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Preface

The Earth is a blue planet. Approximately 71 % of the Earth’s surface is covered
by ocean, which corresponds to an area of 361 million km?> and a volume of
1.3 billion km®. Most of this vastness is unexplored and remains a mystery. To
explore the intriguing world undersea, the need for robust and reliable underwater
wireless networks is rapidly growing. Among the various means of communications,
underwater acoustic communications (UAC) is widely considered as the most
feasible option at reasonable distances. The earliest UAC arises from the military
need. During World War II, UAC is used for communications among submarines,
and the analog single-sideband suppressed-carrier amplitude modulation is adopted.
In the 1980s, the noncoherent frequency shift keying (FSK) digital modulation is
widely used. However, FSK has very low data rate. In the 1990s, to achieve higher
data rate, UAC research is gradually shifted to the phase-coherent communications
with high receiver complexity to handle the large delay spread of underwater
acoustic (UWA) channels. Over the last decade, the advance of UAC includes the
implementation of the multiple-input and multiple-output (MIMO) communications
which can improve the data rate and the reliability of UAC and orthogonal
frequency-division multiplexing (OFDM) communications due to its low receiver
complexity, capability of inter-symbol interference (ISI) removal, and robustness
against large delay spread. This monograph focuses on another promising technique
for the future UAC, namely, cooperative communications with the benefits of
improving the transmission reliability and distances. With OFDM adopted as the
physical layer transmission technique, many different aspects of cooperative UAC
are covered by this monograph such as power allocation, decomposed LT (DLT)
codes design, and packet transmission reliability.

The chapters of this monograph are relatively independent with each other. The
readers can go directly to the chapter(s) of interest. The monograph starts with
the motivation and the literature review of cooperative OFDM UAC in Chap. 1.
The UWA channel modeling is introduced in Chap. 2. The adaptive system design
including optimal power allocation and distribution for the short-range relay-
aided (RA-)UAC is studied in Chap. 3. The medium-long-range asynchronous relay
selection protocol is investigated in Chap. 4. The energy-efficient hybrid (h-)DLT
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codes design for RA-UAC is presented in Chap. 5, and this chapter also includes
a statistical polynomial decomposition algorithm to facilitate the h-DLT codes
decomposition. The effective mirror-mapping-based ICI cancellation for OFDM
transmission in RA-UAC is provided in Chap. 6.

This monograph is designed for professionals and researchers in the field of
UAC. Advanced-level students in electrical engineering or computer science will
also find this monograph useful.

We would like to thank Dr. Rui Cao, Dr. Fengzhong Qu, Dr. Miaowen Wen, and
Dr. Dongliang Duan for their much help in the research. We also want to express
our thanks to Dr. Mahmood R Azimi-Sadjadi, Dr. J. Rockey Luo, and Dr. Haonan
Wang for their valuable insights and comments. Finally, we would like to thank the
continued support from the National Science Foundation.

Fort Collins, CO, USA Xilin Cheng
Fort Collins, CO, USA Liuging Yang
Beijing, China Xiang Cheng
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Chapter 1
Introduction

Underwater acoustic sensor networks (UWASN) have been attracting growing
research interests in recent decades due to the emerging applications [1, 2]. For
the environmental monitoring purpose, UWASN can perform real-time pollution
monitoring of streams, lakes, ocean bays, drinking water reservoirs, local ponds,
etc. For the undersea and offshore oil exploration, UWASN can perform oil leakage
detection, equipment monitoring, and seismic imaging. For the military application,
UWANSN can be used for tactical target identification and intrusion detection. In
addition, UWASN can help understand biological behaviors under different water
conditions. To realize UWASN, underwater acoustic communications (UAC) is one
of the key communication techniques. In this chapter, we first briefly review UAC
and its challenges. Then, cooperative orthogonal frequency-division multiplexing
(OFDM) communications is introduced to address these challenges, and we focus on
the design of the dual-hop relay-aided (RA-)UAC from three aspects, namely, power
allocation, decomposed fountain codes design, and packet transmission reliability.
Finally, the organization of this monograph is given at the end of this chapter.

1.1 Underwater Acoustic Communications
and Its Challenges

Due to the difficulty and high cost of underwater cable deployment and the necessity
of sparse network topology to monitor a massive area of ocean, wireless commu-
nications is preferable for sensor communications. Among all available wireless
media, the radio-frequency (RF) waves used in terrestrial wireless communications
can only propagate about several meters underwater, and the optical waves can
only support underwater communications around tens of meters. In contrast, the

© Springer International Publishing Switzerland 2016 1
X. Cheng et al., Cooperative OF DM Underwater Acoustic Communications,
Wireless Networks, DOI 10.1007/978-3-319-33207-9_1



2 1 Introduction

underwater acoustic (UWA) signals can propagate over several kilometers. This
makes acoustic waves more attractive than other information carriers. Thus, UAC is
one of the key communication techniques to realize UWASN.

The particular features of acoustic signal propagation and underwater environ-
ments bring formidable challenges to UAC. First, the acoustic signal is characterized
by low carrier frequency and distance-dependent bandwidth. This significantly
limits the capacity and increases the transmit power of UAC, especially at long
transmission distances [3]. Secondly, the large delay spread resulting from the
multipath nature of UWA channels causes frequency-selective fading and inter-
symbol interference (ISI). Thirdly, as the propagation of UWA waves is very slow
(c & 1500 m/s), the propagation delay is much longer than that of RF waves. In
addition, the environmental factors such as ocean waves, water temperature, salinity,
etc. induce high delay variance. Long and variant delay can hamper effective
channel state information (CSI) feedback, accurate time synchronization, and well-
coordinated medium access [4, 5]. Finally, large Doppler shifts caused by motion
and ocean waves lead to error-prone fast time-varying UWA channels [6]. Therefore,
the transmission and networking protocols designed for RF systems cannot be
directly applied to UAC systems, and the redesign of UAC protocols needs to
achieve reliable and energy-efficient data transmissions.

1.2 Cooperative OFDM Communications
over UWA Channels

Cooperative relay communications can reduce power consumption and extend
transmission distances by dividing a long transmission link into short links with
much lower signal attenuation [7, 8]. Therefore, it is promising to design future UAC
[9]. In literatures, there have been several research articles about its applications in
UAC. In [5], the time-reversal distributed space-time block coding scheme is pro-
posed. In [10, 11], the decode-and-forward (DF) relaying schemes are investigated.
All of [5, 10, 11] validate the benefits of relay-aided system over the single-hop
system. Other topics about RA-UAC include two-way relaying, and relay position
and frequency optimization. In [12], the two-way relaying is considered, and the
information of two sources is exchanged via a relay. The decoding algorithm at the
relay is investigated through a sea trial. In [13], the relay position and the carrier
frequency are jointly optimized for a multi-hop line network to improve the energy
efficiency of UWASN.

In this monograph, we consider dual-hop RA-UAC and different approaