(f) =
%Xbb( f—-fo+ %Xg‘b(— f— fo), as visualized in Fig. 2.4. Note that since the passband signal

is real valued, its spectrum is symmetric.

1X(A)

Xon (£

n Sy

1 1 >
—fe 0 f

o el ko

Figure 2.4.: Frequency spectrum of the baseband signal (yellow) and corresponding
passband signal (red).
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Upon reception, the signal is first downconverted to baseband and subsequently
passed through a low-pass filter (LPF) with bandwidth B, corresponding to the bandwidth
of the transmitted baseband signal xp,},(£), in order to suppress the spectral images.* The
received signal in baseband is

Tob (£) = 2+ LPFp{rpp (H)e /27/el}

+00 . .
= 2.LPFp {f h(t,7) xph (£ - T)e_ﬂ”fc”dr} +2-LPFp {n(t)e‘ﬂ”fcf}

o0

wTﬂ

+00 .

= LPFg f h(s,1)e 12T (= 1)dr

_ N———
o hpp (£,7)

+00 .
+LPFpg {f h(r,r)xgb(t—r)e—ﬂ”fc‘zf-”dr} +w(t)

(o ¢}

+00
@f hiop (£, 7) %o (£ — T)dT + 0+ w(D), (2.16)

o0

where w(t) =2-LPFg{n(f)e "’ 2nfet) denotes the additive noise in baseband and
B (£,7) = h(t,T)e /27T, 2.17)

is the baseband-equivalent CIR. In (a) we have used that, in the frequency domain, xp, (¢)
and hyp(¢,7) are bandlimited, i.e., Xpp(f) =0 and Hyppy(Z, f) =0 for f ¢ [-B/2,B/2].
Figure 2.5 shows the frequency spectrum of the received signal in passband, the
frequency shifted signal and the (ideal) LPF. Figure 2.6 shows the communication
pipeline at baseband.

Baseband models, while independent of the carrier frequency, are inherently
bandwidth-specific, which leads to the concept of normalized baseband, introduced in
the following subsection.

2.1.3. Transmission and reception in normalized baseband

The baseband waveform xy,(?) is generated from a sequence of information symbols
{x[i]} through pulse shaping,

Xob (1) = Y x[i18(t — i Teymp), (2.18)
ieZ

where g(#) is the transmit pulse and Teymp denotes the symbol period. This construction
ensures that xpy, () is bandlimited to B = 1/ Tgymp, provided that g(#) is bandlimited to

4In the presence of relative motion between transmitter, receiver and/or scattering objects, Doppler effects
may have shifted the signal spectrum away from the nominal carrier frequency fc. In such cases, the
low-pass filter bandwidth must be chosen sufficiently large to accommodate this frequency offset.
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Figure 2.5.: Frequency spectrum of the received signal in passband (red) and the
corresponding downconverted signal (orange). The baseband signal is
obtained after applying the LPF to the downconverted signal.

Passband
Vi Tpn (t)
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Tx Physical Tx baseband
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Rx ron() | P(ET) Rx Ry (t, T)

rob(t) Mix down | Fob(t)
bb (to baseband) bb
(a) Input/output at baseband. (b) Equivalent baseband model.
p p

Figure 2.6.: Visualization of the communication pipeline at baseband.

B=1/ Tsymb.5 Substituting (2.18) into the received baseband signal, given by (2.16), yields
+o0o
Tpb (2) = Zx[i]f hob (£,7)g (& — T — i Tsymp)dT + w(1). (2.19)
ieZ —o0

At the receiver, the baseband signal is passed through a receive filter matched to the
transmit pulse and sampled at the symbol rate,

+00
rik] =[ rbb(t)g*(t—kTSymb)dt. (2.20)

o0

SPhysical signals are often not perfectly bandlimited. The pulse g(t) is typically designed to concentrate its
energy within a specific range. In practice, the occupied bandwidth is defined as B = (1 + )/ Tgymb, where
B €10,1] is the roll-off factor. Our assumption of B = 1/Tgyp, corresponds to the ideal Nyquist case with

p=0.
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Substituting the expression for ryp (£) in (2.19) into (2.20) gives
+00 p+o0
rik] = Zx[i]f f hop (£, 1) g(t =T — i Toymp) 8 (£ — k Tgymp)drd e+ wikl,  (2.21)
i€z —00 J-oo

where

+00

wlk] éf w(1)g" (t — kTeymb)dr. (2.22)
—00

Changing the summation index via i = k — [, the input—output relation at normalized
baseband can be written compactly as

rlkl =" hnpblk, x[k— 1) + wlk], (2.23)
lezZ

where the discrete-time normalized baseband channel taps are defined as
+o00 p,+oo
hnbblk, 1] éf f hoo (£, 1) g(t =7 = (k= D) Tsymp) g (£ = k Tgymp)drdz
+00 400 « « .
- f f h(t,2)e I g (1~ 1 — (k= ) Tagm) 8" (¢ — k Tagmp)drdlt
oo oo ,
= f f h(t+ k Teymp, T + lTsmb)e—ﬂﬂfc(HlTsymb) gt—1)g* (Hdrdr. (2.24)
—00 —00

Note that hypp [k, [] is a filtered response of h(t, T) at the point (kTSymb, lTSymb). Moreover,
the discrete-time model in (2.23) shows that the received symbols are a time-varying
convolution of the transmitted symbols. Fig. 2.7 shows the communication pipeline at
normalized baseband.

Remark 1. (Finite delay support) A common assumption is that the discrete-time
time-varying channel impulse response hypy, [k, 11 has finite delay support,

hoplk, 11=0, 1€Z\{0,...,L}. (2.25)

The restriction to nonnegative delays reflects the causality of the physical propagation
channel, since non-zero taps for | <0 would imply a dependence of the received signal r k]
on future transmitted symbols. Moreover, the finite upper bound L models the fact that
multipath components experience bounded propagation delays, so that contributions
beyond a maximum delay can be neglected.

Example 3 (Two-path channel). Assume that the channel consists of two paths in a
lossless medium. The first path is static and the second path lengthens at a constant rate.
The CIR can be described by °

1 3
h(t,1) =6(t—4Tsymb)+§6 r—(GTsymb+mn ) (2.26)

6For simplicity, the attenuation of the second path is assumed constant, and its dependence on the
time-varying path length is neglected.
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Figure 2.7.: Visualization of the communication pipeline at normalized baseband.
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Figure 2.8.: Example of the normalized baseband channel coefficients h,py, [k, [] for a
two-path channel. The symbol period is Ts = 1/13000s, and K = 1000 symbol
intervals are shown. The channel consists of two propagation paths described
in (2.26).

The resulting discrete-time channel coefficients hyyy [k, I] are shown in Fig. 2.8. If the delay
of a path is static and an integer multiple of the sampling period (e.g., the first path),
then the corresponding physical path contributes to a single discrete-time channel tap. In
contrast, when the delay is not an integer multiple of the sampling period or when the path
length is changing (e.g., the second path), a single physical path spreads its energy across
multiple discrete-time channel taps.

Matrix vector notation

In practice, multiple received symbols are processed jointly. This motivates a
matrix-vector representation of the equivalent normalized baseband input-output
relation.

By stacking K received symbols into the vector r = [r[0],..., 7[K —1]]T, the input-output
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relation can be written as

[ x[-L]
hlo, L] hl0,0] 0 0 :
. . . w(0]
_| 0 hiL,L] - h[1,0] - : x[or )
=1 . , . . x(1] :
0 0 h[K-1,L] --- h[K-1,0] :
| X[K - 1]

For each time index k, the received symbol depends on L+ 1 channel coefficients.
Consequently, the total number of unknown channel parameters scales with K(L+ 1),
which poses a fundamental challenge for channel estimation. Indeed, even in the
idealized scenario where all K + L transmitted symbols are perfectly known at the receiver,
the resulting system of equations is underdetermined, since the number of observations
K is insufficient to uniquely identify the K(L + 1) channel coefficients.

To render the channel estimation problem well posed, we impose a parametric
model on the temporal evolution of the channel coefficients. Specifically, we adopt a
low-dimensional basis expansion model (BEM).

A BEM represents the temporal variation of hh(k,!] using a set of Q+1 basis

.....

Q/2
hapblk, 11 = )" c1qbglkl. 2.27)
g=-Q/2

Note that if Q + 1 = K and if the set of basis vectors spans CX, the decomposition in (2.27)
is unique. To ensure that the channel estimation problem is well posed, we assume that
the channel can be accurately represented using a lower-order basis, i.e., Q+1 < K.

We now incorporate the BEM representation into the matrix-vector input-output

relation derived previously. Let by = [b4[0],...,b4[K — 1117 denote the sampled
basis functions and define the diagonal matrix A;?) £ diag(b,). Moreover, let
P%)x K+D) = [0k -1, Ik, 0;] denote the delay operator which extracts the contribution of
the /th channel tap.

Using the BEM representation in (2.27), the received signal vector can be written as

L Q2
r={Y Y agALPY kg Kot W, (2.28)
1=0g=-Q/2
where Xey = [x[-Ll,...,x[K—1]]T collects the transmitted symbols and w =
[w[0],...,w[K —1]]" collects the additive noise affecting the received block.

Note that the received symbol vector r depends on K+ L transmitted symbols.
Consequently, when transmitting consecutive symbol blocks of length K, the received
block would generally depend on multiple transmitted blocks. To avoid this so-called
block interference, a cyclic prefix (CP) or zero-padding (ZP) is used.
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Figure 2.9.: Visualization of the communication pipeline for block-based transmission at
normalized baseband.

Cyclic prefix (CP) and zero padding (ZP)

Letx = [x[0],...,x[K—1]]" denote the transmitted symbol vector. A CP or ZP appends L
symbols in front of x. For CP transmission, these symbols equal the last L entries of x,
whereas for ZP transmission they are set to zero. These operations can be represented by
the linear mappings

Tep = OLXI(II:L) I € (0, 1) KFDXK (2.29)
0 X X
Typ = iKK € {0, 1} (K+LIxK (2.30)

Substituting Xext = Tx into (2.28), where T € {Tcp, Tzp}, yields

L Q2
(Z Y ,qug)P%))x+w=Hx+w, (2.31)
0g=-Q/2
where P(l) = P%)X k+1) I- For CP transmission, P%) is a circulant (cyclic shift) matrix given
by the / th power of
0 0 0 1
1 0 0 0
Pk={0 1 0 :, (2.32)
0 0 1 o0

whereas for ZP transmission P%) is a lower-triangular Toeplitz (linear shift) matrix, i.e.,
a matrix with ones on the I'th subdiagonal and zeros elsewhere. Fig. 2.9 shows the
communication pipeline for block-based transmission at normalized baseband.

Modulation and demodulation

Having established a block-based input-output relation, we now introduce a linear
modulation framework. Let s € CK denote a vector of information symbols. The
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corresponding transmitted time-domain symbol vector is obtained via
x=M"s, (2.33)

where M € CX*X denotes the modulation matrix.

The choice of M determines how the information symbols in s are mapped onto
the time-frequency resources of the transmission block. Several common modulation
schemes can be expressed within this framework. For example, orthogonal frequency
division multiplexing (OFDM) corresponds to M = Fg, where Fx denotes the K-point
discrete Fourier transform (DFT) matrix, whereas single-carrier modulation (SCM) is
obtained by choosing M = Ix. For orthogonal time frequency space (OTFS) modulation,
the modulation matrix takes the form M = Fy ® I;, with K = NM. Chapter 3 will treat
these modulation techniques in more detail.

At the receiver, demodulation is performed by applying the corresponding linear
transform,

y=Mr=MHM''s + Mw. (2.34)

The information symbols are recovered from the received signal vector using channel
equalization.

From bits to symbols

Finally, we describe the mapping from a binary information sequence to the symbol
vector s. This operation, referred to as symbol mapping, assigns groups of bits to
complex-valued constellation points.

In general, symbol mapping is described by the function

f:{0,1}°8" . C, (2.35)

where m denotes the constellation size. Each block of log, m bits is mapped to one
symbol from a finite constellation in the complex plane.

Fig. 2.10 illustrates several commonly used constellations, including binary phase-shift
keying (BPSK), quadrature phase-shift keying (QPSK), and quadrature amplitude
modulation (QAM). In these schemes, information is conveyed through the phase of the
transmitted symbols and, in the case of QAM, additionally through their amplitude.

2.2, Common practices for underwater acoustic (UWA)

communications

Building on the general communication system pipeline introduced in the previous
section, this section details the specifics of underwater acoustic (UWA) communications.

2.2.1. Channel model

As discussed in Chapter 1, the signals propagating through an UWA channel typically
suffer from frequency-dependent attenuation and noise. Additionally, due to multiple
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Im{s[k]} Im{s[k]} Im{s[k]}
{0} {1}
Re{s[k]} Re{s[k]} Re{s[k|}
{1, 0? ?1, 1}
(a) BPSK (m =2) (b) QPSK (1m = 4). (c) 16-QAM (m = 16).

Figure 2.10.: Tllustration of digital modulation constellations, where information is
encoded (a),(b) in the phase (BPSK, QPSK) and (c) additionally in the
amplitude (QAM).

propagation paths, with time-varying path lengths, the received signal is both spread in
time (delay spread) and in frequency (Doppler spread). In addition, the inhomogeneous
speed of sound can cause waves to bend.

Although mathematical models exist for these phenomena, transmitter and receiver
structures are typically designed on a simplified channel model, as this eases the
design and analysis. Typically, the UWA channel is modeled as a composition of
P propagation paths with time-varying delays, where the path loss is assumed to
be frequency-independent (i.e., absorption losses are neglected). The corresponding
time-varying CIR can be written as

pP-1
h(t,7)= ) hp(D6(t—1,(0). (2.36)
p=0

Additionally, it is often assumed that, within a single communication packet’, the path
losses vary slowly and can therefore be treated as constant, that is, h,(f) = hy, and
that the propagation delays can be approximated as linearly varying over time, i.e.,
Tp(t) = To,p +apt (5], [6], [7]. Here the so-called Doppler scale ay, is related to the path’s
radial velocity v, by a, = U—C”, where c is the propagation speed.? Let the transmitted
signal in passband again be denoted by xpp, (2). Including the discussed assumptions, the
received signal is modeled as

pP-1
rob () = Y hy Xpp (1= ap)t—10,p) + n(1), (2.37)
p=0

where n(t) denotes the additive noise.

“In communications, information is typically sent piece by piece, in so-called “packets.” This helps make
communication systems reliable and scalable.

8The velocity vy generally results from the combined motion of the transmitter, receiver and/or scattering
objects.
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Noise

While many system designs in UWA communications rely on the simplifying
assumption of additive white Gaussian noise (AWGN)), it is well-established that the
underwater acoustic environment is characterized by frequency-dependent (colored)
noise, as discussed in Section 1.1.1. Beyond the non-flat power spectral density,
certain environments exhibit non-Gaussian characteristics. For instance, in tropical
regions such as the waters around Singapore, so-called snapping shrimps generate
high-intensity, impulsive noise. This phenomenon has motivated extensive research into
communication performance under such noise [8] and the statistical characterization of
impulsive distributions in the underwater channel [9, Chapter 3]. Moreover, in a channel
replay simulation tool that is currently being developed, measured noise can be replayed
[10, Chapter 4].

Narrowband assumption

Early works on underwater acoustic communications (e.g., [11]) often assume that
the signal bandwidth is much smaller than the carrier frequency, i.e., B <« f..
This narrowband assumption is also commonly adopted in terrestrial wireless
communications.

Under this assumption, each propagation path can be characterized by a fixed delay 7,
and a Doppler shift v, resulting in the following representation of the channel impulse
response:

pP-1 )
h(t, 1) =Y hye/®r'5(r —1,). (2.38)
p=0

Such a channel model is commonly referred to as a delay-Doppler channel, since it
admits a sparse representation in the delay-Doppler domain, namely

pP-1
Hppv,1)=)Y_ 6(v-v,)8(t1—1)p). (2.39)
p=0

The corresponding received passband signal can then be expressed as

pP-1 )
rob(0) =Y hpel®™rixy (t—1p) + (D). (2.40)
p=0

2.2.2, Detection and synchronization using a preamble

In UWA communication systems, each packet is typically preceded by a preamble. The
preamble is a known signal that enables packet detection and facilitates synchronization
in both time and frequency.

A commonly used preamble is a SCM waveform with BPSK symbols mapped from a
maximum length sequence (m-sequence)[12], [13] [14, Chapter 13]. Such sequences have
desirable autocorrelation properties. Let Lseq denote the length of the m-sequence. The
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corresponding passband preamble signal is

Lseq—1

Xpreamble () = Xm-—seq(?) = Re{ Z Ci g(t - iTsymb) ejZHfCt} ) (2.41)
i=0

where ¢, € {1} denotes the m'’th element of the m-sequence, g(¢) is the transmit pulse,

Tsymp is the symbol period, and f; is the carrier frequency.

Due to the impulse-like autocorrelation of the m-sequence, correlating the received
signal with a locally generated replica of the preamble yields a sharp peak at the packet
arrival time. This property enables robust packet detection and coarse synchronization,
even in the presence of multipath propagation and noise.

The propagation delay and Doppler scale can be jointly estimated by solving

(f,4) = argrrTlaaxf rpreamble(t)x;reamble (1-a)t-1)dt. (2.42)

Note that the estimated propagation delay 7 and Doppler scale @ correspond to the
strongest path. The working assumption is that this strongest path is the direct path, and
hence the Doppler scale of the direct path resembles the average of all the a,’s.

Using these estimates, the received communication packet can be synchronized in
both time and frequency. Frequency synchronization is achieved by compensating for
the Doppler-induced time scaling,

1
Fob (1) = Tpb (ﬁ t). (2.43)

In the discrete-time domain, this operation corresponds to resampling the received
signal.

2.2.3. Channel replay

In the previous subsections, the different components of the communication pipeline
were discussed. The design and evaluation of communication systems, however, still
require an accurate description of the propagation channel %(¢,7). In many practical
scenarios, and in particular in UWA communications, a mathematical description is
either unavailable or difficult to obtain with sufficient accuracy. Simplified physical
models, such as ray-based approaches or statistical models, often fail to capture the full
complexity and time-variability of the channel.

To address this challenge, it is common practice in UWA communications to rely
on channel replay. In this approach, the channel is first measured in situ, yielding an
estimate of the time-varying CIR h(f, 7). Subsequently, offline, the measured channel is
used to simulate the propagation effects by convolving new transmitted signals with the
measured CIR. In this way, the resulting received signal closely approximates what would
have been observed had the new waveform been transmitted through the original in-situ
channel. Channel replay has two main benefits: i) it is more realistic than simplified
physical models and, ii) its results are reproducible.

The Watermark framework [15] is among the most commonly used channel replay
frameworks in UWA communications. The following subsections outline both the
procedure for channel measurement and the subsequent channel replay process.
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Measuring a channel

The channel is measured using a so-called “probe” signal. The probe signal is a signal in
the passband of interest, [f. — B/2, f. + B/2], and typically consists of repeated traces of
the same signal,

N-1 )

xprobe(t) = Re{ ( Z Xtrace (£ — nT)) e]2nfct} . (2.44)
n=0

Here Xrace(?) is a signal with non-zero support for ¢ € [0, T). For example, a linear

frequency modulated (LFM) signal can be used as a trace

{e_jﬂ/z+j2n(—’§t+’§%f2>, tel0, 1),

xtrace(t) = (2.45)

else.
Remark 2 (Probe vs. pilot signals). While both probe and pilot signals are known
sequences used for channel estimation, they differ in their operational use cases. A probe
signal is typically a standalone transmission, whereas a pilot (or training) signal is
embedded within the data packet and facilitates equalization.

Remark 3 (Channel identifiability). For a channel to be identifiable, the repetition interval
T has to be larger than the maximum delay T max in the channel, i.e., T = Tmax. At the same
time, the repetition interval needs to be short enough compared to the maximum Doppler
[frequency vmax to track the channel, i.e., T < 1/(2vmax). Thus, the channel is identifiable
if [16, Ch. 8]

2TmaxVmax < 1. (2.46)
Channels fulfilling this property are called underspread.

The received probe signal is given by

+00
T'probe (1) :f h(t,7)Xprobe (£ — T)AT + n(1). (2.47)

(o0}

Upon reception, (after initial detection and synchronization in time) the probe signal is
synchronized in frequency by removing the estimated “mean” Doppler scale

N 1
rprobe(t) =Tpb (_1 e t) . (2.48)
The signal is then brought to baseband.
Tob () :2-LPF1,SB{fpb(t)e‘f2”fc‘}. (2.49)

Note that the Watermark framework applies a LPF with a bandwidth of 1.5B to
accommodate Doppler-induced frequency offsets. To obtain an estimate of the
baseband-equivalent CIR hyy (£, 7), the signal ryy, (¢) is matched filtered with the signal
Xrace (1), that s,

+0o

flbb(nT,lTs) =f Tob () Xjrgce (t — I Ts — nT)dt. (2.50)

—00
Here T; denotes the sampling period, which is typically a fraction of the symbol period.
Fig. 2.11 shows an example of a measured CIR.
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Frequency shift [Hz]
Relative magnitude [dB]

0 5 10 15 20 25 0 5 10 15 20 25
Time delay [ms] Time delay [ms]
(a) Measured CIR in time-delay domain, fl(t,r). (b) Measured CIR in delay-Doppler domain,
Hi DD (V y ‘l,') .

Figure 2.11.: Measured channel at the Haringvliet estuary on March 19, 2025. The
transmitter and receiver were suspended from a surface vessel and jetty,
respectively. The estimated “mean” Doppler scale was measured to be
a=-824-107°.

Channel
Passband measurement

|
|

|

z(kTy), fs

Mix down

(to baseband)
Resample
(to fast-time)

T« L L Convolve

. e 3
b (KT, UT5) hy (n'T, 1T5)

(to fast-time)

Linear interpolation

(AWGN)

y(KT,), fs

Add noise
Resample
(add Doppler scale)
Normalize
(w.r.t. RMS value)
Mix up
(to passband)
Resample
(to original freq.)

|
|

Figure 2.12.: Overview of the general pipeline of the channel replay operation by the
Watermark framework [15], [17]. The transmitted signal x(kT) is convolved
with a measured channel impulse response in baseband. The resample
operation before and after the ‘convolve’ operation ensures that the input
signal is sampled at the same sampling frequency as the measured channel.
These resampling operations have been omitted in the mathematical
overview in this subsection to maintain clarity.

Replaying a measured channel
This subsection provides a brief overview of the main steps for channel replay, using the

Watermark framework [15]. An overview of the general pipeline is visualized in Fig. 2.12.
For further details, the reader is referred to [17].
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The replay procedure operates on discretely sampled signals. Let T; denote the
sampling period, which is chosen sufficiently small to capture the passband signal
bandwidth and is typically much smaller than the symbol period. All signals are
represented in discrete time at this sampling rate.

First, the transmitted passband signal in discrete-time,

b (KT5) = Re {xp (k Ty) /274751 (2.51)

is translated to “baseband” by multiplication with e 2k Ty thatis
xbb (k Ts) = pr (kTS) e_jzrffckTs

= Re{Xbb(kTS)ejZchkTs}e_jZchkTs
1 . . _ |
= (szb(kTS)eJZTIfckTs + 5xgb(kTS)e—]ZT[kaTS e_]znfckTs

= % oo (kTs) + %xgb(kTs)e*ﬂ”chkTs. (2.52)
Note that the signal X, (kT5) is not truly baseband; it contains an image of the signal
centered at —2f.. In contrast to conventional receiver processing, the Watermark
framework does not apply a LPF at this stage. This is because the subsequent convolution
with the baseband CIR acts as an implicit low-pass filter, suppressing the high-frequency
image centered at —2 f.. We use a tilde to make a distinction between X}, (kT5) and the
true baseband signal xpp, (k T5).

The signal Xy, (kT;) is then convolved with the measured CIR. However, the channel
was measured in time with period T, an integer multiple of the time delay resolution T.
Before convolution, the sampling interval of the time axis is matched with the time delay
axis; the time axis is resampled using linear interpolation. Let T = LT, then the final
channel estimate is

g (k Ty, 1T5) = (1—0) - Fappy (LK/LI T, 1T5) +0 - by ((LK/L] + 1) T, I Ty), (2.53)

where 0 = k/L— |k/L]. Following the interpolation, the convolution is given by

L
rop (K Ts) = Z hpw (kTs, L Ts) Xpp (k= 1) Ts)

—
Il
(=}

1
M=
=

1 1 .
bb (kK Ts, 1 Ts) Exbb((k DTy + Exgb((k — )Ty e 2m2felk=DTs

—
1l
(=}

I
M=
N | =

>

bb (kTs, 1 Ts) xpp (k=D Ts). (2.54)

Here the convolution with the high-frequency image is assumed to be zero due to the
implicit low-pass behavior of Ay [k, I]. The signal is then brought back to passband,

Fob (K Ts) = Re{rop (kTs) e/ 1k 15y

1 . .
- ERe{hbb[k, gy (k= D) Ts)eﬂ”fc"Ts}. (2.55)
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Finally, the passband signal is resampled to reinstate the estimated “mean” Doppler
scale, and noise is added,

Tpb (KTs) = Fpp (1 = @) k Ts) + n(kTs). (2.56)
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Modulation Techniques

The previous chapters presented the context of underwater acoustic communication and
the fundamental signal processing techniques employed in this domain.

This chapter focuses on the modulation technique, a core component of the communication
pipeline. It examines several modulation techniques at normalized baseband, discusses
their robustness to specific channel distortions, and highlights the relationships among
them.

This chapter is based on the journal article published as:
1. van der Werf, H. Dol, K. Blom, R. Heusdens, R. C. Hendriks, and G. Leus, “On the equivalence of OSDM
and OTES,” Signal Processing, vol. 214, 2024.
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3.1. Introduction

In this chapter, we investigate the role of the modulation technique in the
communication pipeline. We identify two main fields of research in which the design of
modulation techniques is addressed: underwater acoustic (UWA) communications and
radio-frequency (RF) communications. Although the two fields differ in some aspects, the
problems and proposed solutions in terms of modulation techniques are very similar.
In RF communications, high-mobility scenarios and broader frequency bands bring
new challenges, including significant delay and Doppler spread. Similarly, in UWA
communications, the channel is often deteriorated by significant delay and Doppler
spread as the environmental variability is overlapping with the temporal and spatial
scales of the acoustic signals. Causes of variability typically are variations in the sound
speed profile, the movement of surface waves and the relative movement of transmitter
and receiver.

Orthogonal sequence division multiplexing (OSDM) and orthogonal time frequency
space (OTFS) are two modulation schemes that are used in UWA communication and
RF communication, respectively. OTFS involves initially mapping symbols from the
delay-Doppler domain to the time-frequency domain and subsequently to the time
domain using the Heisenberg transform.

3.1.1. Contributions of this chapter

Although the literature suggests a link between OSDM and OTFS by connecting them
to related modulation schemes like vector orthogonal frequency division multiplexing
(OFDM) (V-OFDM) and asymmetric OFDM (A-OFDM), a direct mathematical
equivalence has not yet been established. The main novelty of this chapter is therefore to
show the mathematical equivalence of the two schemes. The key findings of this chapter
can be summarized as follows:

e We show that OSDM and OTFS are mathematically equivalent, by deriving
equivalent input-output relations of both techniques from first principles
presented in [1] and [2], respectively.

¢ In addition, by combining the knowledge of acoustic and radio-frequency
communications, we give insight into the performance of OSDM/OTES in terms of
intersymbol interference (ISI) and intercarrier interference (ICI) by analyzing its
signal structure.

3.2. Related work on modulation techniques

In RF communication, the conventional modulation technique OFDM is not suitable for
environments with large Doppler spread, as it will suffer from ICI [3]. OTFS modulation
[2] has therefore become the new state-of-the-art modulation technique being more
robust in channels with large Doppler spread.

OTFS modulation defines symbols in the delay-Doppler (DD) domain, after which they
are transformed to a time domain signal before transmission. By defining symbols in the
DD domain, full channel diversity over time and frequency can be obtained. In general,
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OTFES is favorable in terms of peak-to-average power ratio (PAPR) [4] and is said to have
less ICI in systems with high Doppler and short symbol periods, compared to OFDM [2],
(5], [6]. For that reason, the use of OTFS in 5G networks is currently studied [7], [8], and it
is considered as one of the contending modulation schemes for 6G networks [9]. Before
its first introduction in [2], the OTFS method was patented in the United States by Hadani
and Rakib [10].

Generalized frequency division multiplexing (GFDM) [11] was introduced to exploit
white spaces in case of (strong) spectrum fragmentation. Compared to OFDM, GFDM
has lower PAPR. Nimr et al. [12] extended the GFDM framework and noted that there
is a close relationship between GFDM and OTFS. To be more specific, the modulated
symbols of GFDM and OTFS are equal up to a permutation.

A-OFDM was proposed to bridge single-carrier modulation (SCM) and OFDM, arguing
that flexibility between the two increases the overall performance [13]. A-OFDM is
based on the divide-and-conquer algorithm, used for the fast Fourier transform (FFT)
algorithm. Raviteja et al. [14] showed that A-OFDM is equivalent to OTFS.

In coherent underwater communications, initially, modulation techniques such as
SCM [15] and OFDM [16] were used. However, two decades ago, OSDM was introduced as
an alternative, which performs much better in terms of bit error ratio (BER) and has a
lower PAPR [1], [17], [18], [19], [20].

Xia [21] proposed V-OFDM as a special case of precoded OFDM. Compared to
conventional OFDM, the overhead due to the cyclic prefix (CP) is reduced by the use of
precoding. In [22] and [23] the “compatibility” between V-OFDM and OSDM was noted.
In [24], the mathematical equivalence between V-OFDM and A-OFDM was remarked.
Although the two are equivalent, A-OFDM and V-OFDM seem to be inspired by different
principles. Recently, Xia argued that the transmitted signals of V-OFDM and OTFS are the
same [25]. The timeline of the related literature is visualized in Fig. 3.1.

As the literature suggests, OSDM and OTES are related by connecting them with
V-OFDM. However, a direct mathematical comparison is still missing. Independently
from this work, Dong et al. [26], recently mentioned the relation between OSDM and
OTFS, however, without any mathematical proof or background. Therefore, in this
chapter, we show the mathematical equivalence of the two schemes, and show their
relation to V-OFDM.

3.3. Different modulation techniques

In this section, we will discuss V-OFDM, OSDM and OTFS. By {Sk}l,fz_ol we denote the
sequence of symbols we want to modulate and transmit over the channel. The output
of the modulation will be denoted by {x;}5_]. To make a fair comparison, we will
compare the modulation techniques without the source coding, transmit pulse and
carrier frequency.

3.3.1. Vector orthogonal frequency division multiplexing (V-OFDM)

V-OFDM divides the sequence of symbols into N subblocks of length M, thus K = NM.
In matrix notation, S = [sg,...,Sn—1], Where 8, = [SuM+0) SnM+1---» Snm+m—1] . Then, an
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N-point inverse discrete Fourier transform (IDFT) is performed on the rows of S. The
modulated symbols become,

x = vec(SFY) = ((FX) T @ Iy/) vec(S) = (Fiy ® Iny)vec(S) = (FY @ I)s. 3.1)

Here ® denotes the Kronecker product. By performing an IDFT on the rows of S and
vectorizing columns of length M, it is as if we zero-pad each sample with M — 1 zeros
before we compute the IDFT. As a result, we get M (block) repetitions in the frequency
domain. Similarly we get repetitions in the time domain. The IDFT matrix FI;, has N rows,
so each element in s will appear N times in the output vector X, resulting in N (block)
repetitions in time. Fig. 3.2c shows the structure of the transmitted signal for V-OFDM.
From Fig. 3.2¢c, one can see that if (M # 1 A N # 1), the structure of the transmitted signal
of V-OFDM is fundamentally different from SCM, shown in Fig. 3.2a, and OFDM, shown
in Fig. 3.2b. Each symbol now appears on an M x N grid.

From (3.1) it is clear that V-OFDM can make a compromise between SCM and OFDM.
When M =1, (3.1) reduces to x = F%s, and thus, V-OFDM is equal to OFDM. Similarly,
when N =1, (3.1) reduces to x = Iss, and V-OFDM equals SCM. Due to the flexibility, one
would say that V-OFDM is generally more robust against Doppler spread than OFDM and
more robust against ISI than SCM. In Section 3.4 we will discuss its exact properties.

3.3.2. Orthogonal sequence division multiplexing (OSDM)

Let K= NM. OSDM then splits the symbol sequence {sk}f:‘ol into N sequences of
M symbols. Thus, again, s, = (SHM+0r SnM41,-- > Snm+m—1] | is the n’th sequence of M
symbols, corresponding to the n’th column of S. Then, the modulated NM x 1 symbol
vector x is the summation over all the columns, where to each column s,, the Kronecker
product with f},, the (n + 1)’th column of FI;,, is applied.

N-1
X= Z f; ®sy,. (3.2)
n=0

Note that, using the mixed-product property, the periodic cross-correlation between the
sequences (f;‘l1 ®sy,) and (f’,“l2 ®sy,) is zero at every term for n; # ny. The derivation of
this property is given in Appendix A. The zero periodic cross-correlation property is very
useful as will become clear in Section 3.4.
However, (3.2) can be rewritten as follows,
N-1
x= ) f,®s, = (Fy 09)1yx = vec(SIyFy)
n=0 (3-3)
= vec(I/SFY) = (Fiy ® Iy)vec(S) = (Fiy ® Iy)s.

Here © denotes Khatri-Rao (columnwise Kronecker) product. From (3.3) it is clear that
OSDM coincides with V-OFDM, as was remarked in [22], [23]. The structure of the
transmitted signal of OSDM can therefore also be depicted by Fig. 3.2c. In [20] it was
shown that OSDM (and thus also V-OFDM) has lower PAPR compared to OFDM.

INote that for the matrices A, B and C, vec(ABC) = (C—r ® A)vec(B), and that since F% is square, (F%)T = F%.
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Figure 3.2.: Structure of transmitted signal in the time-frequency domain for
(@)SCM, (b)OFDM and (c)V-OFDM/OSDM/OTEFS. One symbol is spread
in frequency (SCM), in time (OFDM) and in both frequency and time
(V-OFDM/OSDM/OTES).

We want to emphasize here that due to the mentioned zero periodic cross-correlation,
the ISI (thus the interference between the block repetitions of S in Fig. 3.2¢) is eliminated.
Hence, V-OFDM and OSDM can do with only one CP per N repetitions of S in time[20].

3.3.3. Orthogonal time frequency space (OTFS)

OTFS defines its symbols in the DD domain, spplk,!], for k=0,..., M -1 and
[=0,...,N—1. The symbols are first mapped to the time-frequency (TF) domain
using a combination of the inverse discrete symplectic? Fourier transform (DSFT) and

2The term symplectic indicates that the transform applies a DFT in one domain variable and an IDFT in the
other, in contrast to the standard 2D DFT which applies the same operation to both.
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windowing [2], for m =0,..., M-1land n=0,...,N—-1,

stelm, n]l = w[m, nj

M-1N-1
Y Z spplk, lle 2 2miny, (3.4)
k=0 [=0

where w[m,n] is the weight of the window. In the literature, these weights are
predominantly left out or set to one [14], [27], [28], [29], [30]. The use of weighting
functions different from all ones was investigated in [31]. A performance improvement
was found only when the estimated channel state information (CSI) is present at both
the receiver and transmitter, which is a scenario that is never satisfied in practice.
Additionally, the performance improvement is strongly dependent on the type of
detection. Thus, choosing a different weighting function is in general not beneficial.
Therefore, in this chapter, we will use a weighting function of all ones.

Note that the DSFT is equivalent to consecutively performing an N-point IDFT
and an M-point DFT on spplk,/]. In matrix-vector notation one could write,
Str = Wi o (FySppFY), where Stp, Wik and Spp are matrices of size M x N with
elements stp[m, nl, w[m, n] and spplk, [], respectively. Here o denotes the Hadamard
(elementwise) product. The symbols in the TF domain are then converted to the time
domain by the Heisenberg transform [2],

M-1N-1
strlm, n . Af
x0=Y Z TF ]gm(t—nMT)eZ”f'”ﬁ“‘"MT), (3.5)

m=0 n=

where gi(?) is the transmit pulse, which is assumed zero outside the interval [0, M T),
and where Af = % From (3.5), one would not directly see the link between OTFS and
V-OFDM and OSDM. However, by adopting the translation t — m'T + n' M T in (3.5) we
can make the connection. To do so, we write out the translation in (3.6),

x(m'T+n'MT)

] M-1N-1
- VM Y ) stelm,nlgu(m'T+n'MT - nMT)ez”f’”M(m T+n'MT-nMT)
m=0 n=0
1 M-1 CAFL,
(g) L stelm, n/]gtx(m/T)eZn]mﬁ(m T)
Mm:()
1 M-1 -
= gu(m'T)— Y stplm, n'1e”™ /"™
M m=o
1 M-1 1 MZ1N=1 i K -0l coom! (36)
= gu(m'T)— [w (m,n'] spplk, [e 2™ 21N | 2T
8x 2 [ ~ 1;) zgo
] M-1M-1N-1 et o
@ gtx(m T)—— pp Lk, l]e_zjwmT Pt
MVN m=o (=0 1=
, 1 N-1M-1 1 ]\42—’1 o imk=ml 1 op il
=gx(mT)— SDD[k,l][— e T]e”]W
VN 20 k=0 M 7=
(c)g m'T) 1 N2l DD[m, l]e2n] S
- X = )
VN =
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where for (a) we have used that gi(?) is zero outside the interval [0, M T), for (b) we have
used that w[m, n] = 1 and for (¢) we have used that,

(3.7)

Mz —27t]m

m:

)1 i k=m
0 otherwise.

Now we stack M samples of x(¢), namely x(m'T+n'MT) for m’' =0,1,...,M, in one
column. Using the result in (3.6) we can write,

x(0-T+n'MT)
x(1-T+n'MT)

X(M-1DT+n'MT)

sppl0, 1]
0-7) --- 0
1Nl 8u(0-1) sppll, 1]
- e J N . . . )
Ni=o 0 ((M.—l)-T) :
fix spplM—-1,1]
1
1 SDD[O)O] SDD[OyN_ll ean"W’
=—G . :
VN ; - : :
spp[M-1,0] --- spp[M—-1,N-1]] ./ (N=1)
eszT
1
1 ean"W/
= —GxSpp . . (3.8)
VN ¥ :
Q2D

Here Gy = diag(gx(0- 1), gx(1-T),...,8x((M-1)-T)) and [Spplmn = spplm, nl. If
we then take N columns of M samples, we can write X = GtXSDDF%, where
Xlm,n =x(mT +nMT). The modulated symbols including a transmit pulse are,

x = vec(X) = vec(GxSppFh) = (FY ® Gr)s = (Iy ® Giy) (FY @ I)s. (3.9)

where s = vec(Spp). Note that, by not considering the transmit pulse for V-OFDM and
OTES, it is implicitly assumed that a rectangular (transmit) pulse is used. Therefore, to
make a fair comparison with the other modulation schemes, we should use a rectangular
pulse for OTFS as well, such that the transmitted symbols for OTFS become

x = (Fy ®Ipp)s. (3.10)

From (3.10) it is clear that OTFS coincides with V-OFDM and OSDM.
Before we continue, a final remark about the transmit pulse is in order.
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Remark 4. In [2] it is assumed that the transmit and receive pulses g.(t) and g.(t) are
bi-orthogonal with respect to a translation of an integer multiple of MT in time and
1/MT in frequency. Additionally, it is assumed that g;(t) and g.(t) are bi-orthogonal
with respect to a translation of an integer multiple of T in time, within the support of the
channel (maximum time delay), and to a translation of an integer multiple of 1/T in
frequency, within the support of the channel (maximum frequency shift). This can actually
never be satisfied by gi(t) and g (t) in practice [29]. In current literature a rectangular
pulse is predominantly used (see e.g., [14], [28], [29]), since the use of a rectangular function
for the transmit pulse is optimal in terms of BER (see [30, Fig. 1]).

3.4. Influence of the channel

In this section, we will discuss the properties of V-OFDM/OSDM/OTES with respect
to different channel characteristics. We want to stress, however, that the equivalence
between the modulation schemes, as shown in the previous section, does not depend on
these channel characteristics.

In Section 3.3.2 we saw that for V-OFDM/OSDM/OTFES, the modulated symbol vector x
is the summation over the sequences (f), ® s,;), which have zero periodic cross-correlation
across n. In this section, we investigate if this property remains after propagating through
the channel with delay and Doppler spread.

The communication channel can be approximated by a basis expansion model (BEM)
[32], [33]. Let Pk be the cyclic permutation matrix of size K. In a BEM, the delays3 are
modeled by a linear filter, which (assuming a CP is used) is described by a circulant
matrix, Hy = Y1 ¢;,4P% € CX*K, defined by the taps of the filter, ¢; 4, where [ =0,1,..., L
and g =-Q/2,...,Q/2 index the delay and Doppler shift component respectively. A
Doppler shift is modeled by a diagonal matrix, A, = diag(ez”]%o, ez’”%q, ) ez”j%q).
An effective channel with both delays and Doppler shifts is thus described by,

_yQr2
H=Y."" ), AH,

As was mentioned earlier (and shown in Appendix A), the sequences have zero periodic

cross-correlation across n, that is,
(£, ®8,) ' PE(E;, ©5,,) =0, ny #np, Vke{0,1,...K—1}. (3.11)

We note that a circulant matrix is a summation of weighted cyclic permutation matrices,
ie, Hy = Zleo clquk. As a result, the sequences remain orthogonal after propagating

3Note that delay spread and Doppler spread encompass the collective effect of all the delays and Doppler
shifts respectively. Hence, the effects of delay spread and Doppler spread are discussed in terms of
multiple delays and Doppler shifts.
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through a channel H; without Doppler shifts with only (possibly multiple) delays,

L
(£, ®8,) T Hy (], ®5,,) = (£, ®5,)" (Z cl,,,P;) (£, ®Sp,)
=0

M=

c1q (€, ©8,)"PL(E, ®s,,) (3.12)

~
Il
(=)

Il
M=

Cl,q'0=0, ny # np.

=0

This means that there is no ISI between the symbols of different sequences and as such
the receiver can process the sequences independently. This can be further clarified when
we look at the transfer function between transmitter and receiver where the modulation,
the channel and the demodulation are aggregated. The receiver demodulates the received
signal using (Fy ® I7). The transfer function for the symbols becomes,

H, = (FN®IM)Hq(FI;,®IM). (3.13)

The matrix H; is block diagonal (N blocks of size M) ([34]), due to the zero
cross-correlation property in (3.12).

However, the sequences do not remain orthogonal if a delay and Doppler shift
is considered, since Ay7H, is not circulant and thus not a summation of weighted
permutation matrices anymore. There exists at least one pair* (n,n,) € {1,2..., N}? such
that n; # ny, for which,

(£, @8p) AGH (), ®5,,) #0. (3.14)
Therefore, the receiver cannot process the sequences independently anymore. Moreover,
since the sequences do not remain orthogonal, the transfer function,

H, = (BEy ® ) AgHy (B @ 1yp), (3.15)

is not block diagonal, which is another way of describing that the sequences cannot be
processed independently.

Overall, we can conclude the following about the tolerance of V-OFDM/OSDM/OTFS
against Doppler shifts. If the channel experiences only one Doppler shift, thus a
channel of the form A4, Hy,, the receiver can still compensate for this one Doppler shift
before demodulation and further processing, namely by multiplying with Agll. Hence,
interference between sequences can still be avoided. However, when the communication
channel consists of multiple delays, of which at least two have different Doppler shifts,
thus a channel of the form }_; A4, Hg,, this compensation before demodulation is not
possible anymore. Consequently, interference between different sequences is inevitable.

Therefore, the claim that V-OFDM/OSDM/OTES is more robust against Doppler shifts
than OFDM (e.g. [2]) should be interpreted carefully. V-OFDM/OSDM/OTEFES can only
outperform OFDM if the right processing is performed at the receiver. Han et al. [34]
described such a receiver that cancels the ICI between the blocks in H,. Alternatively,
Raviteja et al. [30] describe a receiver in the delay-Doppler domain. Similar to OFDM,
V-OFDM/0OSDM/OTES can also have guard bands to be (more) tolerant of large Doppler
spread, as was proposed in [35] and was called Doppler resilient OSDM (D-OSDM).

4For example, all pairs that satisfy g = nj — ny #0.
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3.5. Conclusion

In this chapter, we have shown that OSDM and OTFS are mathematically equivalent
by deriving the input-output relation of the modulation techniques from the first
principles presented in [1] and [2], respectively. Additionally, we have given insight in the
performance in terms of ISI and ICI by discussing its signal structure.

Due to the equivalence, all the results that have been presented in underwater
communications on OSDM can be carried over and continued in RF communications
on OTFS, and vice versa. We conclude that, while OTFS may be derived from different
principles, the resulting modulation technique is equivalent to V-OFDM, A-OFDM
(shown in [24] and [14]) and OSDM (shown in this chapter) which were all invented prior
to OTES.
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Optimal Pilot Design for OTFS

The previous chapter examined various modulation schemes in detail and established
that orthogonal time frequency space (OTFYS) is equivalent to, among other schemes, the
previously proposed orthogonal sequence division multiplexing (OSDM) for underwater
acoustic communications.

This chapter further investigates OTFS by focusing on the design of pilot signals. It begins
_ with a review of existing pilot designs for various modulation schemes, followed by the
’ derivation of a minimal-overhead pilot structure tailored to OTFS. Finally, the power
allocation between pi data signals is optimized based on a lower bound on the

‘ ‘annel |

This chapter is based on the journal article published as:
I. van der Werf, R. Heusdens, R. C. Hendriks and G. Leus, “Optimal pilot design for OTFS in linear
time-varying channels,” Signal Processing, vol. 239, 2026.
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4.1. Introduction

As established in the previous chapter, the choice of a communication system’s
modulation scheme dictates how transmitted symbols are distributed across the time and
frequency resources. In recent wireless radio-frequency (RF) communication standards,
orthogonal frequency division multiplexing (OFDM) has been widely adopted as the
preferred choice [1], and single-carrier modulation (SCM) is still a common choice for
underwater acoustic (UWA) communications. Because OFDM and SCM often struggle
with intercarrier interference (ICI) and intersymbol interference (ISI) in doubly selective
channels, OTFS has been presented as a robust alternative (see e.g., [2], [3]). Throughout
the remainder of this dissertation, we use OTFS as an umbrella term to encompass
equivalent schemes such as vector OFDM (V-OFDM), asymmetric OFDM (A-OFDM), and
OSDM, except where specific references to those individual modulations are required.
While OTFS leverages diversity in both time and frequency to outperform OFDM in
highly dynamic environments [4], [5], [6], it is not inherently immune to all channel
impairments. As noted previously, its performance remains sensitive to the specific
characteristics of delay and Doppler spread.

In this chapter, we focus on pilot design for OTES. Pilot symbols serve as the “known”
reference symbols within a transmitted packet; because the receiver knows their original
value, it can compare the received version to the transmitted version to estimate the
channel impulse response (CIR). Without accurate channel estimation facilitated by
these pilots, equalization of the symbols would be impossible.

4.1.1. Contributions of this chapter

To get the most out of a communication system, careful design of the pilot symbols is
required. Although many pilot designs have been proposed for OTES (see, e.g., [7], [8], [9],
[10]), a comparison and (mathematical) analysis of the optimality of these designs is
lacking. This chapter addresses this gap by first providing a comprehensive overview of
optimal pilot design for linear time-invariant (LTT) and linear time-variant (LTV) channels
for OTFS and related modulation schemes. Following this foundation, we present a new
pilot design for OTFS. The contributions of this chapter can be summarized as follows:

* We provide an overview of the work on (optimal) pilot design for LTI and
LTV channels, and of the work on specific pilot designs for the most relevant
modulation schemes.

* We propose two new pilot allocations for OTFS that reduce the pilot overhead
by approximately 50%. These pilot allocations still achieve the minimum mean
squared error (MMSE) on the estimation of the channel taps.

¢ We propose to choose the power distribution between the pilot and the data
symbols such that it maximizes a lower bound on the channel capacity.

Our findings can be used as guidance for designing the OTFS parameters based on the
delay and Doppler spread to increase the channel capacity.
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Figure 4.1.: Visualization of the decomposition Px = Iy ® Ly + Py @ Uy,

Notation

Let K be a positive integer and let Px denote a K x K cyclic permutation matrix. Further,
let P% denote the I'th power of Pg for some integer /. Let N and M be positive integers. If
K = NM, we can rewrite the cyclic permutation matrix as Px = Iy ® Ly + Py ® Uy, where
Ly, is a cyclic permutation matrix of size M except for the top right element, which
is zero, and Uy is a zero matrix of size M except for the top right element, which
is one (thus Pp; = Up;+Lyy). Fig. 4.1 visualizes the decomposition of Pg. Similarly,

provided ! < M, we can write Pﬁ( =Iy® LS\I/I) +PyN® UE\I/I), where the matrices Lg\l} and

UE\I/I) denote the lower and upper part of P , respectively. Lastly, we define the matrix
Ag = diag(ejZ”O/K, ..., el K=DIKy ‘Before we elaborate on the related work, we start by a
brief discussion of the signal model in the next section.

4.2. Signal model

In this section, we discuss the OTFS modulation scheme and the LTV channel model at
normalized baseband.

4.2.1. OTFS transmitter

For OTFS, the transmitter characterizes K = NM symbols in the delay-Doppler (DD)
domain (M by N symbols in the delay and Doppler dimension respectively), collected in
the matrix Spp € CM*V, after which the symbols are consecutively transformed to the
time-frequency and the time domain by the inverse symplectic finite Fourier transform
(ISFFT) and the Heisenberg transform [3], respectively. Assuming a rectangular transmit
pulse is used [11], the transmitted signal in discrete-time baseband is given by (see
Chapter 3 or [12]),

x = vec(SppFh) = (FY ® Iy)s, (4.1)

where FIIEI denotes the inverse discrete Fourier transform matrix, I is an identity matrix
of size M and s =vec(Spp). In Fig. 4.2, a visual representation of the operation at the
transmitter, i.e., (4.1), is shown.
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Figure 4.2.: Visualization of the OTFS transmitted signal, {K, N, M} = {18, 3, 6}.

4.2.2. Channel model

Let r[kl, hnpplk, 11, x[k], and n[k] denote the discrete-time received signal, channel
impulse response, transmitted signal, and additive channel noise, respectively, in
normalized baseband (as discussed in Section 2.1.3). We assume Nyquist-rate sampling,
such that the signals are observed at time instances f; = kTgymp and time delays
71 = I Tsymp, with Tgymp denoting the symbol period. The received signal is then described
by

L
rlk] =Y hooblk, xlk - 1] + n[k].
1=0
Note that an LTI channel is subsumed by this model; if iy, [k, I] = Anpp (1], the model is
time-invariant. Suppose we collect a total of K samples over time, then estimating all the
K(L+1) channel coefficients is an ill-posed problem, as in general K < K(L + 1). In order
to decrease the number of coefficients that need to be estimated, the basis expansion
model (BEM) was introduced [13].
The BEM is a model that represents how the channel changes over time. It
approximates the varying channel taps by expressing them using a lower order basis of
size Q+1 (with Q+1< K),

Q/2
Boblk, 1= )" c1,qbglkl. 4.2)
q=-QI2

Here by(k] € C is the function representing the basis and cq€C, for [=0,...,L and
qg=-Q/2,...,Q/2, are the BEM channel coefficients. In general Q + 1 <« K, and thus the
total number of coefficients to be estimated is now lower, casting the problem well posed
if K=(Q+1)(L+1).

The BEM can be used with different bases and thus functions b,[k]. Over the past
decades, many various bases have been proposed. The most well-known is the complex
exponential BEM (CE-BEM) [13], for which b4[k] = elwqk wq =2mq/K. Note that the
CE-BEM is quite comprehensible; the coefficients of the CE-BEM each represent a
unique pair of Doppler shift w, and time delay 7;. Some other popular BEMs are the
generalized CE-BEM (GCE-BEM) [14], for which b, (k] = elwqk wq=2nq/(KR), R =1, the
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polynomial BEM (P-BEM) [15], the discrete Karhunen-Loéve BEM (DKL-BEM) [16] and
the discrete prolate spheroidal BEM (DPS-BEM) [17]. Of course, the modeling accuracy of
each choice differs per application.

Remark 5. In the OTFS literature, the so-called delay-Doppler channel is often used
instead of a BEM. However, assuming that the time delays and Doppler shifts fall on the
Nyquist grid, the delay-Doppler channel coincides with the (conventional) CE-BEM.

In this work, we adopt the CE-BEM due to its intuitive structure and widespread use in
the literature. Assuming that we use a cyclic prefix (CP) and that we model the channel
with additive Gaussian noise with zero mean and covariance Ry, the received signal is
given by

Q2 L
r:Hx+n=( Y Y ¢y diag(bglol,..., by lK —1])P) |x+n
g=—0Q/21=0
Q2 L

( 53 entel

q=-Q/21=0

X+n,

where the vectors r, x and n collect the samples of r[k], x[k] and n[k], respectively, for
k=0,1,...,K—1. Note that when Q =0, the LTV channel becomes time-invariant and
thus coincides with an LTI channel.

Remark 6. The parameters L and Q denote the maximum time delay and Doppler shift in
the channel, i.e. Tymax = LTsymp and fimax = Q/ 2K Tsymp), respectively. Although specific
channel taps vary, these parameters remain constant over a long time. Upper bounds for
these values are typically well-known for particular environments, allowing L and Q to be
set to these bounds before communication.

4.2.3. OTFSreceiver
At the receiver, the demodulated signal is given by,

y= (FN®IM)1‘.

To obtain the signal received in the DD domain, the vector y is reshaped into an M x N
matrix, i.e., Y= Vec’l(y). Typically, we choose N=Q+1 and M = L+ 1 to ensure that
the channel can be properly resolved in both delay and Doppler dimensions, as will
become clear shortly. The literature on OTFS receivers is rich; see, e.g. [6], [18], [19], [20].
However, the most straightforward way is to apply a linear MMSE estimator to estimate
the transmitted signal.

4.3. Related work on pilot design

In this section, we examine the existing literature on the development of (optimal) pilot
designs.

Designing a pilot signal can be divided into two main components: pilot allocation and
power distribution, which we will treat separately. Due to its practical relevance, we also
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briefly discuss pilot design in relation to peak-to-average power ratio (PAPR). We will
focus exclusively on designs where pilot and data symbols do not overlap, an assumption
that underpins the remainder of this chapter. For studies on superimposed pilot designs,
we refer readers to [21] and references therein.

Throughout the first two subsections, we discuss various pilot allocations for different
modulation schemes and different channel models. A comparison of the pilot overhead
of the discussed allocations is provided in Table 4.1.

4.3.1. Pilot allocation for SCM and OFDM

In this subsection, we discuss the existing pilot allocation strategies for SCM and OFDM.
First, we examine literature on LTI channels, followed by a discussion on LTV channels.
Note that OTFS reduces to SCM when N =1 and M = K, and to OFDM when N = K and
M=1.

Research on pilot allocation dates back to the late 1990s, considering metrics such as
mean squared error (MSE), channel capacity, and the Cramér-Rao bound (CRB), which
often led to similar optimal designs. For LTI channels (i.e., Q = 0), a BEM is unnecessary,
and typically, the system is overdetermined (K > L+ 1). In the SCM setting, [22] showed
that clustering at least K, = 2L+ 1 pilot symbols, zeroing the leading and trailing L
symbols, yields capacity-optimal results. This structure was also found optimal under the
CRB on the channel tap estimator in [23], reflecting the equivalence of MSE and CRB
under additive white Gaussian noise.

For OFDM, optimal pilot placement involves only K}, = L+ 1 equispaced tones. This
was shown to minimize the MSE on the channel taps [24] and maximize a capacity lower
bound [22].

Unlike the LTI case, studies on LTV channels generally avoid assuming a specific
modulation scheme. However, pilot and data symbols are often separated in either time
or frequency, naturally aligning with SCM and OFDM, respectively. Similar to this work,
existing works on pilot design typically model LTV channels using a CE-BEM.

In [26], assuming time-separated pilots and data, equispaced and equipowered pilot
clusters of length 2L+ 1 (with L leading and trailing zeros) are shown to maximize a lower
bound on average capacity. A total of Q + 1 such clusters are placed equidistantly in time,
reflecting the Nyquist criterion for Doppler sampling (sampling at twice the maximum
Doppler frequency, Q/2 in normalized baseband). This leads to a total pilot overhead of
Ky = (2L+1)(Q +1). This pilot design effectively probes the channel Q + 1 times using
impulse-like signals, as visualized in Fig. 4.3a. Notably, for Q = 0, this reduces to the
optimal SCM-based design for LTI channels.

Independently, [27] proposed three MSE-optimal pilot designs. The first mirrors
[26] (time-separated). The second uses frequency separation, inserting guard bands
to prevent pilot-data overlap post-channel. As visualized in Fig. 4.3b, it probes the
channel L+ 1 times in frequency, using equispaced, equipowered pilots surrounded by Q
zeros, generalizing the OFDM-based design when Q = 0. This second design has a pilot
overhead of K}, = (L +1)(2Q + 1). The third, based on linear chirps [27], [28], has lower
spectral efficiency and is therefore not considered further here.

Interestingly, frequency separation outperforms time separation when L > Q, and vice
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versa when L < Q in terms of pilot overhead Kj, [27], [28].! Moreover, for both cases, it
suffices that pilot clusters are equispaced; their absolute positions in time or frequency
are irrelevant for MSE performance.

Finally, [30] and [31] address scenarios where the Doppler spread is overestimated.
In such cases, changing zero-valued pilot symbols into nonzero-valued pilot symbols
can improve estimation, though this yields sub-optimal designs because the pilot/data
structure is not fully adapted to the actual channel.

A
[] Data A
[] Pilot [] pata
< [] Guard zeros [] Pilot
jen}
? E [] Guard zeros
g -
g 2
= 5
g
=
Q
1
> Q
H‘M Time [s]
L1L Time [s] 4

(a) Separation in time, Q+1 pilot cluster repetitions.  (b) Separation in frequency, L+1 pilot cluster
repetitions.

Figure 4.3.: Two methods, as proposed by (a)[26], [27], [28] and (b)[27], [28].

4.3.2. Pilot allocation for OSDM and OTFS

In this section, we discuss the most relevant existing pilot allocations for OSDM and OTFS.
Note that since the two modulation schemes are equivalent, as shown in the previous
chapter, pilot designs proposed for one scheme can be directly applied to the other.

In [4], the authors approach the (OSDM) modulation from a sequence-based
perspective. They propose allocating one out of the N available sequences — each of
length M — entirely to pilot symbols, employing a shift-orthogonal sequence. When
applied to an LTI channel, no guard intervals are inserted between pilot and data
symbols in this design. This idea was later extended to a modulation scheme termed
Doppler-resilient OSDM (D-OSDM) [29], which introduces guard intervals to enhance
robustness in LTV channels. A visual representation of this latter scheme is provided in
Fig. 4.4.

In [7], [8], two pilot allocations are proposed for OTES. The first approach places a
single pilot in the DD domain, surrounded by zeros to prevent interference with data
symbols at the receiver. The pilot overhead is thus K, = (2Q + 1)(2L + 1), as visualized in
Fig. 4.5a. The second scheme accounts for fractional Doppler shifts, which occur when
the actual Doppler shifts do not align perfectly with the grid. In this case, all neighboring
Doppler bins are set to zero to mitigate interference. The pilot overhead of this second

INote that when L> Q we have 2L+1)(Q+1)> (L+1)(2Q+1) and that when L<Q we have
RL+DQ+D < (L+1)2Q+1).
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Figure 4.4.: Time-frequency plot for D-OSDM [29].

approach is therefore K, = N(2L +1), as illustrated in Fig. 4.5b. Note that both pilot
allocations have a higher overhead than the allocations proposed for SCM and OFDM by
[26], [27], [28]. To reduce the high pilot overhead of the fractional Doppler scheme in [7],
a different method is introduced in [20]. The work adopts the GCE-BEM and proposes
a two-step estimation process. In the first step, the BEM order Q is fixed and R=1 is
used. In the second step, Q is increased by adjusting R from 1 to 2. Both the channel
coefficients and data symbols are iteratively refined, incorporating initial demodulation
results. By starting with a reduced BEM order, pilot overhead is significantly lowered
compared to the one-step method in [7], while improving estimation accuracy through
model refinement. However, besides the higher pilot overhead, the pilot designs for OTFS
by [7], [8], [12], [20] did not provide insight into the design by discussing the pilot signal
in the time-frequency domain, in contrast to the works on SCM and OFDM.

Interestingly, it is possible to characterize pilot designs for OTFS in the time-frequency
domain. In Chapter 3, we identified the equivalence of OTFS and OSDM, showing that
symbols in the DD domain appear as repeated structures in the time-frequency domain.
More specifically, each OTFS symbol in the DD domain is repeated N times in time and M
times in frequency.

This phenomenon, also appearing in Fig. 4.2 (where one red symbol in the DD domain
is repeated N = 3 times in time), is further visualized in Fig. 4.5c, which shows the
time-frequency plot of the delay-Doppler signal of Fig. 4.5b. Note that Fig. 4.5c, where the
signal exhibits N repeated pilot clusters in time, each with L leading and trailing symbols
set to zero, closely resembles the time-separated pilot design in [26], [27], [28], shown in
Fig. 4.3a, where Q + 1 repeated pilot clusters also have L leading and trailing symbols
equal to zero. This raises the question: how many repetitions are optimal?

Given L+ 1 delay taps and Q + 1 Doppler taps, we require at least Q + 1 time samples
and L+ 1 frequency samples of the pilot signal. Since OTFS exhibits N repetitions in time
and M in frequency, this requirement can be met by imposing N> Q+1and M= L+1,
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domain, (c).
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and using one pilot symbol in the DD domain. Alternatively, it is also possible to meet the
sampling requirement for N < Q + 1 and/or M < L+ 1, however, this requires multiple
equispaced pilots in the delay and/or Doppler dimension, respectively, each with
appropriate guard bands. This, however, complicates the pilot design, does not reduce
the pilot overhead, which is why we will not further investigate this option. With K = NM,
we can flexibly choose either N or M (as long as K/N or K/ M remains an integer). In this
work, we will exploit this flexibility to reduce the pilot overhead by approximately 50%,
from Kp = (2L+1)(2Q +1) to Kp = min{(L+1)2Q + 1), 2L+ 1)(Q+ 1)}.

Remark 7. A notable difference between SCM and OTFS is that the repetitions of the OTFS
pilot impulses in time have different phases. As a result, the pilots are not active on all
[frequencies, whereas the frequency characteristics of pilot clusters in [26], [27], [28] were
not explicitly analyzed. The authors of [26] did, however, observe that periodic repetition in
time implicitly induces repetition in frequency®.

Furthermore, while [26], [27], [28] do not specify how data symbols are allocated, OTFS
inherently provides a form of precoding for these symbols. In fact, [26] does not consider
the structure or coding of data symbols at all.

4.3.3. Power distribution

For distributing power, one can consider how to allocate power across multiple pilot
symbols (if one has multiple) and/or how to divide the total available transmitter power
between the pilot signal and the data signal.

For LTI channels, employing OFDM, [25] proved that L+ 1 pilot tones with equal energy
are optimal with respect to the MSE on the channel taps. The optimal power distribution
between pilot and data signals was derived in [22], [25]. These results were extended to
stochastic channels in [32]. A similar derivation for LTV channels was provided by [22],
[25], yielding significant gains.

In most OTFS pilot designs, only a single pilot symbol is specified in the delay-Doppler
domain, which focuses the concern on the power allocation between the pilot and the
data signal. While it is recognized that assigning different power levels to pilot and data
signals impacts the performance ([7], (8], [12]), no optimality analysis has been provided
in these works. Additionally, an optimal power distribution has (also) not been derived in
the existing literature on OSDM.

This chapter aims to fill this gap and provides a closed-form expression to identify the
optimal power allocation.

4.3.4. Pilot designs mitigating PAPR for OTFS

A PAPR analysis of OTFS is conducted in [33], revealing that increasing pilot power
significantly raises the PAPR. This contradicts the claim in [7] that the “spread-spectrum

2Quote: “We wish to show in this subsection that our optimal PSAM (...) enables 2-D sampling and estimation
of our time-frequency selective channel. Intuitively thinking, the Kronecker deltas (...) surrounded by
zero-guards implement time-domain sampling with pilot symbols; furthermore, the fact that these deltas are
periodically inserted implies that they are also equivalent to Kronecker deltas in the frequency-domain and
thus serve as pilot tones as well.”
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Figure 4.6.: Pilot allocation as proposed by [10].

nature of OTFS” allows for higher pilot power without PAPR increase. Unfortunately, the
pilot structure details (e.g., guard size) are not fully disclosed in [33]. Moreover, while the
optimal power distribution is found empirically, the lack of theoretical analysis limits the
generalizability of the findings.

An alternative scheme aimed at PAPR reduction is proposed in [10]. Here, the pilot from
[7] is modified by extending it along the delay axis using a Zadoff-Chu (ZC) sequence and
inserting a CP. This configuration, shown in Fig. 4.6, significantly reduces PAPR, albeit at
the cost of increased bit error ratio (BER).

It is worth noting that both [29] and [10] make use of shift-orthogonal sequences,
yet they differ in their pilot-data separation strategy: [29] achieves separation in the
frequency domain, while [10] does so in the time domain. This suggests that D-OSDM
may exhibit improved PAPR performance as well, compared to the impulse pilot scheme
for OTFS [8], although this comes at the cost of reduced BER performance.

Another approach is presented in [9], where multiple pilots are placed at the corners of
the DD domain, each with surrounding guard symbols. However, the rationale for this
placement is unclear, and although a comparison with [7] is included, the use of different
estimators per pilot design renders the comparison inconclusive.

4.4. OTFS modulation through the LTV channel

In this section, we explore the interaction of the OTFS modulation scheme with a
CE-BEM channel with L temporal delays and Q Doppler shifts. It will be observed
that the modulation scheme transforms the time-varying channel into a time-invariant
channel in the DD domain. Furthermore, the received signal, in the DD domain, can be
represented as a circularly shifted form of the transmitted signal (in the same domain).

If we receive K samples over time, where K is factored as K = NM, the received signal
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can be expressed as,
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At the receiver side we first demodulate the signal,

y= EyeIyr
2 L INy (1 /Nyl
= Y Y g |EnALEY AT L) + BnATPAEN 0AT T U)
q=—Q/21=0 S——— N——r
Py PRAY
+(Fy @Iy)n. (4.4)

where we used Fy A7 FYl = P7 and FyPyF! = A7l Then, using vec(BSAT) = (A@B)vec(S),
the vector y reshaped into an M x N matrix reads

szecfl(y)
02 L
IN T VT
= Y Yl [Lsel) +ulis(Phay) ]+ NEy
G=—-Q/21=0
Q2 L
IN
= 2 Y cughi x
q=-Q/21=0
[LiSP7 + U SPTdiag e /21O DIN, o= 2r(N-D-0N)] 4 NFy,
02 L B
= Y Y cgWigo(PhSPY)+ NFy, (4.5)
q=—Q/21=0

where the last equality follows since Lg\l} and UE\I/I) have disjoint row supports and

wa = Lﬁ\l} + Ug\l/l), so that the bracketed term equals PfVISP]_Vq with a row-dependent column
scaling, i.e. an element-wise mask,

ej2mqmiK ifm=1,

Wi glmn = {ejZqu/Ke—jZH(n—q)/N' itm<l, (4.6)
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form=0,1,...,M-1,n=0,1,...,N—-1.

From (4.5), we learn that the delay tap [ (circularly) shifts the rows of S. Similarly,
the Doppler tap g (circularly) shifts the columns in S. Therefore, the first and second
dimensions of S are often called the delay and Doppler dimensions, respectively. The
channel coefficient ¢; ; and the matrix W; ; apply a change in amplitude and phase.

4.5. Optimal pilot design for OTFS

In this section, we will propose a new pilot design for OTFS modulation, taking into
account the relationship between the channel and the transmitted signal, as derived in
the previous section. The following steps will be followed:

1. We begin by establishing a criterion that ensures no overlap between pilot and data
symbols at the receiver (and consequently at the transmitter), and analyze the pilot
allocation schemes that satisfy this condition. (Section 4.5.1)

2. Then, we derive the allocations with the minimum number of pilot overhead.
(Section 4.5.2)

3. We show that for fixed pilot power, these allocations achieve a channel estimate
that minimizes the MSE on channel taps. (Section 4.5.3)

4. Finally, we optimize the power distribution between the pilot and the data symbols
with respect to the channel capacity. (Section 4.5.4)

4.5.1. Step 1: Analyzing possible pilot allocations

We will assign the available symbols to pilot and data symbols. Let K4 and K}, denote the
number of data and pilot symbols, such that K = K4 + K;,. Suppose we have a total power
budget P, which can be distributed between the pilot and data symbols. Let P4 = aP
and Pp = (1-a)P, where a € [0,1] controls the power allocation between data and pilot
symbols, while the total power constraint ||s||§ = Pq + Pp = P is satisfied. In matrix vector
notation, this division can be written as

s=\/Pa®qsq +/Pp®@pSp. @.7)

Here, ®4 € {0, 1H>Kd and @, €10, 1K gre selection matrices containing only K4 and
Kp columns of Ik, indexed by pq € {0, 1> and pp € {0, 1%l We have IIT<X1pd = K4
and II,T(lep = Kp, and a symbol is either used for the pilot or communication, hence
Pd + Pp = Lkx1. Note that we require [ @gsqll3 = [®@psp 5 = 1.

After demodulation we can write our received signal as,

y=Fn® IM)H(F% *Iy)s+ (FyeIy)n
=/ PqHpp®q4sq + \/ PpHpp ®@psp +W.

Here Hpp = (Fy ®1 M)H(F% ® I, and w = (Fy ® I/)n. At the receiver, we can divide the
received signal into a data part and a pilot part, where we denote the data part by
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ya = ¥}y and the pilot part by y, = W}'y. Here, the matrices Wq € C<*®¢ and ¥, e X~
denote selection matrices, similar to the definition of ®4 and @y, and contain Ry and R,
columns of Ix indexed by pgq € {0, 1}X*1 and pp € {0, 1L respectively. It is important to
mention that the ¥ matrices are selecting all the received symbols that include a data
symbol (for W) or a pilot symbol (for ¥},). Thus, if ® is designed, ¥ follows automatically.
Besides, note that the selection of Wy, is larger than that of @, i.e. Rq = Ky, because the
transmitted data symbols are spread out by the channel. A block diagram of the pipeline
is shown in Fig. 4.7.

In order to facilitate a low-complexity receiver, we design the pilot and data signals
such that they do not interfere at the receiver. This configuration permits independent
processing of channel estimation and symbol estimation. Hence, we have the following
criterion:

C1 There is no overlap between pilot and data symbols at the receiver side.

It follows from C1 that we should have W Hpp®;,sp, = 0 and ‘I’EHDD ®ys4 = 0. From the
interaction between the channel and the modulation, as derived in (4.5), we know that
this is possible as long as the pilot and data symbols are guarded by zeros accordingly, so
that the shift operations of the channel do not mix them.

Using these properties, the data part is given by

ya=Why=wH [\/PdHDD(Ddsd +1/PoHpp®,sp + W

(4.8)
= V/Pa¥¢Hpp®asq +Wa,
where wy = ‘I’gw and the pilot part is given by
¥p = Wby =WH [\/PyHpp®qsa + \/PoHop@psp +w o)

=/ Pp¥, Hpp®psp +wWp,

where wp, = ‘I’gw.

Recognizing that the LTV channel (circularly) shifts the rows and columns of the
transmitted symbols Spp, we can deduce which type of pilot allocation respects C1. We
identify that every pilot allocation must consist of one of the three “basic” cases. Strictly
speaking, a combination of multiple such cases is also possible. This requires multiple
equispaced pilots in the delay and/or Doppler dimension, each with appropriate guard
bands. This, however, complicates the pilot design, does not reduce the pilot overhead
and does not improve the channel estimation, which is why we will not further investigate
this option. The “basic” cases are:

1. “Island case” - in case the pilot symbol “area” is embedded both in the delay
and Doppler direction by data symbols, in order to have nonzero pilot symbols,
the “area” should be at least (2Q+1) x (2L +1), thus K, = (2Q +1)(2L +1). See
Fig. 4.8a for a visualization. Note that this pilot allocation requires N =2Q + 1 and
M=z=2L+1.
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Figure 4.7.: Block diagram of the OTFS communication pipeline. Insertion and deletion of the CP is omitted.
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2. “Doppler slab” - in case the pilot symbol “area” is embedded only in the delay
direction but not in the Doppler direction, the area should be at least N x (2L + 1),
thus K = N(2L +1). See Fig. 4.8b for a visualization. Note that this pilot allocation
requires N=Q+1land M =2L+1.

3. “Delay slab” - in case the pilot symbol “area” is embedded only in the Doppler
direction but not in the delay direction, the area should be at least (2Q + 1) x M,
thus K}, = (2Q + 1) M. See Fig. 4.8¢ for a visualization. Note that this pilot allocation
requires N=2Q+1land M= L+1.

Having determined the possibilities for the pilot design, we are interested in its symbol
overhead and the estimation performance.

4.5.2. Step 2: Determining pilot allocations with the lowest overhead
The minimum number of pilot symbols for each case is given by

1. “Island case” - K = (2Q + 1)(2L + 1), consequently only one pilot symbol is nonzero.

2. “Doppler slab” - K, = (Q +1)(2L + 1), thus choosing N = Q + 1, consequently only
one row containing Q + 1 pilot symbols is nonzero.

3. “Delay slab” - Kp = 2Q +1)(L+1), thus choosing M = L+ 1, consequently only one
column containing L + 1 pilot symbols is nonzero.

It is clear that case 2) and case 3) will require less pilot overhead compared to case 1),
for every choice of L and Q. Therefore, it is crucial to examine whether there are any
performance distinctions among these pilot designs. In the subsequent section, we will
demonstrate that all these designs (1, 2, and 3) achieve the same minimum MSE.

4.5.3. Step 3: Showing MMSE optimality

The pilot part at the receiver side can be rewritten as
¥p =/ Pp ¥, Hop®@psp + W, = Ze+wy, (4.10)

where ¢ € CEFDQ+DX1 contains the coefficients ¢; 4 of the BEM and where the columns
of Z € CRp*(I+DQ+1) are given by,

Zivquen) =/ Pp¥) (Fy ®1y) (AZPQ] (Bl ® 1)) ®psp. (4.11)

Let ¢ represent a channel estimator. Our objective is to minimize the MSE of this
estimator, that is, E[(c — &)™ (c — &)]. Note that we have a linear model, and consequently
the MSE can be minimized by the linear minimum MSE (LMMSE) estimator. Assume the
channel taps are independently distributed following a Gaussian distribution with a mean

of zero and potentially varying variances, such that E[cc"] = diag((07, ,...,0%, ,]) = Re

’eLQ

and let [E[wpwg] = pr, then, the expression for the LMMSE estimator is

H
é= (RV_VII)Z(REI +ZHR;V§Z)‘1) Vp- (4.12)
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Figure 4.8.: DD configurations satisfying C1.
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If we assume that the noise is white, i.e. Rp = 021, then Ry, = E[(F} @ Iy )nn"! (Fy ®1)y)] =
021k, and consequently,

Rw,

o =ENY ww! W] = W IR, W), = 01g, . (4.13)

As a result, we can rewrite the LMMSE estimator as
. _ -1
¢=(oiR; ' +2"2) " 2" (Zc+wy). (4.14)

The MSE of this estimator is given by,

-1
Ellc-&) (c-&)=E[tr(c-&)(c-M)] = tr((R;l + LZZHZ) ) . (4.15)
(o

n

To reach the minimum MSE, the pilot symbols should be placed such that ZHZ is
diagonal ([32], Lemma 1). Note that the columns of Z are given by

21 qen = /Py By @1y) (AZP%) (FY e 1)) ®,s,

(4.16)
= \/Po¥ivec(Wy g0 (P} vec™ @psp) P ).
LetSp = vec™! (®@psp). The elements of the matrix 7ZH7 can be rewritten® as
H
Zh+qr(L+1) 2+ g2 (L+1)
I - ) -

= Pyvec (Wi, 4, o (P SpPL" || WpWhvee (Wi, q, o (PESpPL™))

(4.17)

W Py [vec* (Wll,m o (Pﬁ\l/[SpPI_Vq1 )) ovec (le,qz 0 (PESPP&"Z))] ' diag (‘PP‘I’E)
= Pyvec’ (W} oWy, g, (Pl SSPY" o (P8, P )| diag (¥, ¥}).
For the diagonal elements, i.e. (I1, q1) = (2, g2) €{0,1,...,L} x{0,1,...,Q}, we have,
7'z, = Pyvec” (W} oW, 40 (P}, (S; oS, | )| diag (¥, ¥}
= Pyvec (P, (5} 08, | Py)| diag (W W}t ) = Ppvec” ((Ph, (S5 08y PL7)) By a.18)
(b)

T
2 * = He —
= Pp (sposp) 1x,x1 = PpSysp = Pp,

where in (b) we have used the fact that p;, is selecting all the symbols that include a pilot
symbol after passing through the channel. Thus, the diagonal of ZHZ only contains the
total power P, of the pilot symbols. Note that the diagonal elements do not depend on
K. It ZH7 must be diagonal, then the off-diagonal elements of ZHZ must be zero, that s,

ZIZ+!71(L+1)le+q2(L+1) =0, (h,q1) # (L2, q0). (4.19)

3Where (a) uses the fact that if a; and ap are two column vectors and X is a diagonal matrix, then
a'l'[Xag = vec(azT o] a?)diag(X) = (af oag)Tdiag(X).
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By inspecting (4.17) for (1, q1) # (I2, g2), we see that, left of the element-wise product, the
pilot symbols are shifted by /; in the delay direction and ¢; in the Doppler direction,
while on the right of the element-wise product, the pilot symbols are shifted by I, in the
delay direction and ¢, in the Doppler direction. From this observation we can deduce
that, to have the outcome equal to zero, the pilot symbols in the delay-Doppler domain,
that is the matrix vec™ (®psp), should have shift orthogonal rows and columns.

We can draw some conclusions:

1. “Island case” - For a fixed power Py, this pilot allocation, with K, = 2Q +1)(2L+1)
and with only one nonzero pilot symbol in the middle, achieves the minimum MSE.
However, it uses more pilot symbols compared to the “Doppler slab” and “Delay
slab” case.

2. “Doppler slab” - For a fixed power Py, this pilot allocation, with K, = (Q+1)(2L+1)
and with Q + 1 possibly nonzero pilot symbols, achieves the minimum MSE if and
only if the nonzero pilots are shift orthogonal in both delay and Doppler direction
at the same time. The only option adhering to this orthogonality is to have only one
nonzero pilot symbol. This is visualized in Fig. 4.9a. Although in the figure the pilot
symbol is placed in the middle, the symbol could be placed anywhere along the
Doppler direction (the delay position is fixed).

3. “Delay slab” - For a fixed power P, this pilot allocation, with K, = (2Q + 1)(L+1)
and with L+ 1 possibly nonzero pilot symbols, achieves the minimum MSE if and
only if the nonzero pilots are shift orthogonal in both delay and Doppler direction
at the same time. The only option adhering to this orthogonality is to have only one
nonzero pilot symbol. This is visualized in Fig. 4.9b. Although in the figure the pilot
symbol is placed in the middle, the symbol could be placed anywhere along the
delay direction (the Doppler position is fixed).

To recap, given Cl1, the pilot allocations with the lowest pilot overhead are (also)
allocations that attain the minimum MSE. The latter result is supported by simulation
experiments, as shown in Fig. 4.10, where the average MSE of the channel taps is
computed over 100 Monte Carlo runs. In each run, a new channel and noise realization is
drawn from their respective distributions, with U%l'q =1/((L+1)(Q+1)) forall /l and q.

Note that the pilot allocations using the ZC sequence do not achieve the MMSE
performance. This is because the pilot symbols in the DD domain do not produce
shift-orthogonal rows and columns. For the current parameters, {K, L, Q} = {441,8,8}, the
resulting performance gap is approximately 3 dB, although this difference depends on
the specific simulation parameters.

Moreover, the three cases, the island case, Doppler slab, and delay slab, do achieve the
same MMSE; however, our proposed Doppler slab and delay slab do so with less pilot
overhead. As a result, the proposed allocations can fit more data symbols. When the three
allocations would operate at the same data rate, the proposed allocations will have a
better BER than the island case, since in practice, the latter will have to use higher-order
constellations, or less error correction coding. Therefore, our proposed Doppler slab and
delay slab allocations are the preferred options. In order to use the least overhead at
all times, we must choose the Doppler slab (set N = Q+ 1) in case Q < L, and we must
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Figure 4.9.: (a) and (b): Pilot allocations satisfying i) C1, ii) achieving the MMSE (Z"Z
diagonal), and iii) having the lowest overhead.

choose the delay slab (set M = L+1) in case Q > L. With this decision rule, we can attain a
pilot overhead of K = min{(L +1)(2Q +1), 2L+ 1)(Q + 1)}.

As the optimal pilot allocation is now determined, the next step is to optimize the
power distribution between the pilot and the data symbols.
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Figure 4.10.: Channel estimation performance of proposed pilot allocations compared to
existing ones, for {K, L, Q} = {441,8, 8}.

4.5.4. Step 4: Optimizing the power balance

Since pilot overhead is critical in time-varying communication systems, we first (step 2 of
our approach) focused on reducing this overhead as much as possible. This naturally also
maximizes the time-frequency occupancy of the communications symbols, and hence
implicitly focuses on capacity*. Therefore, in this step 4, it makes sense to also optimize
the power distribution in terms of the channel capacity. Moreover, channel capacity is the
primary performance metric in communication systems. Unlike the BER, which depends
on modulation order and channel coding, channel capacity provides a modulation- and
coding-independent measure of link performance. It also has a closed-form expression,
making it suitable for system analysis and optimization. Finally, systems that transmit
large amounts of data and employ adaptive modulation and coding can approach the
channel capacity in practice.
The received data part is given by,

Yd=V Pd‘PgHDD(Dde +wq =Hgsq +wg. (4.20)

where Hy = \/Pd‘l’ld{HDDCDd. The capacity of the channel, averaged over the random
channel H, induced by the coefficients in ¢, is given by (see [26], [34]),

1
Ex max £ (V4;84l€) bit/s/Hz. (4.21)
K+ L | psy ), Eistisal=1 Y

C=

Here, .# (yq;$41€) is the conditional mutual information between the received signal y4
and the transmitted symbols sq, given the channel coefficient estimate €, ps,(.) is the
probability distribution of sq with fixed energy |sq II§ = 1. Note that we divide by K+ L to
account for the CP of length L.

4Interestingly, a similar connection between channel capacity and channel MMSE has been noticed in [26].



4.5. Optimal pilot design for OTFS 81

Let the channel estimate be given by ¢, and let the estimated channel matrix be denoted
by Hy and the channel estimation error matrix by Hy = (Hgq — Hg) then the received data
part can be rewritten as,

Yd = I:Idsd +Hg - ﬂd)sd +wq = ﬂdsd +v, (4.22)

where v = (Hq — Hg)sq +wg. Now, since no knowledge is available at the transmitter about
the channel, it is reasonable to assign equal energy to all data symbols, i.e. Rs, = Kidl Ky-
With a fixed (i.e. equal) data symbol power, a lower bound on the channel capacity is
given by ([26], [34]),

1 o1y Al
C = - Fu [log, det (IRded + ERV Hde) ) (4.23)
Here,
1 N .
R, = E[w'l] = - El(Hq — Hg) (Hg - A+ 0ZIR, «Ry- (4.24)
d

The goal is to determine the appropriate power distribution, that is, select @, to maximize
the lower bound on the channel capacity C. To express the lower bound in terms of the
power distribution parameter @, we proceed with some derivations. First of all, we can
write (see Appendix B for a detailed derivation),

E[(Hg - Hy) (Hy - H)™) < PE[tr (- &) (c - &™)] Ig,. (4.25)

Secondly, because the pilot allocation makes ZHZ diagonal, we can write

o, 1 (4 o, 1 !
(Rc 1L U_ZZHZ) = (dlag([aio,o""'ai,q]) 1y U—ZPPI(L+1)(Q+1))
n

n

2 2 2 2
g5 T o5 0
:diag( 5 ) (4.26)
Un+‘7c0,0pp 0'n+0'CL‘QPp
so that, the channel MSE (4.15) is given by,
ecoremay-f £ 0
Eftrc—¢)(c—-¢) "' | = — Y =05%. (4.27)
S04=00a+0, Pp M
We can then combine (4.25) and (4.27) to rewrite Ry as
Py " A H 2
Ry = —E[tr(c—&)(c—&)"|Ig, + 05lr,
Kq
2 2
_|Pag & %a,n . (4.28)

ZZ—+02 I —[&02 +0% | Ig
- n d — A n d-
Kd 1=0g=0 0’%+0’%1,qu Kd H
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Finally, we can derive a looser lower bound on the capacity from (4.23) as

1 o
C= Ey |log, det|Iz, + —R;'H HH)
K+ 1|98 (Rd Kg v dHd
1 [P4 , 1 AH)

> Eq |log, det|Ip, + — | —0% + HsH

K+ 1|98 (Rd Ky | KO on| Hably
_ 1 ! [Pa _IAHA -
= K+L[EH 10g2 det(I](d + ?d dO'H+0' Hd Hq|| =C. (4.29)

Now lastly, we inspect ICISIICId. We can show that (refer to Appendix C for the derivation),

L 4

T Teig 2
E|[|f PyK, = Pgo. 430
[“ s ] d dq—zo/zzZoUﬁPpUc,q 40 (4.30)

Hence we can rewrite C in (4.29) as

1 [P -
En |log, det IKd+—[ —d52 2

2
+o
KqlKg H "

HHg
Pyos d

H[E[A—;

g:

K+L

alA
:L[EH log, det I[<d+pdA—d2
E [ 1a7]

4.31
K+L 43D

where,

Py 2
- 04
_ Kqe " H
T Py 2
KdUH+Un

(4.32)

with

Q2 L Pyot

2 CLq
" =Kg Y, ) 55—, (4.33)
H g=—Q/21=0 U%“‘Ppaﬁl_,,

% o?

i i fa (4.34)

[=04=00% +Ucqup

g

:nw

Remark 8. Note that p is essentially a signal-to-interference-plus-noise ratio (SINR).
The numerator contains the energy related to the (target) signal, i.e. Hysq, while the
denominator contains the interference energy due to the channel estimation error, related
to (Hq — Hq)sq, and the noise energy.

Observe that p is a function of a through P4 and P,. We can hence optimize C in (4.31)
by maximizing p with respect to a. The optimal power distribution is

a*= argmaxp. (4.35)
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Before proceeding to the simulations in the next section, we make some remarks with
respect to the complexity and implementation of our proposed pilot design.

Note that using a different pilot allocation does not increase or decrease complexity
of the communication system. Determining the optimal power distribution requires
maximizing a one-dimensional (concave) function, which has negligible complexity
compared to the channel or symbol estimation steps, which typically involve matrix
inversions or iterative algorithms. The complexity of our pilot design is therefore
comparable to that of existing designs.

Implementation of our pilot design in practical systems is not significantly different
from existing approaches. All discussed pilot designs assume that L and Q are known,
which is reasonable in practice as noted in Remark 6, and that the noise level 02 is
available. In modern communication systems, the noise level is typically tracked by the
receiver, since both channel and symbol estimators depend on it.

The only extra requirement of our method is knowledge of the channel tap variance.
Specifically, under the working assumption that ¢; 4 ~ A(0, a%l'q), our method requires

knowledge of U%l . These variables can be estimated using a probe signal, or a preamble,

and in practice, this distribution tends to remain stable over multiple communication
packets as well.

4.6. Simulations

In this section, we validate the theoretical findings and compare our framework with
related work.

4.6.1. Numerical validation

We simulate three baseband channels (i.e., frequency shifts between 0 and 1 and time
delays of multiples of the symbol period) with different parameters, which are specified
in Table 4.2. We call a channel ‘Doppler dominant’ if Q > L and ‘delay dominant’ if Q < L.
Thus, Channel 2 and Channel 3 are Doppler and delay dominant, respectively. We define
the signal-to-noise ratio with respect to the transmitted signal x as,

SNR. = Elxx] P
" Enfn] Ko?’

We set P =1, and change the value of g2 according to the desired SNR¢. In all
simulations, the (pilot and communication) symbols are uncoded QPSK symbols. The
channel coefficients ¢; ; are realizations of an (independent) complex Gaussian process
with zero mean and variance U%Lq =1/((Q+1)(L +1)). For all three channels we draw ten
noise and channel realizations, and calculate the lower bound on the average capacity,
i.e., (4.31). The results are shown in Fig. 4.11. We can draw the following conclusions. First
of all, the Doppler slab and delay slab, which alter the modulation parameters N and M
according to the channel, exhibit higher capacity in all three channels, compared to the
‘island case’ proposed in [7], [8]. Moreover, we note that either the Doppler slab or delay
slab performs the best, according to whether the channel is Doppler or delay dominant.
This is to be expected, since the Doppler (delay) slab has the lowest pilot overhead for a
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Table 4.2.: Parameters for the simulations in Fig. 4.11.

Parameters Channel 1 Channel 2 Channel 3

K 441 441 441

Q 6 8 2

L 6 2 8

SNRx 20dB 20dB 20dB

T o Y4 | g Y | gma Ve

Island case - {N, M, @qpt}
Doppler slab - {N, M, agpt}
Delay slab - {N, M, aop(}

{21,21,0.7015}
{7,63,0.7270}
{63,7,0.7270}

{21,21,0.7834}
19,49,0.7922}
{147,3,0.7910}

{21,21,0.7834}
{3,147,0.7910}
{49,9,0.7922}
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Figure 4.11.: Performance of the pilot allocation schemes with respect to the power
distribution for three different channels.

Doppler (delay) dominant channel. Finally, we can see that all three pilot allocations
benefit from the optimal power allocation. We see that, indeed, the maximum is reached
at the power distribution aqp. In the simulation for Fig. 4.11, we considered only those
pilot allocations for OTFS that achieve the channel MMSE. For allocations that do not
attain the MMSE, a general expression for the channel estimation error is not available,
making it nontrivial to derive a meaningful lower bound on the channel capacity.

In Fig. 4.12, we illustrate (with lines without markers) how the capacity optimal
power distribution, obtained from (4.35), evolves with different noise levels. We set
{K,Q, L} = {441,2,6} and consider two different channels: in Fig. 4.12a, we use channel
taps with identical distributions, while in Fig. 4.12b, we let the variance of the channel
taps decay exponentially. The capacity-optimal power distribution evolves differently per
channel, but both curves saturate to a@ = 0.5 for high noise levels. A similar trend was
found for SCM in [26].

Additionally, we plot (with lines with markers) the power distribution that is optimal in
terms of BER. The minimum BER over 50 Monte Carlo runs has been found by simulating
every combination of noise level and power distribution. Results at extremely high and
low noise levels are omitted, as the BER saturates to 0 (low noise level) and 0.5 (high noise
level) for all power distributions, so no meaningful optimum can be identified in those
cases.

Fig. 4.12 shows that the BER optimal power distribution closely follows the
capacity-optimal power distribution, even for D-OSDM, which employs a pilot design not
suited for our capacity optimization. This suggests that (4.35) can be used not only to
optimize channel capacity but also to improve the BER.

4.6.2. Comparison with related work

So far, we have compared our proposed pilot designs to the ‘island case’ pilot allocation
from [7], [8] using our capacity optimal power distribution for all cases. Here, we explicitly
compare the capacity of our power distribution with the one originally used in [8]. To
ensure fairness, we align the parameters used in [8] with those discussed in this chapter.

Let sp denote a pilot symbol and let sq denote a data symbol, then in (8] the pilot and
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Figure 4.12.: Capacity optimal power distribution (i.e., (4.35)), versus BER optimal power
distribution.

data signal-to-noise ratio (SNR) were defined per symbol, that is,

2 2
N E

SNRPZ%, SNRd:w.
Un 011

Note that the relation to our SNR of the transmitted signal (thus pilot and data signal
together) is given by SNRy = I%SNRP + %SNRd. We can relate the notion of SNR per
symbol of [8] to our power distribution parameter,

B K4SNRy
~ K4SNRq+SNRp’

Then, in Table 4.3 we list: the parameters that were used in [8] (first four columns),
“our” parameters that follow from that (fifth to ninth column), and the parameters for
the optimal pilot design (last four columns). We can see that the a that follows from
[8] differs a lot from the optimal distribution a*. In fact, we see that modifying the
power distribution can lead to a substantial improvement in performance (compare
seventh and ninth column). Furthermore, selecting the appropriate values for M and N
can further enhance performance as we can see in the eleventh column. Note that an
increase in SNRy from 21.6 dB to 27.7 dB and from 25.5 dB to 29.0 dB is more than
double the amount of power. It is important to highlight that this increase in power leads
to only a minor BER improvement in [8] as well as a minor capacity improvement as
seen in the seventh column. By contrasting the optimal power allocation with the actual
power distribution, the slight increase in BER becomes more understandable; the power
increase is counteracted by the bad power distribution.
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4.7. Conclusion

In this chapter, we aimed to contribute to the understanding of how to design pilot
signals for OTFS. We conducted an investigation into the literature on pilot design and
established connections between the work on LTI and LTV channels, SCM, OFDM and
OTFS modulation.

We have proposed two new pilot allocations for OTFS, that adjust M or N according
to the channel parameters L and Q. Our pilot allocations save approximately 50% on
pilot overhead compared to the conventional allocation, while still achieving the MMSE
for channel estimation. We have also addressed the aspect of optimizing the power
distribution between the pilot and data signal with respect to the channel capacity. Our
results indicate that selecting an appropriate power distribution significantly enhances a
(lower bound on the) channel capacity of the communication system. Moreover, we
empirically show that, across different channel settings, our proposed power distribution,
although optimized for capacity, also minimizes the BER.

In summary, this chapter demonstrated that the careful selection of OTFS parameters,
together with pilot design (including the allocation and power distribution) can lead to a
significant improvement in the performance of an OTFS based communication system.
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Validation using Channel Replay
Simulations

The previous chapter proposed a pilot design for the orthogonal time frequency space
(OTFS) modulation scheme that depends on the delay and Doppler spreads of the channel.

This chapter first validates the expected behavior of the pilot power distribution
using channel-replay simulations. It then compares the proposed pilot design with a
conventional approach, also using channel-replay simulations.
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5.1. Introduction

The previous chapter introduced a novel approach for selecting OTFS system parameters
based on the channel conditions, via a pilot allocation and power distribution strategy.
This method combines an minimum mean squared error (MMSE)-optimal channel
estimator with a capacity-optimal power distribution. While those results were verified
on synthetic channels with complex Gaussian distributed taps, this assumption does not
always hold in practical underwater acoustic (UWA) environments. Consequently, this
chapter corroborates our theoretical framework using the Watermark [1] channel replay
simulator. In addition, the OTFS performance is compared against that of a decision
feedback equalizer (DFE) based system, showing promising results.

5.1.1. Contributions of this chapter
The contributions of this chapter can be summarized as follows:

* We assess the performance of the pilot design as proposed in Chapter 4 using
channel replay simulations. The channel replay simulations show close agreement
with the theoretically optimal power distribution.

¢ We demonstrate that the proposed OTFS system outperforms a conventional DFE
(from [2]) in environments with severe multipath and Doppler spread, particularly
at lower data rates.

5.2. Related work

Sound propagation in horizontal underwater channels is typically characterized by
extensive time-varying multipath [3]. As a result, classical modulation techniques such as
orthogonal frequency division multiplexing (OFDM) [4], [5] perform well in relatively
stable channels but face challenges with significant Doppler spreads [6], [7]. Since
sound propagates slowly, motion distorts the time scale of the waveform rather than
merely shifting its carrier frequency. Due to this issue, various improvements have been
proposed, ranging from front-end resampling and Doppler-scale or frequency-offset
estimation [4], [8], [9], [10], [11] to detection and channel estimation schemes designed
to operate under the residual Doppler distortion [12], [13], [14], [15]. Such front-end
processing acts on the received waveform and is largely independent of the modulation
format, so it remains available whichever scheme is used. For such dynamic channels,
alternative modulation techniques such as single-carrier modulation (SCM) [16] or
multiband modulation combined with a DFE and a phase-locked-loop (PLL) may
become effective [17], [18]; however, they require careful tuning of filter update
parameters to adapt to channel variability.

Recently, the seemingly novel modulation scheme OTFS was introduced in the
communication society for terrestrial communication purposes [19], and was later
adopted by the UWA community [20], [21], [22], [23]. In Chapter 3, we have shown that
OTES is equivalent to orthogonal sequence division multiplexing (OSDM), which was
proposed for underwater acoustic communications over a decade ago. However, OTFS
is derived from different principles, which leads to new insights for OSDM as well.
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The main benefit of OTFS is that it transforms a time-varying multipath channel into
a time-invariant one within the delay-Doppler (DD) domain, offering a novel way to
exploit the channel time-frequency diversity.

The literature on OTES and OSDM is extensive, especially on the receiver structure.
Nonlinear equalizers based on the message passing algorithm [24] or detection through
Markov chain Monte Carlo sampling [25] offer the best performance in general, at the cost
of computational complexity. Others have proposed to iteratively adjust the order of the
channel model [26]. In [27], a receiver based on the MMSE estimator was used; however,
the pilot scheme was not optimized, and as such their pilot is not MMSE optimal (see
Chapter 4). Iterative approaches have been suggested for OSDM, as demonstrated in [28],
where the receiver iterates between detection, channel estimation, phase estimation,
equalization, and decoding. Moreover, [28] employed the same suboptimal pilot as [27].

Despite the diverse approaches, a common limitation across these studies is the
fact that there is no optimization over the parameters of OTFS, the pilot allocation, or
the power distribution between the pilot and the data symbols. The studies discussed
previously suggest a fixed pilot design and receiver setup intended to accommodate all
channels. However, it is evident from the literature that an adaptive pilot scheme, tailored
to specific channel characteristics, would improve performance.

5.3. Channel model

Given Nyquist-rate sampling, we denote the discrete-time versions of the received
signal, the time-varying channel impulse response (CIR) (in normalized baseband), the
transmitted signal, and the additive channel noise as r[k], hnpplk, 1, x[k], and n[k],
respectively. Note that these quantities are sampled at symbol rate with period Teymp-. The
received signal can be expressed as follows:

L
rlk] =Y huoblk, Dxlk = 1] + n[k]. (5.1)
1=0
Here L denotes the maximum time delay. Note that if hpp, [k, I] = hnpp (1], the CIR is
time-invariant.
To make the problem of estimating the channel taps {iypp [k, l]}I];LO‘ 1=0 well posed,
we model the CIR with the complex exponential basis expansion model (BEM)
(CE-BEM) [29], which leads to

Q/2
hapblk, 11 = Y c1qbglkl. (5.2)
4=-Q/2

Here by[k] = el@ak with wq =271q/ K, is the basis function. Note that the CE-BEM is quite
comprehensible; each coefficient of the CE-BEM represents a unique pair of Doppler
shift w, and time delay 7;.
Modeling the channel with a CE-BEM and considering additive Gaussian noise with
zero mean and covariance Ry, the received signal is given by
Q2 L

r=Hx+n=| ) ) Cl,qA([?)Pk X+n, (5.3)
q=-Q/21=0
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where the vectors r, x and n collect the samples of r[k], x[k] and n[k], respectively, for
k=0,1,...,K — 1. We further have Aﬁ?) = diag(e/2790/K ., eJ?r4(K=1/K) and the matrix
Pk is the cyclic shift matrix.

5.4. OTFS modulation in baseband

In this section, we introduce the OTFS modulation and demodulation.

The channel symbols are arranged in a two-dimensional matrix § € CM*N | where
the first and second dimensions are related to the CIR delay and Doppler dimension,
respectively. Vectorizing the symbols to a vector of length K = NM, i.e., s = vec(S) and
denoting the discrete Fourier transform matrix of size N as Fy;, the transmitted vector
can be written as (see Chapter 3 or [30]),

x=(FY & Iy)s, (5.4)

where ® denotes the Kronecker product. Note that this type of modulation coincides with
OFDM and SCM when M =1 and N = 1, respectively.
After passing through the channel, the received signal is demodulated by,

y=(FnoIp)r. (5.5)

To obtain the signal received in the DD domain, the vector y is reshaped again into a
matrix of size M x N, i.e., Y =vec™!(y).

In our implementation, we use the MMSE channel estimator on the demodulated
signal [27]. This estimator allows us to perform a systematic theoretical analysis of the
pilot allocation and power distribution, as will be described in the next section.

5.5. Pilotallocation and power distribution

In this section, we provide a brief overview of the traditional pilot design [31], [32], and
summarize the novel pilot design approach provided in Chapter 4.

5.5.1. Pilot allocation
Island case

Traditional pilot design for OTFS involves positioning a single pilot symbol surrounded
entirely by zeros, ensuring that there is no overlap between pilot and data symbols on the
receiver side [31], [32]. For the implementation of this pilot allocation in the symbol
matrix S, a block of size (2L + 1) x (2Q + 1) must be reserved only for pilots. Due to the
relatively large resulting overhead, different approaches were proposed to reduce the
pilot overhead [26], [33]. Furthermore, despite the unequal power levels between pilot
and data symbols in [31] and [32], an analysis of the optimal power distribution is lacking.
We will refer to this pilot allocation as the “island case”.
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New pilot design strategy

In the DD domain, the channel performs a circular shift of the symbols in S along the
delay and Doppler dimensions, with ! and g respectively. Additionally, it should be
emphasized that the values of N and M can be chosen based on our preference. This
adaptability is not utilized in the island case, where the sole conditions are that M = 2L +1
and N = 2Q + 1. Utilizing this adaptability results in the following pilot allocations.

¢ Delayslab - here we set M = L+ 1 and N = K/ M. As a result, the pilot overhead can
be reduced to a block of size K, = (L +1) x (2Q +1).

e Doppler slab - here we set N =Q+ 1 and M = K/N. As a result, the pilot overhead
can be reduced to a block of size K, = (2L +1) x (Q +1).

In the previous chapter, it was shown that the island case, delay slab and Doppler slab
all minimize the error of the MMSE channel estimator. Therefore, the delay slab and
Doppler slab are favored due to their reduced pilot overhead. Moreover, note that if
L>Q (L < Q) the delay slab (Doppler slab) is the allocation with the lowest overhead. In
practical channels, usually one has L > Q. Finally, let R and m denote the symbol rate
and constellation order, respectively, then the effective data rate of the OTFS system is
given by,

K-
R4 =log,(m)Rs (5.6)

K+L°
5.5.2. Power distribution

Having set the pilot allocation, we can still choose the power distribution between the
pilot and data symbols. Let P denote the total power available at the transmitter and
suppose that P, = (1-a)P and P4 = aP power is used for the pilot and data symbols,
respectively. That is,

lIxXall3 + 11%pl15 = Pa+ Pp =P (5.7)

where x4 and x;, denote the data and pilot signal respectively. Based on a lower bound of
the capacity, the optimal power distribution is given by,

a* = argmax p(a), (5.8)

where p(a) is given by (see (4.32), (4.33) and (4.34))

&0’2
Pa g2
pla)= =5 (5.9
K_dal:l +0n
with

4
Q2 L Ppo

2 Clq
or=Kg 3 Y e (5.10)
H q=—01/21=0 Uﬁ“‘PpU(Z:,,,,
Q2 I g2 g?
2 El,q n
og= X 5 (5.11)

——
q=—0/21=09n + 0%, Pp
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Figure 5.1.: (a) Measured CIR. (b) Measured CIR in the delay-Doppler domain.

Here, K4 = K — K, denotes the number of data symbols. Note that the optimal power
distribution in (5.8) depends, among others, on the noise level 0121 and the variance of the
channel taps a%l . These parameters should be estimated up front, which generally does
not pose a signiﬁcant issue since they are approximately constant over a longer period of
time.

5.6. Simulations

5.6.1. The Watermark channel replay

The proposed OTFS pilot design is tested via the Watermark channel replay simulator [1].
The simulated channel is based on a 240m acoustic link between an autonomous
underwater vehicle and a surface ship that was established during the NATO REPMUS
exercise on September 18, 2021, off the coast of Sesimbra, Portugal. The real channel was
estimated by successive transmissions of a linear frequency modulated (LFM) occupying
the 21 —37kHz band. Fig. 5.1a shows the amplitudes of the estimated baseband CIRs, with
the y-axis representing the relative time of the LFM arrival and the x-axis representing the
multipath delay. Fig. 5.1b illustrates the CIR in the delay-Doppler domain, computed
by applying the Fourier transform along the y-axis of Fig. 5.1a. Note that the CIR is
characterized by multiple arrivals mainly within 24 ms delay spread, and Doppler spreads
up to about 12Hz. The Watermark channel replay [1] applies the estimated CIR of
Fig. 5.1a to any waveform that lies within the duration and bandwidth of the channel.
Given that Watermark processes signals in passband, while previous discussions have
been centered on baseband, an OTFS communication pipeline has been developed
around Watermark, as depicted in Fig. 5.2. Here, we do not consider coding, and timing
and Doppler synchronization (i.e. resampling) are assumed to be ideal for both the
OTEFS and the SCM system, so that the comparison reflects the channel estimation
and equalization stage rather than the receiver front end'. Integration of a detection

LOTFS exhibits robustness to synchronization errors, provided that the channel energy remains within the
bounds of the estimated channel model.
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preamble is considered in subsequent chapters.

5.6.2. OTFS scheme

The quadrature phase-shift keying (QPSK) symbols are pulse-shaped based on a
root-raised cosine filter with a roll-off factor = 0.2. The communication band is
21-37kHz, leading to a symbol rate of Ry = 13300 symbols per second (sps). For the OTFS
modulation, we use the pilot design as discussed in Section 5.5, with an MMSE channel
estimator and an MMSE symbol detector.

The first step is to select a suitable set of parameters {L, Q} for the channel we intend
to use. Consequently, based on the coherence time of the delay-Doppler channel, the
parameters K, N, and M are derived. Note that, in complex baseband, the resolution
of the time delay corresponds to the sampling interval, which is the reciprocal of the
sampling frequency or the symbol rate, denoted as L = [Tmax/ Tsympl. Similarly, the
resolution of the Doppler shift is determined by the total duration of the sampling,
expressed as Q = |2 fnax K Tsymbl- Thus, selecting the set {L, Q} consists of determining
the maximum time delay and Doppler shift of the channel. It is assumed that we have a
coarse estimate of both the delay-Doppler plane and the noise intensity, which could
typically be computed from the preamble. For the simulations in this section, the
delay-Doppler plot shown in Fig. 5.1b was used. For example, if the maximum time delay
is 35ms and the maximum Doppler shift 5.5Hz, visualized with the white dashed square
in Fig. 5.1b, all the channel energy within that square is modeled and estimated, while
any energy outside the box becomes self-interference. In this scenario, a balance must be
struck between bit error ratio (BER) and data rate; selecting greater maximum delays and
Doppler shifts enhances channel estimation, thereby reducing BER, whereas selecting
smaller maximum delays and Doppler shifts reduces pilot overhead, consequently
increasing the data rate. The considered rates are summarized in Table 5.1. Note that
both the OTFS and the SCM signals are each repeated several times (seven in this case) to
match the duration of the measured Watermark channel (10s in this case). This enables
averaging the performance of both methods over multiple repetitions/packets for each
noise realization.

Table 5.1.: Settings for the different rates of OTES.

Effective bit rate | Packetlength Delayspread Doppler spread
Ry [bits™!] T [s] Tmax [MS] 2 finax [Hz]
4835 0.7847 35.0 11.0
8864 0.7874 37.5 8.0
9670 0.7853 35.7 9.0

5.6.3. SCM scheme

Here, we describe the SCM scheme compared against OTFS. The QPSK symbols are
pulse-shaped with a raised cosine filter (roll-off factor § = 0.2) and a symbol rate of
Rs = 13000 sps. Similar to OTFES, the SCM signal passes through Watermark seven times
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Figure 5.2.: Communication pipeline including the watermark framework for the OTFS system.
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for a channel duration of 7s. A subset of transmitted QPSK symbols, K4 out of K, is data,
while the rest are pilots. The effective bit rate is Rq =log, (1) R %

The SCM receiver front-end uses a DFE as in [2], performing Doppler compensation
via a first-order PLL, inter-symbol interference cancellation via channel estimation,
and linear equalization. The channel filter length is 26 ms and is updated via the
improved-proportionate normalized least mean squares (IPNLMS) algorithm. The linear
equalization filter length is 6 ms and is updated via the recursive least squares (RLS)
algorithm. The first 750 symbols of the signal are used for DFE convergence. During this
phase, the IPNLMS and RLS are jointly tuned to maximize the output signal-to-noise
ratio (SNR). After training, the DFE parameters are frozen, and data and pilot symbols are
interleaved to strike a balance between BER and data rate. Table 5.2 summarizes the
effective bit rates and data-pilot patterns used after initial training.

Table 5.2.: Settings for the different rates of SCM.

Effective bit rate | Packetlength data-pilot pattern #data symbols
R4 [bits™!] T [s] Ky
4810 0.77s 1-4 1850
8018 0.77s 1-2 3084
9620 0.77s 2-3 3700

5.6.4. Results

The OTFS communication pipeline in Fig. 5.2 is simulated for a range of SNR and «
values. Fig. 5.3 shows the BER, as a function of the SNR and « for the rate of 4835 bps. The
solid blue line indicates the power distribution that leads to the maximum output SNR,
while the dashed blue line indicates the theoretical optimal power distribution, obtained
from (5.8). The practical optimal power distribution changes similarly to the theoretical
optimal power distribution. The slight deviation from the theoretical optimum can be
attributed to the fact that the CE-BEM used by the OTFES system does not perfectly
align with the true channel. This discrepancy becomes evident at high SNR values,
as the optimal power distribution is less influenced by the noise level. An additional
discrepancy is the assumed Gaussian distribution of channel taps and data symbols.

Fig. 5.4 illustrates the BER performance as a function of the energy per bit to noise
power spectral density ratio. Note that the theoretical and practical optimum OTFS
performances are nearly identical, and hence the theoretical model provides an accurate
performance forecast of the practical optimal power distribution. Additionally, Fig. 5.4
shows the comparison between the OTFS and SCM schemes on the measured channel,
for different data rates. The OTFS system shows slightly better performance for the higher
data rates but for the lowest rate the improvement is significant: more than 5 dB at
BER = 1072. This can be attributed to the OTFES system having sufficient pilot overhead,
allowing for precise channel estimation and equalization.
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Figure 5.3.: BER of the OTFS system for various SNR and power distribution values.
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Figure 5.4.: BER performance comparison for various bit rates.

5.7. Conclusion

This chapter applied the novel pilot design scheme for OTFS, proposed in the previous
chapter, in a specific UWA link. The scheme reduced the pilot overhead and optimized
the power distribution by choosing appropriate OTFS parameters based on the channel
delay and Doppler spread. This was a key advantage relative to the DFE, whose selection
of the equalization parameter can become cumbersome. Using the Watermark channel
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replay simulator, the pilot design scheme was validated demonstrating close agreement
with the theoretically optimal power distribution, based on the CE-BEM channel model.
Furthermore, the proposed OTFS system was compared against a conventional DFE for
different data rates. The superiority of OTFS at lower data rates was clearly shown, largely
due to its ability to perform more accurate channel estimation in the presence of severe
multipath and Doppler spread.
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An Adaptive OTFS System

The previous chapter validated the behavior of the proposed pilot design and compared it
to a conventional approach.

This chapter further bridges the gap from theory to practice and describes how the proposed
pilot design can be adapted to an underwater acoustic communication channel.

This chapter is based on the journal article: o
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6.1. Introduction

The highly time-varying nature of underwater acoustic (UWA) channels, driven by
dynamic environmental factors, necessitates the use of adaptive communication
frameworks. While the preceding chapters established a theoretical foundation for
optimizing orthogonal time frequency space (OTES) system parameters based on
instantaneous channel conditions, translating these insights into a practical UWA
implementation requires addressing additional challenges.

First, the analysis in Chapter 4 relies on the assumption of finite delay and Doppler
support. In realistic UWA scenarios, channels frequently exhibit extended delay-Doppler
profiles characterized by slowly decaying tails. These effectively “infinite” responses
introduce residual interference that complicates the direct application of the pilot
design in Chapter 4. Second, the channel state information (CSI) required for parameter
selection (specifically delay-Doppler spreads, second-order statistics, and noise levels) is
not known a priori. In a deployed system, these parameters must be estimated at the
receiver and communicated to the transmitter via a feedback link. Lastly, the proposed
approach was designed for normalized baseband, hence, a full communication pipeline
including preamble and synchronization needs to be added.

This chapter further bridges the gap between theory and implementation by extending
the framework from Chapter 4 to accommodate channels with extended delay-Doppler
profiles. We explicitly account for channel estimation inaccuracies and unmodeled
components to develop a predictive adaptation framework centered on an analytically
tractable effective signal-to-interference-plus-noise ratio (SINR) metric. Unlike idealized
metrics, the proposed formulation incorporates partial channel knowledge and noise,
allowing for evaluation using practically obtainable second-order statistics. Ultimately,
this provides a principled methodology for the selection of OTFES parameters in real-world
UWA environments.

6.1.1. Contributions of this chapter
The contributions of this chapter can be summarized as follows:

¢ We explain how the proposed framework, designed for normalized baseband,
fits within a full communication pipeline (i.e., including detection and
synchronization).

* We extend the analysis of Chapter 4 and derive a closed-form expression for the
effective SINR, pegr, that has as parameters both the delay &nd Doppler spread that
the receiver is able to equalize. It also models the neglected part of the channel as
interference.

¢ We show that pegs serves as an accurate predictor of the output signal-to-noise ratio
(SNR), validated on both synthetic and measured channels.

* We propose to use the derived effective SINR term for OTFS system optimization.
We introduce a simple protocol that can be used to configure the OTFS system
in-situ, using only the information available in practice.
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* We compare the potential of the proposed OTFS system with the four data rates
of frequency-repetition spread spectrum (FRSS) [1], [2] and conclude that the
proposed system allows a higher throughput.

By demonstrating its effectiveness on real-data channel replay, we show that the OTFS
system performance can be accurately optimized using practically obtainable channel
estimates only, without relying on information unavailable in deployment.

6.2. Related work

Severe multi-path propagation and motion-induced Doppler effects make UWA
communication particularly challenging. These channel distortions depend strongly
on environmental conditions, such as temperature, wind conditions, water depth, and
seabed characteristics [3], [4]. Consequently, channels can vary drastically over time
and location, and a communication system tuned for one environment may perform
poorly in another unless its channel model, estimator, and equalizer are adapted to the
prevailing conditions.

At the physical layer, poor communication performance typically has two root causes:
(i) insufficient input SNR, or (ii) insufficient robustness to channel distortion. The
appropriate remedy depends on which limitation dominates: constellation size and/or
coding rate adaptation addresses (i), whereas redesign of the pilot structure and equalizer
parameters is needed for (ii). In practice, both must be handled jointly. However, first
of all, mapping input SNR to post-equalization performance (e.g. output SNR or bit
error ratio (BER)) is typically highly nonlinear and architecture-dependent. Second,
determining optimal pilot/equalizer parameters for given channel conditions can be
nontrivial. Nevertheless, various strategies have been proposed, which we discuss in the
following.

6.2.1. Existing adaptive methods

To cope with environmental variability, prior works have explored several forms of
adaptation. A structured overview is provided in Table 6.1.

Receiver-side adaptation

One approach involves running multiple receiver instances in parallel, each with
different parameters, and selecting the best-performing configuration [5] (this approach
was also used for the decision feedback equalizer (DFE)-based system in Chapter 5).
While a subsequent sequential adaptation method reduces the computational cost by
tracking parameters across packets rather than running all instances simultaneously [6],
both approaches focus exclusively on the receiver. They neglect the impact of
transmit-signal design, including the training-data balance and energy allocation across
time and frequency, which fundamentally affects channel estimation and equalization
performance.
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Transmit-side adaptation

Another common approach is to adaptively adjust the constellation size and coding rate.!
For example, [7] adapts these two based on output SNR and achievable information
rate, but relies on empirically determined thresholds from simulation and in-situ data.
Similarly, [8] demonstrates gains from constellation adaptation, though only in an
additive white Gaussian noise (AWGN) channel with perfect CSI, making generalization
to realistic UWA channels unclear. The work in [9] jointly adjusts constellation size and
subcarrier power for OFDM, but maintains a fixed pilot structure.

Joint transmitter-receiver adaptation

Besides adjusting the system on the transmit or receive side, a further line of work
uses a small set of predefined system configurations, each combining a specific
transmit waveform and receiver algorithm, and switches among them based on
observed performance or heuristics. For instance, [10], [11] switch between coherent and
noncoherent schemes and adjust their symbol rates. Although [10] uses physical channel
properties (e.g., estimated delay and Doppler spread) to guide switching, the decision
rules are derived empirically and are based on simplified channel models. More recently,
the SALSA project [12] investigated switching between four configurations of FRSS [13,
Section II.B]. These configurations differ in preamble length, number of sub-bands, and
equalizer filter lengths, with switching decisions made according to output SNR [1].

6.2.2. Limitations of existing adaptive methods

Beyond method-specific drawbacks, two fundamental limitations recur across the
discussed approaches:

¢ Most systems adapt only the data rate, via constellation size or coding rate, while
leaving the pilot design and/or equalizer structure unchanged (e.g., [7], [8], [9], [10],
(14], [15], [18]).

* Adaptation decisions rely on posterior metrics (e.g., output SNR or error statistics),
but do not take into account a priori information about the channel or the
equalization capability (e.g., [7], [8], [11], [19]).

These limitations often result in suboptimal adaptation decisions. For example, a system
may reduce its data rate even when the true bottleneck lies in the pilot or equalizer
configuration. At their core, these issues stem from the lack of a performance metric
that accounts for the channel conditions and the equalizer’s tolerance. This observation
motivates the development of predictive performance metrics that capture these effects.

Several metrics have been proposed for predicting performance prior to full decoding.
Input SNR [16] is simple but ignores channel conditions and receiver behavior.
Pilot-symbol SNR [20] captures some channel effects but still neglects equalization.

IThis is often termed adaptive modulation and coding (AMC), although the term “modulation” in this
context refers only to the constellation size. To avoid ambiguity, we use “modulation” to denote the
waveform type, e.g., single-carrier modulation (SCM) or orthogonal frequency division multiplexing
(OFDM).
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Figure 6.1.: Visualization of the communication pipeline at normalized baseband.

The “effective SNR” metric in [14] is, in practice, a measurement of output SNR and
thus does not support predictive configuration. A more insightful approach is the
delay-Doppler domain based SINR metric introduced in [2], which partitions the
measured delay-Doppler power into regions accessible and inaccessible to the FRSS
equalizer. While this metric correlates well with output SNR, it has two shortcomings:
Doppler tolerance of the FRSS equalizer is difficult to quantify, leading to poor
performance in dynamic channels. Secondly, the adaptive-filter behavior and decision
errors are not captured.

To summarize, existing prediction metrics enable performance assessment but do not
permit principled system optimization. To address this gap, we develop a predictive and
analytically tractable metric that is a function of the OTFS system parameters, and can
hence be used to optimize the system.

Outline

The remainder of the chapter is organized as follows. In Section 6.3, we develop the
channel model and discuss the pilot-data trade-off. This forms the basis for the OTFS
system described in Section 6.4. The proposed adaptation method and its use within a
simple protocol are presented in Section 6.5. Finally, in Section 6.6, the adaptive system is
validated using synthetic baseband channels and measured channel replay data, and
compared with FRSS.

6.3. Signal model

This section presents the communication signal model at (normalized) baseband and
its interaction with the physical channel at passband. An overview of the considered
transmit-receive processing chain is provided in Fig. 6.1. Channel coding, constellation
design, and OTFS modulation/demodulation and equalization are not considered here
and are instead addressed in Section 6.4.
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6.3.1. Transmitter

The baseband waveform xpy, (#) is generated from a sequence of K complex information
symbols {x[i]}ﬁi‘o1 through pulse shaping,

K-1
Xbb(t) = Z x[l]g(t_ iTsymb)r (61)

i=0

where g(7) is the transmit pulse and Tsymp denotes the symbol period. Assuming the
transmit pulse satisfies the Nyquist pulse-shaping criterion [21, Chapter 9], xpp(f) is
bandlimited to B =1/ Tsymb.2 The corresponding transmitted passband signal is

Xpp (1) = Re {xbb(t) efz”fcf}, 6.2)

where f; denotes the carrier frequency.

6.3.2. Time-varying baseband channel impulse response

We assume the UWA channel can be modeled as a linear time-variant (LTV) channel, i.e.,
with a time-varying channel impulse response (CIR) h(t, 7). Hence, the received signal is

+00
rpb(t)zf h(t,T)xpp (£ = T)dT + R(2), (6.3)
—00
where n(t) denotes the additive noise.
We model the time-varying CIR as

P

1
ht, 1) =Y. hy(6( —1,(0), (6.4)

p=0

where h,(t) and 7,(1) denote the (time-varying) path gain and propagation delay of

the p’th path, respectively. We assume that, within a single communication packet,

the propagation delays can be approximated as linearly varying over time, i.e.,

Tp(t) = To,p + apt, and that the path gains vary slowly and can therefore be treated as

constant, k() = hy. The Doppler scale ay, is related to the path’s radial velocity v, by
_ Y

ap = -, where c is the propagation speed.?

6.3.3. Receiver

Substituting (6.4) in (6.3) and using these two approximations, the received passband
signal is

P-1
rpb () = Y hpxpn (1= ap)t—1o,p) + n(1). (6.5)
p=0

2Here we are referring to the —3dB bandwidth. A discussion on the type and parameters of the (transmit)
pulse is considered out of scope.

3The velocity vy generally results from the combined motion of the transmitter, receiver and/or scattering
objects.
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Upon reception, the signal is first compensated for the motion-induced Doppler
scalings a,; the time axis of the received signal is scaled by a factor 1 - a, where a is
typically an estimate of the Doppler scaling factor of the strongest path. The working
assumption is that this strongest path is the direct path, and hence the Doppler scale of
the direct path resembles the average of all the a,’s. Transmitted signals can be prefixed
with a detection preamble from which this estimate can be obtained. The received signal
after Doppler compensation is given by

1
Tpb (1) = Tpb (E t)

P-1 (1-ay)
= Z h,,pr( P t—‘rop)+n(t)
p=0
P-1 1-ay,) . (-ap)
= hPRe{xbb( ! . t—TO,p)ejznfC( ! “"")}mm, (6.6)
p=0 —a

where 71(t) = n( t)

After this (1n1t1al) Doppler compensation, the received signal is shifted to baseband
and passed through a low-pass filter (LPF) with bandwidth B, corresponding to the
bandwidth of the signal xpp, (£). The received signal in baseband is

Tob (£) = 2+ LPFp {Fpp (H)e /27 /el}

=2-LPF })X:lh R 1- ap _ fC( Ly Top) —j2nfet
= B pRe < Xpp - t—Tople e + w(t)
p=0

Rl l-a
= Z hn"bb( 1—;“%1’) sl ) i

- Z hpe —J2nfetop Z z]g(

—ap .
t—ro,p— iTsymb) e w (1), 6.7

where w(t) =2- LPFB{fz(t)e‘jZ”fCt} denotes the additive noise in baseband and where
Vp = % fc- Without loss of generality, in the following, we absorb the constant phase
term e /2"J<70» in the complex path gain hp.

The baseband signal is then passed through a receive filter matched to the transmit
pulse g(¢) and sampled at the symbol rate, yielding

+o00o
rlk] = f o (08" (¢ — K Togmp)dL. 6.8)

(o¢]

Substituting the expression for ry, (¢) into (6.8) and changing the summation index from
itolviai= k-1, we obtain

=Y hnpblk, lx[k— 1] + wlk], (6.9)
1

where wl[k] £ ffoo.f’ w(t)g* (t = kTsymp)dt and where the discrete-time normalized
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baseband channel coefficients hppy, [k, I] are given by

P-1
Bobb K, 11 2 Y hpx
p=0

+00 _
f g( 11 ‘Z" t =k Toymb + L Toymb — To,p | §* (£ — k Teymp) /> 7" dt. (6.10)
—oo -

Note that the integral in (6.10) can be interpreted as a cross-ambiguity function between
two time- and Doppler-shifted versions of the pulse g(f). As a consequence, the
discrete-time channel coefficient hyp [k, I] attains significant magnitude primarily for
delay indices [ when [ Tsymp is close to the physical path delay 7 . This observation
allows the summation in (6.9) to be truncated to a finite number of delay taps, e.g.,
1=0,..., Lmax, provided that 0 < 7g < Liax Tsymp for all P paths.

An example of the resulting discrete-time channel coefficients hyp [k, I] for a two-path
channel was previously provided in Chapter 2, but is reproduced here in Fig. 6.2 due to its
strong relevance.

If the delay of a path is an integer multiple of the sampling period, i.e., To,p = I Tsymp,
and the motion-induced Doppler scaling is fully compensated (a — a, = 0), then the
corresponding physical path contributes to a single discrete-time channel tap. In contrast,
when the delay is not an integer multiple of the sampling period or when a—a, # 0, a
single physical path generally spreads its energy across multiple discrete-time channel
taps.

Although in principle estimating {h,, ap’TO,p}I;zl is sufficient, this is challenging in
practice because the number of paths is unknown and the channel taps hnpp, [k, I] depend
nonlinearly on the time delay and Doppler shift. Alternatively, estimating the channel
taps hnpplk, [] from r[k] (and the pilot part of x[i]) is typically an under-determined
problem. To tackle this problem, we turn to the basis expansion model (BEM).

6.3.4. Basis expansion model (BEM)
A BEM represents the temporal variation of hypp[k, ] using a set of Qupax+ 1 basis

.....

Qmax/2
happlk, 1= Y c1gbglkl. (6.11)
q=-Qmax/2

Note that if Qmax + 1 = K, where K denotes the number of discrete time samples over
which the channel is observed, and if the set of basis vectors {bg[kl}j=-Quay/2,... Omax/2
spans X, the decomposition in (6.11) is unique. To ensure that the channel estimation
problem is well posed, we assume that the channel can be accurately represented using a
lower-order basis, i.e., Qmax + 1 < K.

While various bases have been proposed [22], [23], [24], we will work with a complex
exponential BEM (CE-BEM) [25], where by (k] = e/“e¥, with w, = 27 q/K. Fig. 6.3 shows
the CE-BEM coefficients for the channel used in Fig. 6.2. Indeed, only Qmpax + 1 = 21 basis
functions are sufficient to accurately model the time-varying CIR hypy, [k, [] over K = 1000
symbol intervals.
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Figure 6.2.: Example of the normalized baseband channel coefficients hnpy(k, [] for a
two-path channel. The symbol period is Tsymp = 1/13000s, and K = 1000
symbol intervals are shown. The channel consists of two propagation paths
with delays 79,0 = Tsymp and 7o,1 = 6 Tsymp, and Doppler scaling factors ag = 0
and a; = 3/1500, respectively. No Doppler scaling compensation is applied
(a = 0). The figure illustrates how integer-multiple delays lead to concentrated
energy on a single tap, whereas Doppler scaling causes energy spreading
across multiple delay taps.

By estimating the coefficients {c,,q}fflgxﬁfg’z o WE effectively estimate which
—HYy—= max

combinations of Doppler shifts and time delays are present.

Remark 9. DFE based systems do not make any assumption on how the channel taps
vary over time, only that they vary slowly with respect to the symbol duration, i.e.
hobbk, 11 = hppy [k + 1,11, such that tracking is possible. A phase-locked-loop (PLL) is often
included to account for the time-varying phase introduced by motion or oscillator offsets.

Stacking the samples r[k], x[k] and w[k] for k =0,...,K—1, in the vectors r, x and n,
the received signal including the CE-BEM representation is given by

r=Hx+n= Z Z cl,quPl X+n, (6.12)
4=—Qmax/2 1=0

where A = diag(e/279K . e/21K=D/Ky gpplies the Doppler shift, and P, denoting the
cyclic shift matrix, applies the time delay, assuming a cyclic prefix precedes x. Hence,
this representation decomposes the channel into a sum of delay-Doppler shifts each
weighted by a complex coefficient ¢; 4.
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Figure 6.3.: Example of CE-BEM coefficients ¢; 4 for the normalized baseband channel
hnbb [k, [] shown in Fig. 6.2. The channel is observed over K = 1000 symbol
intervals and the first Qmax + 1 = 21 basis functions are shown. The temporal
variation of the channel can be captured by a low-order CE-BEM.

6.3.5. Partial channel estimation: a pilot/data trade-off

Block-based systems, such as OFDM and OTES, typically require a channel estimate for
symbol equalization, in contrast to SCM-DFE systems. Estimating all (Lax + 1) (Qmax + 1)
channel taps, however, can lead to a substantial pilot overhead. To reduce this burden,
the (transmit (Tx) and) receive (Rx) may estimate only a subset of the channel coefficients.
To formalize this, we partition the set of all channel tap indices

(gz{(l,q)HE{O»yLmax}, qe{_QI;l_aX)-“r%}}y

into two disjoint subsets: £, representing the estimated taps, and its complement €\ Z.
Specifically,

,"f:{0,...,L}X{—Q/Z,...,Q/Z}, L = Lax, Q < Qmax-

The channel matrix then decomposes into estimated (H;) and non-estimated (Hy)
parts:

H= Y ¢4 AP+ Y ¢, AP =H, +H,. (6.13)
L,peZ e

Accordingly, the received signal in (6.12) becomes
r=H;x+H)x+n, (6.14)

where H,x acts as an interference term at the receiver.
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Remark 10 (Practical viewpoint). Although the delay-Doppler response of the channel
may extend over a large support (i.e., Lmax and Qmax can be large), the effective delay and
Doppler spreads (i.e., L and Q) are typically much smaller due to energy concentration in
a limited region of the delay—Doppler plane. In practice, these are often determined by
applying a power threshold in decibels.

Assuming successive symbols in x are uncorrelated, the SINR at the input of the
receiver is
E [IHx[3] 3 Tuqezlcgl®P

SINRi, (£) = = )
n E[IHox+nl3] Y gpeelcygl?P+02

(6.15)

where ||x||§ = P denotes the transmitted power (in normalized baseband) and where we
have assumed that the noise is zero-mean white Gaussian, with variance afl. Increasing
L and Q improves the SINR;, (%) at the cost of increased pilot overhead and reduced
effective data rate.

To summarize, the effective delay and Doppler spreads, L and Q must be selected
carefully; this process will be detailed in Section 6.5.

6.3.6. Channel tap distribution

Several works have investigated the statistical characterization of underwater acoustic
channels; see, e.g., [4], [26]. While a variety of sophisticated channel models have been
proposed, we adopt in this chapter a simple statistical model in which the delay-Doppler
channel taps ¢; 4 are assumed to be independent, zero-mean complex Gaussian random
variables with variances UEM. Under this assumption, a new channel realization is drawn
for each channel use.

Based on this model, we design the proposed communication system in the next
section. The impact of this assumption is assessed in Section 6.6, where system
performance is evaluated using synthetic channels generated according to the assumed
model and measured channel replay data, for which the assumption is not enforced.

6.4. OTFS system

This section describes the OTFS communication system. The theoretical framework of
the pilot design was described in detail in Chapter 4, but assumed that H» = 0. Here we
generalize the analysis to any Hy. In the following, we will treat the different parts of the
communication pipeline. An overview of the pipeline is shown in Fig. 6.4.

6.4.1. Modulation and demodulation

For OTFS modulation the symbols are defined in the delay-Doppler domain, Spp € C
The transmitted signal (in discrete time) is given by

MxN

x = (FN & Iy)s, (6.16)

where Fp is the normalized discrete Fourier transform (DFT) matrix with elements

[Fnlgn = ﬁe‘ﬂ”k"’ N and where the vector s = vec(Spp) contains the transmitted
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symbols. The parameters N and M can be chosen such that K = NM. At the receiver side,
after the signal has passed through the channel, the signal is demodulated,

y=FneIpmr
= (Fy ® y)H(FY @ Iy))s + (Fy ®1y)n
= HDDS +w. (6.17)

To obtain the signal received in the two-dimensional delay-Doppler (DD) domain, the
vector y is reshaped into a matrix, Y = vec™! (y) e CM*N,

6.4.2. Transmitted symbol vector

The transmitted symbol vector s consists of data and pilot symbols, sq € CXd and Sp € cKo,
respectively, with K = K4 + K}, such that

$=VaP®gsq+ v (1—a)P@ps;. (6.18)

Here the selection matrices @ € {0, 1}X*X4 and ®,, € {0, 1}X*X> determine how the data
and pilot symbols are allocated. In the following subsection we further detail the
construction of the selection matrices and the design of the pilot symbol vector s,. The
data symbol vector sq contains symbols from a constellation of size m. The available
power P at the transmitter is distributed between the data and pilot symbols using
a €10,1], as we set [|@gsqll5 = [|®pspll5 = 1. In the following, we will use P4 = aP and
P, = (1-a)P to denote the data and pilot power, respectively.

6.4.3. Pilotallocation
In Chapter 4, we have shown that the flexibility of choosing M and N can be exploited to
reduce the pilot overhead by up to 50% compared to existing designs. The pilot allocation
is described by two cases:

* Delay slab: we set M =L+1 and N =K/M. The pilot overhead is K, =
(L+1) x(2Q+1).

e Doppler slab: we set N=Q+1 and M = K/N. The pilot overhead is
Kp=QL+1)x(Q+1).

We use a single non-zero pilot symbol and fill the remaining pilot symbols with guard
zeros, thereby eliminating interference between the data symbols and the (non-zero)
pilot symbols. The two allocations are visualized in Fig. 6.5. The selection matrices are
designed such that the (non-zero) pilot symbol does not interfere with the data symbols
after propagation through H; and vice versa. For this specific pilot symbol vector, we have

¥ MH M ®,s, =0, (6.19)
and for any data symbol vector, we have

¥,MH;M"®4s4 = 0. (6.20)
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(b) Doppler slab, M=L+1, N=Q+1

Figure 6.5.: Pilot allocations for OTES.

The corresponding selection matrices @) and ¥, are given in Appendix D.

Note that the two allocations can be combined. The allocation with the lowest pilot
overhead depends on the relative spreads: if L > Q, the delay slab is optimal, whereas if
L < Q, the Doppler slab is preferred. Accordingly, the OTFS parameters (M, N) should be

chosen based on the delay and Doppler spread:

(L+1,K/(L+1), ifL>Q, (6.21)

M,N) =
(M) {mﬂN+mN+n,ﬁL<Q
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Following the strategy in (6.21), the pilot overhead of the allocation is given by,
Kp=min{(L+1(2Q+1),2L+1)(Q+1)}. (6.22)

6.4.4. Channel estimation

After demodulation, the received signal in the delay-Doppler domain vy, is split into a
pilot part used for channel estimation y;,, and a data part used for symbol estimation yyq,
using the selection matrices ¥, € {0, 1}*®> and W4 € {0, 1}X*R4, with K = R, + Rq. For
brevity of notation, let M = F ® I ;. Using (6.20), the part for channel estimation is

Yp =/ Pp¥y MHM" @5, + ¥ MH,M"'s + ¥ Mn.

=Zpc1 +Vp, (6.23)
where Z, = [..., /P, W MATPLM" @5, .. | is the sensing matrix for the channel taps
c1=l...,crq-1 indexed by (/,q) € £, and v, = ‘PgMHzMHS + ‘I’;Mn. We use a classical

linear minimum mean squared error (MMSE) channel estimator:
-1
A H - Hp— Ho—
&1 = Wiise¥p = (R +Z3 R, Z,)  ZUR,yp, (6.24)

where R¢, =E[c;cll] = diag(...,a%l‘q,...) and Ry, = E[vpv}].

6.4.5. Symbol estimation
Using (6.19), the part for symbol estimation is
Va=VPa¥ MHM"®gsq + ¥ MH,M"'s + ¥ Mn.
=Hg8q + Vg, (6.25)

where Ijldyl = \/Pd‘I’dTMfIIMHd>d is the effective channel matrix and vyq =
Hysq + W MH,M"s + ¥ Mn is the interference-plus-noise term where Hq; =

V/Pa¥ M (H; - H;)M"® denotes the channel estimation error matrix. For simplicity,
the estimated symbols are obtained using a zero-forcing (ZF) estimator

§q = WEI,ZFYd = I:ISJYd
:
=| Y é4VPa¥MAIPIM 4| 4, (6.26)
(L)eZL

where (.)" denotes the pseudo-inverse.

6.4.6. Effective datarate

The number of communication symbols is given by K4 = K — K. Assuming a cyclic prefix

(CP) of length L, the effective data rate of the OTFS system is
Ky

K+L’

where R}, denotes the baud rate. The effective rate of the OTFS system thus depends on
the (estimated/modeled) delay and Doppler spread of the channel.

R =log,(m)Ry, (6.27)
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6.4.7. OTFS system configuration
The OTEFS system configuration consists of the tuple (N, M, L,Q, @, m). The estimator
makes use of the second order channel statistics ({‘7%1 q}([,q)€<g,0'$l). In the next section,

we propose a method that determines the optimal OTFS system parameters from these
channel statistics.

6.5. Proposed adaptation method

We require a method that, based on the second order channel statistics ({U%Lq}(l,q)gcg, U%)
determines a configuration (L, Q, a, m). The parameters N and M follow from the delay
and Doppler spread L and Q respectively, through (6.21). The proposed method is based
on an approximate lower bound on the channel capacity.

6.5.1. Approximate lower bound on the channel capacity

The channel capacity, averaged over the channel H, is

C=[Ey max S(yg;84l€1)| Dbits/use, (6.28)

Psq () Ellisall3l=1

where ps,(.) denotes the probability density function of sq. Since a closed-form
expression for this capacity is not available, we derive an approximate lower bound on
the channel capacity (see Appendix E for the full derivation),

Hy,Ha,
C=C=E[y [log, | det|Ig, + Pefi . (6.29)
E [[#a. ]

Here pefr is the effective SINR given by

Py 2
o
Ka " H
Peft = Py 2 C;)d 2 2" (6.30)
% %h +max{7d,Pp}UH2 +0q
Here 0%, 07, 0}, and o}, denote the useful (estimated) channel power, the channel

estimation error power, the channel interference power and the noise power, respectively.
These are defined as

4
o, Pp
0'%1 =Ky ; , (6.31)
(Lg)es 0, Pp+ max{ ot Pp} Oh, +Oh
2 Py } 2 2)
o2 o Ic, (max{Kd Py 0w, +0n 6.32)
H™ ’ ’
(et U%l‘qu + mm{%,Pp} Uﬁz +02
2 _ 2
o, = Y Oe, (6.33)

ez
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Tx:

Figure 6.6.: Diagram of the simple protocol to configure the OTES system.

Observe that if H, = 0, then 0%{2 =0 and hence p¢¢ in (6.30) simplifies to the expression
in (4.32). Moreover, interestingly, that term is equal to the term [27, eq. (42)] derived for
SCM and OFDM.

In Section 6.6, we show that peg is a good predictor of the output SNR.* This

observation motivates the decision metric proposed next.

6.5.2. Decision metric

Note that pft depends on the channel statistics {02, Jgee and 02, as well as the OTFS
system parameters L, Q, @. Consequently, for given channel statistics, the OTFS system
parameters can be selected that maximize the data rate R, subject to a minimum output
SNR requirement:

Kq
L*,Q*,a*, m*) =arg max log,(m)R
( Q ) gL,Q,oc,m gz( ) bK+L (6.34)

S.t. Peff = Pmin (M),

where pmin () denotes the minimum SNR,; required for the constellation order m. The
parameters (M*, N*) follow through (6.21).

6.5.3. The OTFS protocol

We briefly outline a simple protocol that determines the OTES configuration based on the
current channel conditions. An overview of the protocol is shown in Fig. 6.6.

Suppose the Tx wants to initiate a communication link with the Rx. It begins by
sending a probe signal that serves two purposes: it acts as a wake-up signal for the Rx
and simultaneously enables channel estimation. Based on this probe, a single-snapshot
estimate of the channel tap power is obtained as 6%1‘[1 = Iél,qlz, for [ =0,...,Lmax and
g = —Qmax/2,...,Qmax/2. In addition, an estimate of the noise power, denoted by 6%, is
obtained via a moving-average operation at the detector. More sophisticated estimation
methods exist but are out of scope for this dissertation.

4We will formally introduce the output SNR in Section 6.6.
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Given these estimates, the Rx selects an optimal configuration using (6.34). This
configuration is then conveyed to the Tx via a reliable, low-data-rate transmission.
Following this initial handshake, the Tx begins streaming OTFS packets using the
agreed-upon configuration.

The selected configuration remains valid as long as the second-order channel statistics
are approximately stationary. When significant changes in the channel statistics are
detected, the protocol can be re-initiated by transmitting a new probe signal to update
the configuration.

6.6. Validation

In this section, we validate the proposed framework through statistical and channel
replay simulations.

6.6.1. Statistical simulations

We begin by simulating the normalized baseband channel, with the channel tap
distribution described in Section 6.3.6. For these normalized baseband simulations, the
channel statistics are assumed known at the receiver, whereas the specific channel
realizations are unknown.

Figures 6.7a and 6.7b illustrate the correlation between pe¢(L, Q) and the output SNR
for all possible (L, Q) combinations, assuming a fixed power allocation and constellation
size. The output SNR is defined as [2], [28]

K,
Kg—1 X3 Isel?

K N )
Kd Zkiﬂsk—sk/ﬂz

SNRout = (6.35)

withy = £ TR Skl sk

Results are shown for two different channel distributions; exponential (Fig. 6.7a) and
polynomial (Fig. 6.7b) decay. In both cases, the average and median over 100 independent
channel realizations are included. The results demonstrate that peg provides an accurate
prediction of the output SNR. Figures 6.7c and 6.7d further illustrate how the output SNR
decreases as the bandwidth efficiency, defined as Kq/(K + L) and thus proportional to the
effective data rate, increases. This behavior arises because smaller values of L and Q
lead to reduced output SNR while simultaneously enabling higher effective data rates,
thereby clearly highlighting the trade-off between data and pilot allocation discussed in
Section 6.3.5.

6.6.2. Channel soundings

Results in Sections 6.6.3 and 6.6.4 are based on Watermark [29] channel replay
simulations. This section briefly elaborates on the soundings used to generate the
replay channels. One set of soundings was performed with a static and short-range
geometry (38.9m) on May 19, 2025, in the Haringvliet estuary, the Netherlands. The
other set of soundings is based on a dynamic geometry; an acoustic link between an
autonomous underwater vehicle (AUV) and a surface ship established during the NATO
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REPMUS exercise on September 18, 2021, off the coast of Sesimbra, Portugal. During this
measurement, the surface ship was station-keeping and the AUV was sailing a lawn
mower pattern; ranges varied from 240 m up to 760 m.

In the aforementioned sounding campaigns, channels were estimated by a train of
linear frequency modulated (LFM) waveforms occupying (at least) the 21 kHz to 37 kHz
band. The resulting (baseband) CIRs can be used for Watermark replay [29] of any
waveform that lies within the duration and bandwidth of the channel. The time-varying
CIR evolution for one of the benign Haringvliet channels is depicted in Fig. 6.8a.
Figure 6.8b illustrates its CIR in the DD domain, computed by applying the discrete
Fourier transform along the columns of Fig. 6.8a. The channel features a single path with
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little Doppler spread.

The progressively more difficult CIRs of the NATO REPMUS channels in the DD domain
are illustrated in Figures 6.8c and 6.8d. Figure 6.8c features multiple distinct arrivals with
a Doppler spread that increases with delay. Next to a Doppler spread that increases with
delay, Figure 6.8d also exhibits delay-domain smearing that gets more pronounced at

larger delays.

-
0 0.01 0.02 0.03 0.04 0.05 0 0.01 0.02 0.03 0.04 0.05
Time delay [s] Time delay [s]

(a) CIR of HVTJ5-1. (b) CIR of HVTJ5-1 in DD domain.
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(c) CIR of REP21-2 in DD domain. (d) CIR of REP21-18 in DD domain.

Figure 6.8.: Selection of channels used for Watermark replay simulation.

6.6.3. Channel replay simulations

All transmitted signals include a preamble containing a maximum length sequence,
which is used for detection as well as time and frequency synchronization. The OTFS
protocol outlined in Section 6.5.3 is executed, such that only practically available
information is used at the receiver. The replayed channels consist of recordings with
a duration of 10s. Following the protocol, the first (approximately two) seconds are
occupied by the probe signal, a train of LFM signals. The validity of using LFM signals as
a probe and its underlying assumptions are discussed in detail in [30]. Replacing the
LFM-based probe with alternative waveforms, such as pseudonoise sequences that allow

online control of the delay-Doppler resolution trade-off at the receiver, is left for future
work.
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Figure 6.9 illustrates the correlation between the predicted effective SNR p(L, Q) and
the measured output SNR of the communication packets for four different channel
recordings. Several observations can be made. First, overall, the prediction correlates
well with the measured output SNR. For some soundings, a slight offset is observed,
which may have multiple causes; we attribute this primarily to the fact that, in practice,
the channel tap distributions deviate from the assumed Gaussian model. Second,
the variation in SNRy,¢ across packets is small, indicating that the channel statistics
estimated at the beginning of the sounding remain representative over the duration
of the transmission. Third, the clusters of points in the lower-left region of the figures
(most clearly visible in Fig. 6.9d) correspond to configurations with Q = 0, i.e., where the
receiver assumes the absence of Doppler shifts. In this case, even small residual Doppler
or frequency synchronization errors originating from the detection preamble propagate
through the receiver and significantly degrade the equalization performance. Since this
effect is not captured by the prediction metric, it results in poor correlation for these
configurations.

6.6.4. Comparison with FRSS

Finally, we compare the performance of the proposed OTFS configurations with the
four data rates of FRSS [1], which has recently been proposed as an extension to NATO
standard STANAG 4748 [31]. The performance prediction methodology for FRSS has been
studied extensively in [2]. For a fair comparison, both the FRSS and OTFS packets employ
the same preamble structure and synchronization algorithm.

First, the four FRSS rates and all feasible OTFS configurations were replayed across all
REP21 channel soundings. The FRSS payload length was fixed to 1024 information bits.
This is the nearest available packet length that matches the mean of the OTFS packet
lengths. For each sounding, the FRSS rate and the OTFS configuration yielding the lowest
BER were selected. In cases where multiple rate settings and/or OTFS configurations
achieved zero BER, the ones with the highest effective data rate were chosen. In
Figure 6.10a, each vertical bar represents the mean packet delivery ratio (PDR) and
standard deviation of a rate or configuration, averaged over the subset of soundings for
which this rate/configuration was chosen; all points connected horizontally correspond
to the full set of soundings. For OTFS, results were generated for constellation orders
m=2 and m=4.

In terms of PDR, FRSS seems to outperform OTFS. Moreover, the highest effective bit
rate of OTFS is only marginally larger than the bit rate of FRSS. However, the number of
times a configuration is chosen should be taken into account. That is, FRSS with the
highest effective data rate is used for only one sounding, whereas the highest effective
rate of OTES is utilized for 12 soundings. The difference becomes apparent in Fig. 6.10b
where the total number of effective bits (i.e., the bits from error-free packets) transmitted
per rate or configuration is shown. Clearly, in the REP21 channels, OTFS allows for
error-free transmission of a larger net amount of effective bits than FRSS.

Currently, only reverb-limited replay simulations were performed. The effects of
an increased peak-to-average power ratio (PAPR) and the potential reduction of the
achievable SNR were not taken into account.
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Figure 6.9.: Output SNR prediction for channel replay simulations. The third sounding
has a frequency offset in its channel measurement (i.e. the probe), which
might cause the offset.

6.7. Conclusion

This chapter presented an adaptive OTFS communication framework for underwater
acoustic channels based on an analytically tractable effective SINR metric that explicitly
accounts for the joint effects of multipath delay spread, Doppler spread, channel
estimation error, and unmodeled channel components. Unlike conventional posterior
performance metrics, the proposed effective SINR can be evaluated a priori from
practically obtainable channel statistics and directly linked to system configuration

parameters.
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Figure 6.10.: Channel replay of OTFS and FRSS for the REP21 soundings.

We demonstrated, through both synthetic baseband simulations and measured
channel replay experiments, that the effective SINR correlates strongly with the
post-equalization output SNR. This validates its suitability as a predictive performance
metric and enables principled optimization of OTFS parameters. Building on this insight,
we proposed a simple yet practical adaptation protocol that configures the OTFES system
in-situ using only information available at the receiver during normal operation. When
compared to FRSS, the OTFS system achieves a higher effective throughput. These gains
stem from both the increased configurability of OTFS and its superior robustness to
Doppler effects.

Overall, this chapter demonstrates that predictive, model-based adaptation is feasible
for practical underwater acoustic communications and that OTFS provides a flexible and
powerful framework to exploit such adaptation.
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Implementation and
Experimental Validation

The previous chapters established the theoretical foundations of the proposed
communication framework and evaluated its performance through synthetic and
channel-replay simulations. This chapter shifts the focus to the practical implementation
of the system and reports on its performance during real-world field experiments.
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7.1. Introduction

While the previous chapters focused on the theoretical design and optimization of the
underwater acoustic (UWA) communication pipeline, this chapter shifts attention to
its practical realization. Specifically, it presents the integration into a hardware-based
system, describing the experimental system architecture from both hardware and
software perspectives rather than from an algorithmic or mathematical viewpoint.
Furthermore, this chapter reports on a series of experiments conducted using this
implementation, providing experimental validation of the developed approaches.

7.1.1. Contributions of this chapter
The main contributions of this chapter are twofold:

¢ We describe the experimental system architecture.

¢ We report on the experimental validation of the communication framework
proposed in the preceding chapters.

7.2. System architecture

The experimental validation presented in this chapter is conducted using commercially
available UWA communication hardware, augmented with custom software interfaces to
enable full control of the experiment and data access.

The experiments employ Subnero acoustic modems from the M25M series [1],
shown in Fig. 7.1, equipped with an embedded NVIDIA Jetson Orin Nano 4GB [2]
co-processor. These modems operate as software-defined platforms, providing access to
both the transmitted waveforms and the unprocessed received signals. This level of data
transparency is essential for validating the algorithms discussed in the preceding chapters.
Integration is facilitated by UnetStack, the software stack running on the modems. Using
the Java application programming interface (API), all modem functionalities, including
the physical layer parameters, can be controlled directly within MATLAB. Together with
TNO, a small extension was built to support asynchronous buffering (with full control on
the buffer size). Communication between the computer and the modem is established via
an Ethernet connection over a local area network (LAN), enabling real-time interaction.

7.3. Basin experiments

In March 2025, a series of basin experiments was conducted to validate the proposed
communication framework. This section provides an overview of the experimental setup
and presents the results of these experiments.

7.3.1. Setup

The experiments were performed in the water basin at TNO', an octagonal tank with
approximate dimensions of eight meters in both diameter and depth. The walls and

1Location OWW, Oude Waalsdorperweg, The Hague, the Netherlands.
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Figure 7.1.: Subnero modems from the Gen4X M25M series used in the experiments.
Image courtesy of Subnero Pte Ltd, Singapore (reproduced with permission).

7

bottom are equipped with an anechoic lining designed to suppress acoustic reflections
and approximate an infinite water column. This lining, shown in Fig. 7.2, consists of
sound-absorbing pyramidal structures formed by stacked wedges made of cork elastomer,
providing acoustic damping with a reflection loss of at least 10dB over the frequency
range 4 —40kHz.

During the experiment, two Subnero modems were deployed on opposite sides of the
basin, at approximately 5m distance. The setup was configured as a LAN, with both
modems and their respective host computers connected via (cabled) Ethernet to a central
switch. Each device was assigned a unique static internet protocol (IP) address within the
subnet.

An overview of the experimental setup is illustrated in Fig. 7.3. Note that, while one
modem is denoted as the transmit (Tx) and the other as the receive (Rx) modem, both are
capable of transmission and reception.

The setup was used for two different experiments, which we will describe in the
following.

7.3.2. Validating the effect of power distribution

In the first experiment, we evaluated the impact of the power distribution between data
and pilot symbols, parameterized by « € [0, 1], on the bit error ratio (BER).

The transmitted orthogonal time frequency space (OTFS) communication packets
were transmitted at a carrier frequency f; = 29kHz and bandwidth B = 16kHz. For the
transmit pulse, we used a root-raised-cosine filter with a roll-off §=1/5 resulting in a
symbol rate Rs = B/(1 + §) = 13.3kHz. At the start of the experiment, a channel sounding
was performed using a train of linear frequency modulated (LFM) signals as probe. The
received probe and estimated channel impulse response (CIR) in the delay-Doppler
domain are shown in Fig. 7.4. Observe that the estimated CIR exhibits a non-zero
Doppler spread, even though the measurements were conducted in a completely
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Figure 7.2.: Section of the anechoic lining mounted on the walls and floor of the basin.
The lining consists of sound-absorbing pyramidal structures formed by
stacked cork elastomer wedges.

Tx PC Rx PC
Matlab Switch Matlab
TAAT ¢
Java | .| Java
APL [ " API
v 12
Unet- Unet-
Stack Stack
Tx Modem Rx Modem

Figure 7.3.: lllustration of the setup for the basin experiments.

static environment. This widening of the Doppler spectrum is caused by a carrier
frequency offset between the Tx and Rx modem, which is not fully compensated by the
preamble-based synchronization.

Based on the estimated CIR, the OTFS parameters were set to K = 6000, L =74
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(a) Received probe signal. (b) Measured CIR in the delay-Doppler domain.

Figure 7.4.: Channel sounding prior to the power distribution experiment. (a) shows the
received probe signal used to generate the CIR shown in (b). The horizontal
and vertical dimension of the white dashed rectangle in (b) indicate the
chosen values for L and Q.

and Q = 2. Thus, the duration of one communication packet, including cyclic prefix
(CP) but excluding preamble, is about T = (K + L)/ Rs = 0.457s. The “delay slab” pilot
allocation (cf. Chapter 4) was used, hence M = L+1 =75 and N = K/M = 80, resulting in
Kq=K—-M(2Q+1)=5625 data symbols. No coding was performed.

The communication packets were transmitted for a € {0.025,0.075,...,0.975}, and the
procedure was repeated for a total of 85 packets and two different constellation sizes,
m = 2,4. The basin provides an ideal test-bed for this study, as its static environment
ensures comparable conditions across the different a values.

Figs. 7.5a to 7.5¢ show three received OTFS packets corresponding to different power
distributions. Note the difference between the received OTFS packet for a = 0.025 in
Fig. 7.5a and those for ¢ = 0.775 and a = 0.975 in Figs. 7.5b and 7.5c¢, respectively; for
smaller values of «, a larger fraction of the total energy is assigned to the pilot symbol,
resulting in a waveform that looks like an impulse train. The resulting BER versus power
distribution is shown in Fig. 7.5d. The graph shows a similar trend as for the synthetic
channel simulations in Chapter 4 and the channel replay simulations in Chapter 5.

The tonal artifact at 30kHz is an internal modem characteristic, likely originating from
the power amplifier. It has a low power, independent of the transmission power; however,
the artifact becomes prominent in these plots because the signal of interest was also
transmitted at low power. This required the spectrogram’s color scale to be normalized to
a lower range compared to Fig. 7.4a, making the artifact more visible.

7.3.3. Demonstration of the protocol

The primary goal of the second experiment was to implement a low-TRL (technology
readiness level) demonstrator capable of facilitating reliable text-based data transmission
between two modems. The protocol for this experiment closely followed the protocol
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Figure 7.5.: Results of the power distribution experiment. (a),(b) and (c) show received
OTFS packets for different power distributions, (d) shows the sample mean
and 95% confidence interval of the BER for 85 packets per power distribution
value. The received SNR = 12.1dB. The tonal around 30kHz in (a),(b) and
(c) is an artifact from the modem. It becomes apparent since the signal of
interest has low energy.

established in Section 6.5.3.

Protocol and signal description

In this setup, the transmitter initiates the communication link by emitting a probe
signal. Upon reception and detection of the probe signal, the receiver performs channel
estimation in the delay-Doppler domain to obtain ¢; 4. Using this estimate, the receiver
determines the optimal modulation parameters for the current channel conditions. This
configuration is then fed back to the transmitter using an OTFS packet with robust,
low-data-rate settings. The transmitter then begins streaming OTFS packets using the
optimized settings. The major difference from the protocol described in Section 6.5.3
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Figure 7.6.: Overview of the protocol.

lies in the criteria used for parameter selection, which is detailed in Section 7.3.3. The
protocol is illustrated in Fig. 7.6, the specific logic for the Tx and Rx states is formalized
using a finite state machine (FSM) in Chapter F.

All signals of the protocol operate within the same frequency band, with f. = 29kHz,
B =16kHz, and are prefixed with a preamble to facilitate detection and synchronization.
The preamble is a single-carrier modulation (SCM) waveform with binary phase-shift
keying (BPSK) symbols generated from a maximum length sequence (m-sequence) of
length Lgeq = 2'° — 1 = 1023. To mitigate interference, the preamble and the subsequent
signal are separated by a guard interval of Tspacer = 40ms. The configuration and
communication signals use a root-raised-cosine filter with a roll-off factor of §=1/5
as pulse shape, resulting in a symbol rate of Ry = 13.3kHz. The probe signal consists
of a train of Ny, =32 LFM signals. One LFM signal has a duration of Tjf, = 64 ms.
The feedback/configuration signal is encapsulated in an OTFS packet configured with
conservative, high-reliability parameters: (N, M, L, Q, &, m) = (10,600,599,4, 0.6, 2). The
“delay slab” pilot allocation was used, resulting in Ky = K — M(2Q + 1) = 600 data symbols.
These data symbols carry the configuration settings encoded using JavaScript Object
Notation (JSON). The data stream consists of OTFS packets. Some of the parameters are
fixed, i.e., K = 6000, @ = 0.6 and m = 4, while the remaining OTFS parameters (N, M, L, Q)
are chosen based on the configuration signal. As a result, the effective data rate and exact
packet duration are flexible and depend on the measured channel. The data symbols of
these packets contained text messages that were input by the user at the Tx modem.

Parameter selection heuristic

Since the experimental trials were conducted prior to the development of the analytical
framework in Chapter 6, the parameter selection was done using an energy-based
heuristic.

The selection of the OTFS parameters (N,M,L,Q) is driven by the estimated
delay-Doppler channel taps, denoted by the set {¢;4} for l1€{0,...,Lnax} and
g € {—Qmax/2, ..., Qmax/2}. Note that Lyax and Qnax are determined by the settings of the
LFM signal in the probe signal. As established in Chapter 4, the parameters (N, M) can be
derived as a function of the delay and Doppler spread (L, Q). Consequently, the selection
problem reduces to identifying an (L, Q) pair that sufficiently encapsulates the channel’s
observed delay and Doppler spreads. The procedure for determining these values is
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detailed below.
First, the channel tap energy is aggregated across the delay and Doppler dimensions,
respectively:

Paelay(D =Y. 1€ML, qlP%, 7.1)
‘f:_Qmax/2
Lna
Paoppler(@) = Y, |21, g% (7.2)
=0

Then, we obtain L and Q by solving the following problems,

L=min Ly, -1, (7.3)

Ly, L,

ZILELI Pdelay(l)
_ >

s.t. >y 7.

ZZL:(?X Pdelay(l)
Ly < Ly < Lax, 5

and

= min — 7.6
Q Q1,Q2 Q=-Q (7.6)

Zqu01 Pgoppler(q)
s.t. 2 =, (7.7)

Zq;ﬂgmax/z Pdoppler(q)

~Qmax/2= Q1 = Q2 = Qmax/2, @.8)

Here y € (0,1) denotes the portion of the total channel energy that one approximately
captures with channel estimation, and is a hyperparameter.

Results

The adaptability of the proposed protocol was evaluated under two distinct experimental
settings. In the first setting, both the transceivers and the environment remained
stationary to establish a baseline. In the second setting, a dynamic scenario was created
by physically swinging the Tx modem.

The estimated CIRs for both scenarios are illustrated in Fig. 7.7, where the horizontal
and vertical dimensions of the white dashed rectangles represent the selected L and
Q, respectively. The results demonstrate that the protocol effectively adapts to the
instantaneous channel conditions: in the stationary case, a low Q is selected, whereas the
dynamic scenario triggers an increase in Q to compensate for the broadened Doppler
spread.

While the increased Q in the dynamic scenario inherently leads to a reduction
in the effective data rate, the protocol achieved its primary objective in both cases.
Specifically, all signals, the low-data-rate and the optimized OTFS packets, could be
received error-free.
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Figure 7.7.: CIRs in the delay-Doppler domain, estimated from probe signals during
execution of the protocol. (a) measured while the Tx and Rx modem were
stationary, (b) measured while the Tx modem was moving. The white
dashed rectangles indicate the chosen values of L and Q (from which the
configuration follows), using y = 0.95.

7.4. Open-water experiments

In May 2025, a series of open-water trials was conducted to evaluate the performance
of the proposed communication framework in a real-world environment. While the
basin experiments provided a controlled baseline, the open-water trial aimed to test the
robustness of the OTFS signaling and the link-adaptation protocol under representative
field conditions.

7.4.1. Setup

The open-water trials were carried out in the Haringvliet estuary, a significant former
inlet of the North Sea located south of Rotterdam, the Netherlands. The estuary spans
approximately 28km in length with a width varying between 800m and 3km. The
bathymetry of the estuary features an average depth of 9m, with local trenches reaching a
maximum depth of 39m.

Similar to the basin trials, two Subnero modems were utilized: the Tx modem was
towed by a small vessel, while the Rx modem was mounted on a jetty.? The distance
between the modems varied between 50m and 500m. Unlike the setup in the basin,
both modems were controlled by a single MATLAB instance on a central computer.
To integrate the remote Tx modem into the LAN without a physical cable, two Silvus
StreamCaster 4000 series radios were employed to provide a wireless Ethernet bridge.
This configuration maintained the static IP addressing scheme across the wireless hop,
allowing the central computer to interact with the mobile modem as if it were directly
interfaced with the switch on the shore. The setup is illustrated in Fig. 7.8.

2Here, again, the Tx and Rx labels denote the role of the modems in the protocol. Both modems are capable
of transmission and reception.
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Figure 7.8.: Illustration of the setup for the open-water experiments.

The open-water trial encompassed multiple scenarios, including both stationary
and dynamic configurations across varying ranges. A representative dynamic case is
illustrated in Fig. 7.9, where the vessel towed the Tx modem at approximately 1.5ms~! at
a distance of 200m from the Rx modem. The distance between the Tx and Rx modems
decreases during the first half of the vessel’s trajectory and increases during the second
half.

7.4.2. Performance of the protocol

The protocol, as visualized in Fig. 7.6 and detailed in the previous section, was evaluated
across various configurations to assess its robustness in the estuary environment. This
subsection briefly presents one execution of the protocol for the dynamic scenario
depicted in Fig. 7.9. A discussion of the specific challenges encountered during the trials
follows in the subsequent section.

The probe signal consists of a train of 32 LFM signals, each 32ms in duration,
resulting in a total signal length (including preamble) of approximately 1.1s. The received
waveform is shown in Fig. 7.10a. From the received probe signal, the CIR was estimated
(Fig. 7.10b), leading to the selection of L =249 and Q = 12. These parameters are
indicated by the white dashed rectangle in Fig. 7.10b.

Both the configuration message and the subsequent data stream were transmitted as
OTES packets with K = 8000, a = 0.6, and BPSK modulation (1 = 2). Upon the successful
decoding of the configuration message, the Tx modem initiated the data stream using the
optimized parameters. Fig. 7.11 shows the received configuration signal and the first
packet of the data stream.

Based on the selected L and Q, a “delay-slab” pilot allocation was implemented with
the parameters (N, M, L, Q) = (32,250,249, 12). This configuration resulted in Kg = 1750
available data symbols. With a code rate of 1/2, each packet carried 875 information bits,
yielding an effective throughput of 1155bits™! (including preamble overhead).
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Figure 7.9.: Illustration (top view) of a dynamic scenario in which the Tx modem is towed
by a vessel in a straight line from point A to point B, parallel to the shore and
at a distance of 200 m from the Rx modem.

In the minutes following the initial probe and configuration signals, 17 OTFS packets
were transmitted. The resulting BER for each packet is presented in Fig. 7.12. We observe
an upward trend in bit errors as time progresses; this is attributed to the inherent
non-stationarity of the acoustic channel, causing the initial configuration to become
outdated. The channel coherence time, relative to the chosen modulation parameters, is
limited, necessitating a restart of the protocol to maintain a reliable communication link.

7.5. Discussion of limitations and challenges

During the basin and open-water experiments, several challenges emerged.
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Figure 7.10.: Received probe signal and measured CIR during execution of the protocol in
a dynamic scenario (as visualized in Fig. 7.9). The horizontal and vertical
dimensions of the white dashed rectangle in (b) indicate the chosen values
for L and Q.

5 50 60

Power/frequency [dB,/Hz]
Power/frequency [dB/Hz]

120

02 04 08 08 1 1

2 02 04 06 08 1 12 14
Time [3] Time [3]

(a) Received configuration signal. (b) Received data stream packet.

Figure 7.11.: Received communication signals during execution of the protocol at the
Haringvliet estuary. (a) shows the received configuration message, (b) shows
the first received data stream packet.

7.5.1. Overspread channels

A primary issue encountered during the open-water trials was the occurrence of
overspread channels. A channel is formally considered overspread when the product of
the maximum time delay 72« and Doppler shift vy, exceeds the limits of identifiability,
such that:

2T maxVmax > 1. (7.9)



7.5. Discussion of limitations and challenges 149

102 3

L
12 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17
Packet Number

Figure 7.12.: BER of the data stream packets during the execution of the protocol at the
Haringvliet estuary.

In these scenarios, it becomes theoretically impossible to uniquely resolve the channel
taps, posing a fundamental limitation to system configuration via channel estimation.

More generally, the use of LFM signals for channel sounding involves an inherent
resolution trade-off. Let T denote the duration of a single LFM signal in the train of
LFM signals. To accurately capture the delay spread, the pulse duration must satisfy
T = Tmax to avoid interference between pulses. Conversely, to avoid aliasing in the
Doppler dimension, T must be sufficiently small relative to the Doppler spread (typically
T <1/2Vmax)-

This introduces a paradox: to successfully estimate the channel and initialize the
adaptive protocol, the operator must pre-configure T. However, the optimal value of T
depends on the environmental delay and Doppler spreads, which are the very parameters
the system aims to measure. Currently, this requires a-priori knowledge or manual tuning
before the protocol begins. To mitigate this in future work, replacing the LFM train with a
pseudo-random noise (PRN) sequence would be advantageous; such signals allow the
receiver to perform correlation over flexible windows, providing online control of the
delay-Doppler resolution trade-off during post-processing.

7.5.2. Peak-to-average power ratio (PAPR) of the transmitted signal

The optimization framework presented in this dissertation focuses on distributing energy
between pilot and data symbols to maximize throughput. However, this energy-centric
approach does not explicitly constrain the PAPR of the resulting waveform. Because the
pilot signal is effectively an impulse train, assigning a significant fraction of the total
power to the pilot symbol results in high-power peaks.

This characteristic introduced practical challenges during the open-water trials. To
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avoid clipping, the transmit power had to be reduced. Consequently, the OTFES packets
were transmitted with lower average energy than theoretically intended, leading to a
significantly reduced signal-to-noise ratio (SNR). This mainly affects the performance at
longer ranges. These findings suggest that future iterations of the optimization framework
should include PAPR constraints or use peak-shaping techniques to better align the
theoretical power distribution gains with the physical limitations of the hardware. A more
detailed analysis of the PAPR and potential solutions for the proposed framework is
provided in Chapter 8.

7.5.3. Parameter selection

At the time of the basin and open-water experiments, the comprehensive optimization
framework detailed in Chapter 6 was not yet fully developed. Instead, the selection of the
parameters L and Q relied on an energy-based heuristic, as described earlier, and the
constellation size m remained fixed.

During the open-water trials, it became evident that this approach lacked
generalization. Both the constellation order m and the heuristic hyperparameter y
required manual tuning to adapt to varying channel conditions. This dependence on
empirical adjustment proved sub-optimal for a truly autonomous adaptive system.
These observations directly motivated the development of the more robust and general
framework presented in Chapter 6, which replaces manual heuristics with a rigorous
analytical model for parameter optimization.

7.6. Conclusion

This chapter has detailed the transition of the proposed communication framework from
theoretical design to practical hardware implementation. Through the development of
a custom software interface for software-defined acoustic modems, the OTFS-based
link-adaptation protocol was validated in both controlled basin environments and
challenging open-water conditions in the Haringvliet estuary.

The experimental results confirmed that the proposed framework can effectively adapt
to the time-varying UWA channel. Specifically, the basin experiments validated the
theoretical relationship between pilot-data power distribution and bit-error performance
in practice. Additionally, both the basin and the open-water trials demonstrated the
feasibility of an adaptive OTFS system.

However, the field trials also highlighted critical practical constraints, most notably the
challenges of overspread channel scenarios and the impact of high PAPR on effective
transmit power. These real-world limitations provided the necessary empirical motivation
for the more rigorous analytical optimization framework developed in Chapter 6.
Ultimately, the successful error-free transmission of data in several different conditions
confirms the potential of the developed framework for robust, high-performance UWA
communication.
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Concluding Remarks

In Chapter 1, three main research questions were formulated to guide this dissertation.
This chapter revisits these questions, collecting the theoretical and experimental findings
presented throughout the dissertation to provide comprehensive answers. Furthermore, we

identify some of the remaining challenges and discuss promising directions for future
research.
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8.1. Answers to research questions

In this section, we summarize the contributions of this dissertation by addressing the
three main research questions. Collectively, these answers establish a comprehensive
framework for maximizing throughput in underwater acoustic (UWA) channels through
optimized pilot design and channel-aware adaptation.

First research question
The first research question we posed was:

RQ1 How do state-of-the-art modulation schemes perform under time-varying channels?

In Chapter 3, it was demonstrated that modulation schemes dictate how transmitted
symbols are spread across time-frequency. A key finding is that, although derived
from disparate principles, vector orthogonal frequency division multiplexing (OFDM)
(V-OFDM), orthogonal sequence division multiplexing (OSDM), and orthogonal time
frequency space (OTFES) are equivalent.

The primary distinction of OTES to single-carrier modulation (SCM) and OFDM is that
OTES spreads symbols across both time and frequency, in contrast to SCM and OFDM,
which localize symbols in time (spreading in frequency) and frequency (spreading in
time), respectively.

Some works characterize OTFS as inherently delay- and Doppler-resistant [1], [2],
which is based on the “bi-orthogonality” property of the transmit and receive pulses.
In practice, this property cannot be strictly satisfied in doubly-selective channels [3].
Furthermore, we have shown that OTFS modulation is not inherently immune to the joint
effects of delay and Doppler, specifically when the channel consists of multiple paths
with distinct Doppler shifts. Under these conditions, the transmitted symbols inevitably
experience interference.

Consequently, the claim that OTFS is more robust than OFDM against Doppler shifts
must be interpreted with caution. The potential performance gains of OTES are not
automatic; they are conditional on the implementation of the right receiver processing to
resolve the induced interference. This perspective is supported by recent findings [4]
suggesting that the performance gap between OFDM and OTFS nearly vanishes when
appropriate coding is applied to spread symbols across the time-frequency grid. This
reinforces the conclusion that the primary advantage of OTFS stems from its inherent
time-frequency spreading rather than a fundamental immunity to delay and Doppler
spread.

Second research question
The second research question we posed was:

RQ2 Given channel statistics, how can the transmitted signal be optimized to maximize
throughput?

As detailed in Chapter 1, the UWA communication channel introduces severe distortion
to the transmitted signal. This necessitates equalization at the receiver, a process typically
driven by a channel estimate. To facilitate this, the transmitted waveform must include
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a known pilot sequence. Although blind equalization (i.e., channel estimation and
equalization without pilot signals) presents an alternative methodology, it is outside
the scope of this work. The design of the transmitted signal therefore depends on the
allocation of pilot and data signals, as well as the power distribution between them. To
this end, the second research question is partitioned into two sub-questions:

RQ2.1 Which pilot allocation strategies minimize overhead while ensuring accurate
channel estimation performance?

RQ2.2 How should power be distributed between pilot and data signals to maximize
throughput?

In Chapter 4, we address the minimization of pilot overhead. We restrict our analysis to
designs where pilot and data symbols do not overlap. Our investigation revealed that
the state-of-the-art pilot design [5], [6], referred to here as the “island case”, incurs a
significantly higher overhead than the optimal allocations established for SCM and
OFDM [7], [8], [9]. Since OTFS generalizes both SCM and OFDM, this discrepancy
indicated that the island case is theoretically suboptimal. We then proposed two
novel allocation strategies: the “delay slab” and “Doppler slab”. By adjusting the OTFS
parameters M and N according to the channel delay and Doppler spreads, these
designs reduce pilot overhead by approximately 50% compared to the conventional
island case, while preserving minimum mean squared error (MMSE) channel estimation
performance.

Regarding the second sub-question, Chapter 4 further addressed the optimal
distribution of power between pilot and data signals. While increasing pilot power
improves channel estimation accuracy, it simultaneously reduces the energy available
for data transmission, creating a fundamental trade-off. We demonstrated that by
selecting an appropriate power distribution, specifically by optimizing this distribution
with respect to a lower bound on channel capacity, the overall system performance
is significantly enhanced. The optimal power distribution depends on the channel
through the (distribution of the) channel taps in the delay-Doppler domain and the
noise level. Our results in Chapter 4 indicate that across various synthetic channels, this
capacity-optimized power distribution not only increases the achievable rate but also
empirically minimizes the bit error ratio (BER).

To bridge the gap between theory and practice, we further validated these findings in
Chapter 5 using channel replay simulations. In these scenarios, the idealized stochastic
assumptions regarding channel tap distributions often do not hold. Despite the presence
of these non-idealities, the results in Chapter 5 demonstrate close agreement with the
theoretically optimal power distribution.

Third research question

The insights gained from the second research question established that the design of the
transmit signal is intrinsically related to the channel conditions. However, a significant
limitation of the analysis in Chapter 4 is the assumption of finite delay and Doppler
support. In practical UWA scenarios, channels often exhibit extended delay-Doppler
profiles with slowly decaying tails, effectively “infinite” responses, that complicate direct
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application of the results in Chapter 4. Consequently, we posed the final research
question:

RQ3 How can the communication system be adaptively optimized in real time to
maximize throughput under changing channel conditions?

To address this, in Chapter 6, we extended the analysis of Chapter 4 to accommodate
channels with extended delay-Doppler profiles, explicitly accounting for channel
estimation errors and unmodeled channel components. This led to an adaptive,
channel-aware OTFS framework centered on an analytically tractable effective
signal-to-interference-plus-noise ratio (SINR) metric. Crucially, unlike conventional
metrics that evaluate performance a posteriori, this metric enables the a priori prediction
of system performance using practically obtainable second-order channel statistics.

We validated this framework through both synthetic simulations and measured
channel replay experiments, revealing a strong correlation between the predictive SINR
and the actual post-equalization output signal-to-noise ratio (SNR). This facilitated
the development of a practical, in-situ adaptation protocol that optimizes OTFS
parameters in real time using only receiver-side information. Chapter 7 discussed the
implementation details and corroborated that the proposed protocol is feasible in
practice.

Consequently, we conclude that channel-aware adaptation is feasible for practical
UWA communications and that OTFS provides a flexible and powerful framework to
exploit such adaptation.

8.2. Futureresearch directions

This dissertation has demonstrated the efficacy of OTFS modulation for UWA
communication, particularly through novel pilot designs and an adaptive strategy.
Although the proposed framework offers performance gains over traditional schemes,
several practical challenges and opportunities remain for further research. This section
outlines three key areas where future research could extend the applicability and
efficiency of the system: i) the analysis and mitigation of the peak-to-average power
ratio (PAPR), ii) the extension to multi-receiver architectures, and iii) the development of
adaptive resampling techniques for high-mobility scenarios.

8.2.1. Analysis and mitigation of the peak-to-average power ratio (PAPR)

In practical wireless systems, the PAPR is a critical metric because it determines the
efficiency of the power amplifier. When the PAPR is high, the power amplifier must be
operated with a lower average output power to prevent clipping, which would otherwise
lead to out-of-band emissions. The pilot design introduced in this dissertation can
exhibit a high PAPR. Here, we briefly address this issue and outline potential remedies.
Let xpp () denote the transmitted passband signal over the time interval 7 € [0, T]. The
PAPR is defined as the ratio of the peak instantaneous power to the average power:

maxe(o,T] |pr(l‘)|2

. 8.1)
L J 1xpn (012d1

PAPR{xpp (1)} =



8.2. Future research directions 157

To evaluate the PAPR across different modulation schemes, we consider the
relationship between the passband signal and its normalized baseband representation:

. K71 .
xpb (1) = Re {xp (€715} = Re{ Y xlk]g(t = kToymp)e/>"e! } (8.2)
k=0

where f; is the carrier frequency, g(¢) is the pulse-shaping filter and Tsymp is the symbol
duration. By stacking K transmitted symbols into a vector s = [s[0],...,s[K —1]] T, the
normalized baseband symbol vector x = [x[0],..., x[K — 1]] T for SCM, OFDM, and OTES
can be expressed as

Xsem = Ik, (8.3)
Xotdm = Fies, (8.4)
Xotfs = (F ® Ipp)s, (8.5)

where K = NM.

The PAPR of an OTFS waveform has been shown to increase with the parameter N [10].
Since OTFS coincides with SCM when N =1 and with OFDM when N = K, its PAPR
performance inherently lies between these two extremes. This relationship is validated
in Fig. 8.1, which illustrates the PAPR distribution, represented as a complementary
cumulative distribution function (CCDF), obtained from 5000 Monte Carlo iterations.
The results confirm that OTFS offers a more favorable PAPR profile compared to OFDM.
It should be noted, however, that the results in Fig. 8.1 assume that all entries in s are
equal-power quadrature phase-shift keying (QPSK) symbols. Specific pilot designs, such
as the ones discussed in Chapter 4, typically increase the PAPR.

Recall that, in the proposed pilot design, the transmitted symbol vector s consists of
data and pilot symbols, sq € CX¢ and sp, € CXp, respectively, with K = Kq + K}, such that

s=VaP®gsq+ /(1 - Q) Pdygs), (8.6)

where the selection matrices ®4 and ®,, define the allocation in the delay-Doppler
domain. The power allocation parameter « € [0,1] influences the waveform’s PAPR.
Decreasing a shifts more power toward the pilot signal. Because the impulse-like pilot
involves only a single non-zero entry in the delay-Doppler domain, this concentration of
energy leads to a significant increase in the PAPR, as shown in Fig. 8.2.

A potential remedy is to use a pilot signal with constant-envelope properties, such as
Zadoff-Chu (ZC) sequences. However, this introduces a trade-off: while such sequences
lower the PAPR, they deviate from the impulsive pilot structure required to achieve the
theoretical minimum mean squared error (MSE) in channel estimation. Future research
could explore the optimization of these sequences to balance PAPR with channel
estimation performance.

8.2.2. Extension to multiple receivers
In this dissertation, only single-input single-output (SISO) systems, utilizing a single
transmit and receive antenna, were considered. However, the communication system
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Figure 8.1.: Empirical CCDF of the PAPR for SCM, OFDM, and OTFS waveforms. Results
are obtained for K = 1000 QPSK symbols across 5000 Monte Carlo iterations.
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Figure 8.2.: Empirical CCDF of the PAPR for OTFS waveforms including pilot design.
Results are obtained for K = 1000 across 5000 Monte Carlo iterations and
three different power distributions.

could benefit significantly from the integration of an array of transmit and/or receive
antennas. The primary advantages of such configurations include the ability to direct
transmission energy along optimal propagation paths and to employ spatial filtering at
the receiver, thereby increasing the effective SNR.
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Figure 8.3.: SIMO-OTFS receiver architecture illustrating spatial filtering (in the frequency
domain) and path combination.

In the context of UWA communications, both multi-transmitter (i.e., multiple-input
single-output (MISO)) [11] and multi-receiver (i.e., single-input multiple-output
(SIMO)) [12], [13] architectures have been proposed for SCM and OFDM systems. To fully
exploit these gains, path angles (direction-of-arrival (DoA) and direction-of-departure
(DoD)) must be known or estimated. In practice, receiver-side processing is often
preferred, as estimating the DoA at the receiver is generally more feasible than acquiring
precise DoD information at the transmitter.

A promising direction for future work is therefore the extension of the proposed OTES
framework to a multiple-receiver configuration. Consider a scenario with P propagation
paths impinging on the receive array from P distinct angles. Given the wideband
nature of the signal, these paths can be separated via spatial filtering implemented as
a frequency-domain beamformer. A key advantage of this separation is that the delay
and Doppler spreads of an isolated path are significantly smaller than those of the
composite channel observed by a single receiver. Since the pilot design proposed in
this dissertation relies directly on these spreads (i.e., through L and Q), a SIMO-OTFS
architecture would enable a substantial reduction in pilot overhead. Fig. 8.3 illustrates
the general architecture of the envisioned SIMO-OTES system. The receiver has an array
of R antennas. The P paths are separated using frequency-domain beamforming, after
which the signals are synchronized on a per-path basis. Each individual “path signal” is
then converted to normalized baseband, after which the discrete paths are combined for
joint processing.

8.2.3. Adaptive resampling for block-based transmissions

The most straightforward method for compensating for motion-induced Doppler scaling
is to resample the received signal at the packet level, an approach adopted within
the framework of this dissertation. This method assumes that the (relative) platform
velocity remains approximately constant over the duration of the packet. However, for
long-duration packets or in high-dynamics scenarios, this assumption often fails to hold.

To address time-varying Doppler scales, several works in UWA communications have
employed adaptive resampling techniques [14], [15], [16], [17], typically implemented via
linear interpolation. These existing methods utilize SCM and rely on equalizer structures
that operate on a symbol-by-symbol basis, such as the decision feedback equalizer
(DFE). This symbol-level granularity allows the receiver to adapt the resampling rate
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dynamically as the packet progresses.

Extending these adaptive resampling techniques to block-based transmissions, such as
the OTFS framework proposed here, presents a significant challenge. Unlike SCM, where
equalization is local in time, OTFS spreads information across the entire time-frequency
grid, making it difficult to apply a time-varying resampling rate.

A direction for future work lies in exploiting the cyclostationary features inherent
in communication signals [18], [19], [20], which arise from periodic operations such
as pulse shaping. Doppler scaling manifests as a time-varying shift in the signal’s
cyclic frequencies (e.g., the symbol rate). By tracking the evolution of these cyclic
frequencies over the duration of the packet, the receiver could potentially estimate
the instantaneous Doppler scale. This estimate can then drive an adaptive resampling
process for block-based transmissions.
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Orthogonality of sequences of
V-OFDM/OSDM/OTFS

In this appendix we will show that the sequences of the orthogonal sequence division
multiplexing (OSDM) signal have zero periodic cross-correlation. Let the sequences be
defined by (f}, ® s;,), and let Pk be a cyclic permutation matrix of size K = NM.

First, note that the columns of a (I)DFT matrix are orthogonal, f, Hi”,*l2 =0, if n; # ny,
and remain orthogonal also after a cyclic permutation, thus we have,

£, "PREr =0, nmi#mp, Vke{01,...,K-1}. (A.1)
Then, note that the sequences are orthogonal, that is,
(£, ®80)" (E), ®8n,) = (€, '£,) ® (55, 's1,)
=0® (s, sp,) =0, ny#ny. (A.2)

We can rewrite the cyclic permutation matrix, Px = Iy ® Ly + Py ® Uy, where Ly, is
a cyclic permutation matrix of size M except for the top right element, which is zero,
and U, is a zero matrix of size M except for the top right element, which is one (thus
Pys =Ly + Uyy). For the sequences we can then show that,

(£, ® 8, Px (£}, @5p,) = (£, ®5,) Iy @ Ly + Py @ Up) (£}, ®5y,)
= (f,’;lH(IN + PN)f,’;Z) ® (5n, " (Lag + Up)si,)

=(0+0)® sy, (Las +Uppsp,)

=0 m # no. (A.3)
Thus the sequences remain orthogonal after a cyclic permutation. To show that the
sequences of OSDM have zero periodic cross-correlation, we have to show their

orthogonality for (all) multiple cyclic permutations. For two cyclic permutations we can
write,

Py =(Iy®Ly +Py®Uy)°

= (I3 ®L3) + (P, ® U5, + (Py ® Ly Upy) + (P ® UprLay). (A.4)
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Note that for any number of cyclic permutations, one can always write

2k
P =Y filly,Py) @ gi(Lar, Upp), ke(0,1,...,K—1}, (A.5)
i=1
where f;(In,Pp) is a function which depends only on Iy and Py, and g;(Lp;, Up) is a
function which depends only on Ly; and U);. Now we can show that the sequences of
OSDM have zero periodic cross-correlation,

(£, ®8,) PR (E, ®5,,) =
= (£, ®s,) Iy e Ly + Py @ Up) (£}, ®5p,)
2k

Z fidn,Pn)® g (LM,UM)] (£, ®Sn,)

i=1

= (f:"ll ® Snl)H

2k
= (f:llH fle) ® (San Z gl(LM!UM)] sn2)
2k
=0® (san Y gi(La, Upp)

i=1
i=1

=0 m#ny,Vke{0,1...,K-1}. (A.6)

2k
Y filln,Py)
i=1




Upper bound on the expected
channel estimation error matrix

We derive an upper bound as follows.
El(Hg - Hq) (Hy - Ho)"]

=E [Pd (¥4 (Hpp — Hpp) @q) (¥ (Hpp —Hpp) (Dd)H]

X

Q2 L
= [E[Pd ( Y Y (g L)Y En @ L) (AP (FY o 1))@y
q=-Q/21=0

Q/2 L H
( Y Z(cl,q—él,q)‘PE(FN®IM)(Aqu)(F1§®IM)®d)
q=-Q/21=0

Q2 I
:[E[Pd Y Y leng— gl x
q=—Q/21=0
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Diagonal matrix with K4 ones and (Rq — Kq) zeros

< P4E[tr((c-&)(c- &)™) Ig, (B.1)
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Expected effective channel matrix

We can write,

E [ﬁgﬁd] =E [Pd (‘PgﬁDD(Dd)H (‘PgﬁDD(Dd)]

Q2 L H
:[E[Pd( Y Zél,qwg‘(FN®1M)(AqP’)(F%®1M)q>d)
q=-Q/21=0
Q2 1L
x( Y Zél,q\P‘j(FN®IM)(A,,P1)(F‘§,®IM)<Dd)]
q=—Q/21=0

H
(wg By @Iy (A,P)(FY ® IM)cbd) (\P‘;(FN ® 1) (A, P (FH ®1M)<1>d)

Q2 L

=Py ), Y 0 Ik, (C.1)
G=—Q/21=0

Note that (due to the K4 ones on the diagonal) we have

R o Q2 1L
E[Ifql%] = tr (E[AYA4]) = PaKy q——zé/zzzoa%"“ = Pyo?,. (C.2)
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168 C. Expected effective channel matrix

Note that a%l is defined as
q

Elee") = [(03R;" +2"2) ' 2" (Zo+ wp) (Ze +wy) " Z (03RS +21Z) |

= (03R;"' +2"2) £ |2 (Zec" 2" + wyw;) | Z] (o3R; + 212)
1

(02R;" +217) " [2MZR.2"Z+ 7Ry, Z] (2R +27'Z)”

PSdiag([O’%OYO, . ..,O'(Z:L'Q]) + PPO'IZII(L+1)(Q+1)

1 2
+PPI(L+1)(Q+1))

4
cLQ

(U%diag ([U%O'U eees U%L‘Q])

4
PpUCOY 0 Ppo

= diag

eeey =dia ([a% ,...,O‘ZA ]) (C.3)
0121+U%0,0Pp U%l"'a%L,QPP ) 8 oo e



Selection matrices for the OTFS
system

This appendix details the construction of the selection matrices used in the orthogonal
time frequency space (OTFS) system. Let P(, € {0, 1HM*N and R(y €10, 1M*N denote
binary pilot and data allocation matrices in the delay-Doppler domain, respectively,
where an entry equal to one indicates that the corresponding delay-Doppler index is

assigned to a pilot or data symbol.

We define the corresponding selection vectors as p( = vec(Py,), r(, = vec(R, ), both of
length K = M N. The selection matrices are then constructed by retaining the columns of
the K x K identity matrix corresponding to the nonzero entries of the selection vectors.
That is, the pilot and data selection matrices are given by @) = ®,(p()), ¥y = ¥ (r))-

For the ‘Doppler slab’ (N = Q + 1) configuration we hence have:

Pﬂmn—{:
(Palm n-l—Pmmn—{:
mdmn={:
mdmn—l—mmmn:{:

ifm<sL+1)vm=M-(L+1)+1
otherwise,
f(L+D)+1<m<M-(L+1)
otherwise,

ifm<(L+1)

otherwise,

ifm=L+1)+1
otherwise,
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D. Selection matrices for the OTFES system

form=1,...,

form=1,...,

[Pd]m,n =1-

M, n=1,...

,N. For the ‘delay slab’ (M = L + 1) configuration we have:

lr
(P p]mn—{

[Pplim,n =

[Rplm,n =

[Rd]mn—l_ Rp]mn—

M, n=1,...,

N.

{
{
{

S = O =

(=

’

’

’

’

’

’

ifn=Q+Q/2+1vn=N-Q/2+1

. (D.5)
otherwise,
ifQ+Q/2+2<n<N-Q/2
tQ+Q " Q (D.6)
otherwise,
ifns(Q+1
ifn (Q ) D7)
otherwise,
ifn= D+1
ifn=(Q+1) D.8)

otherwise.



Derivation of the approximate
lower bound on the channel
capacity

This appendix derives an approximate lower bound on the channel capacity, given in
(6.28).

Let H; = H; — H;. The received communication signal is

Va = VaP¥ MHM"®4sq + ¥ MH,M"s + ¥ ] Mn
=VaP¥Y MAM @454+ VaP¥  MA; M @45y
+¥ MH,M"'s + ¥ ] Mn. (E.1)

The derivation of the approximate lower bound on the channel capacity is adapted from
the analysis in [1] (and variants were used in [2], [3]) and relies on upper bounds on
the interference-plus-noise terms together with a lower bound on the useful signal
component. These will be derived in the following subsections.

An equivalent representation of the communication system, corresponding to the
pipeline in Fig. 6.4, is shown in Fig. E.1. The analysis and resulting capacity lower bound
in [1] assume that the signal sq, channel error vaP'¥ ;M (H; +H,) MY ®g, and the noise
term
\/m‘l’gMHzMHd)psp +‘I’gMn are mutually independent, and have zero mean.
Since the latter two both depend on Hy, this assumption is not met, which is why we are
only able to obtain an “approximate” lower bound.
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172 E. Derivation of the approximate lower bound on the channel capacity

VaP®IM (H; + Hy) M 8, R,
i /"\ :
] = A AW : /\
Sq JA E V aP\I’dTMHlMH@d ’K/ rw E é » Yd
d: v g

Figure E.1.: Equivalent pipeline of the communication system. The top white box denotes
the influence of the channel estimation error and the data self-interference
through H,. The bottom white box denotes the influence of the useful
(estimated) channel.

Upper bound on channel estimation error

Let the channel estimator be given by (6.24) and let Py = aP and Pp = (1 - a)P. The
covariance of the interference-plus-noise term v, can be upper bounded:

Ry, = E |} MH,M"ss" MEY'M"'W, | + 021,

P
< max{ ?d,Pp} E[ W MHBIMI W, | + 021,

:max{ }‘PTM[E[HZHH]MH‘I’ +051R,
:max{— Pp}‘l’ M( Y o7 I)MH‘I’p+0f‘IRp
K lL,ge L
:max{P— Pp} 0'% Iz +O'IZIIR
K I Lq p p
—max{ PP}UHZIRP+U IRp’ (E.2)

where aH =) Ges Ucl and where we have used that E[ss"] < max{llz , P, }IK. Using
the upper bound on Rvp, the channel estimation error is bounded by

[E[(cl—él)H(cl—él)]=tr[(R— +ZR,1Z,) '

Clq
< ) 5 =0
2 d 2 2
Loez oy Pp+ max{ e ,Pp} Oy, 0n

2 By 2 2
a (max{Kd,Pp}crH2 +an)

where R¢, = E[c;cll].
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Upper bound on the interference-plus-noise term in yq

The received communication signal is
¥d =Hq,184 +Va, (E.4)

where Hg; = /Pg¥ MH;M" @4 and where vq = /Pq¥ ]MH;M" ®ys4 + ¥ MH,M"'s +
‘PdTMn collects the channel estimation error, the (unmodeled) channel interference and
the noise terms.

The covariance of the vector vq is then upper bounded as follows.

Ry, = E[vavy]
~ E[Pg¥W i MA,M" ®ysqs @ MATM w4
+E[¥ ] MH,M"ss"MH,M" W] + 0215, (E.5)

3 N P
<E[Pq¥ MM @ysgs] @  MA M W, + max{ ?‘; P, } 0, IRy + 051k,

Py o Py
< EW(]M[E [, A M + max{Fd,Pp}a%IZIRd + 021, (E.6)

In (E.5), we neglect the cross-covariance terms between the channel estimation error and
the unmodeled interference, which are non-zero due to common dependence on Hy, but
are assumed small compared to the dominant diagonal terms. We further rewrite the
term E [H; Y|

H
E[mAY]=E Y (erg- AP
(LeZL

( Y (ciq—E,g) AP
(Lg)eZL

=E[@& —en" (@& -]k

+E Z (Ct,q1 = C1y,q)) (Cly, gy = élzﬂz)*AqliqZPlrlz]
(I1,q1)#2,42)
N A H/a 2
= E[@ —c) @ —e)]Ik < oglk. (E.7)

Note that ai.l was defined in (E.3). Here the approximation neglects the cross terms of

the channel estimation error. These terms are non-zero because E[(c — &) (c — &)"] is not
diagonal due to interference through Hp.

Substituting (E.7) into (E.6) we obtain

Ry, 5(P—o- +max{&,Pp}cr§I +Ui)IR . (E-8)
d K H Kd 2 d
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Lower bound on power in the effective channel matrix Hq ;
Next we bound the power in the effective channel matrix Hg ;. First note that

E [ﬁglﬁd'l] = E[Pg®] MAMP W 9] MA, M @

H
:Pdcl)dTM[E[( y éllqA”’Pl) M\Pd\PdTM( Y é,,qA‘?P’)]MHcpd

(Lg)es (L)L
_ A 121pH A Ak H
=Pq4 Z [E“Cl,q' ]rl,qu,q + Py Z E [Cll,ql Clz,qg] rll,qlrlz,qz
(Lgez h#b,qi#q2
=~ Pq Y, E[leqP]T) T1q=PaE[&e1] 1k, (E.9)

(LgeL

where I, = ‘PdTMAquMH(Dd, and where we have used that I‘ilql‘l,q =1Ig,. The
approximation neglects the cross terms of the channel tap estimates. These terms are
non-zero due to the interference through H,.

The expected power in the effective channel matrix can hence be lower bounded by

ElBq113) = tr (€ [Bl B, ] ) = PaKatr (E[e'e]) = Pao?, (E.10)
where we have used that
-1
tr (E [ee"]) = tr ((Rg} +ZiR,17,) ZII;IR;;ZP)

4

P,
P
> ”'; . (E.11)
Lpe 02, ot max{fj,Pp} 0%12 +0%
and hence we define
4
¢, Pp
02 = Kq - i —. (E.12)
e og, Pp+ max{fj, Pp} Of, *On
Approximate lower bound
The channel capacity for this system can be approximately lower bounded by
C=En max — #(yq;84/C1)
Psq (), Elllsqll31=1
=Eq max logdet (IRd +R;d1ﬁd,1[E[sdsdH]ﬁgll)
Psq (), '
Elllsqll31=1
1 .. .
-1 H
=[Ey 10g2 det (IRd +RVd FdevIHd,l)
ﬁglﬁdvl
>[Eg 10g2 det IKd + ‘Deff:\—z = g, (E.13)
E |[Fa 5]
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where

Peft = N A (E.14)
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Finite state machine (FSM) for
the basin experiment

Start

|

STATE 1:
Send probe signal

Reset
STATE 2:
Receive config

“config received' ==
FALSE

<)

‘config received' =

TRUE
STATE 3: gser input —
Send communication user inpu
TRUE
packet

(a) FSM run at transmit (Tx) PC.

Start

STATE 1:
Receive probe signal

“probe received' ==
FALSE

‘probe received' ==
TRUE

STATE 2:

Reset
ese Send config

STATE 3:
Receive commumcatmu
packets

(b) FSM run at receive (Rx) PC

Figure E1.: Diagrams of the FSMs used to execute the protocol during the basin

experiments.
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Physical quantities
Constants

Symbol Units
c ms~

Variables

Symbol
fe 57!
s s

Tsymb S

Mathematical notation
Sets

Notation
N

N4

Zz

R

RN
RNXM

C

CN
CNXM

Scalars, vectors and matrices

Notation
a

a

A

Iy

On

Glossary

Description
Speed of sound

Description

Carrier frequency
Sampling frequency
Symbol period

Description

Natural numbers

Positive natural numbers
Integer numbers

Real numbers

Real vectors of length N
Real matrices of size N
Complex numbers

Complex vectors of length N
Complex matrices of size N

Description

Scalar (lowercase letter)
Vector (bold lowercase letter)
Matrix (bold uppercase letter)
N x N identity matrix

Zero vector of length N
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180 Glossary
OnxMm Zero matrix of size N x M
1y Ones vector of length N
Inxm Ones matrix of size N x M
Fy Normalized discrete Fourier transform (DFT)
matrix of size N x N with elements [Fylg , =
1 -2mj kn
we o
Operators
Notation Description
® Kronecker product
o) Khatri-Rao (columnwise Kronecker) product
o Hadamard (elementwise) product
ON Complex conjugate
Ol Transpose
(HH Hermitian (conjugate transpose)
Functions
Notation Description
det(A) Determinant of matrix A
diag(a) Diagonal matrix with a on the diagonal
diag(A) (Column) vector with diagonal elements of A
log(a) Natural logarithm
tr(A) Trace of matrix A
vec(A) Vector of columns of A
vec ! (a) Inverse operation of vec(A)
[lall; /1-norm of the vector a
[lal|» ¢,-norm of the vector a (Euclidean norm)
Random processes
Notation Description
E[] Expected value of a random variable
N, Z) Gaussian distribution with mean g and covari-
ance X
€N (u,X) Complex Gaussian distribution with (complex)
mean g and (complex) covariance X
Abbreviations
AUV autonomous underwater vehicle
AWGN additive white Gaussian noise
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AMC
API
BEM
CCDF
CE-BEM
BER
BPSK
CIR

CP

CRB
CSI

DD
DFE
DFT
DLL
DoA
DoD
DSFT
FRSS
FSM
GFDM
ICI
IDFT

1P

ISI

LAN
LFM
LMMSE
LPF

LTI

LTV
MIMO
MISO
MMSE
MSE
m-sequence
OFDM
A-OFDM

V-OFDM

OSDM
D-OSDM

OTES

adaptive modulation and coding
application programming interface

basis expansion model

complementary cumulative distribution function
complex exponential basis expansion model
bit error ratio

binary phase-shift keying

channel impulse response

cyclic prefix

Cramér—Rao bound

channel state information

delay-Doppler

decision feedback equalizer

discrete Fourier transform
delay-locked-loop

direction-of-arrival

direction-of-departure

discrete symplectic Fourier transform
frequency-repetition spread spectrum

finite state machine

generalized frequency division multiplexing
intercarrier interference

inverse discrete Fourier transform

internet protocol

intersymbol interference

local area network

linear frequency modulated

linear minimum mean squared error
low-pass filter

linear time-invariant

linear time-variant

multiple-input multiple-output
multiple-input single-output

minimum mean squared error

mean squared error

maximum length sequence

orthogonal frequency division multiplexing
asymmetric orthogonal frequency division multi-
plexing

vector orthogonal frequency division multiplex-
ing

orthogonal sequence division multiplexing
Doppler-resilient orthogonal sequence division
multiplexing

orthogonal time frequency space



182 Glossary
PAPR peak-to-average power ratio
PDR packet delivery ratio
PLL phase-locked-loop
PRN pseudo-random noise
QAM quadrature amplitude modulation
QPSK quadrature phase-shift keying
RF radio-frequency
RLS recursive least squares
Rx receive
SCM single-carrier modulation
SIMO single-input multiple-output
SINR signal-to-interference-plus-noise ratio
SISO single-input single-output
SNR signal-to-noise ratio
TRL technology readiness level
Tx transmit
UWA underwater acoustic
ZC Zadoff-Chu
ZF zero-forcing
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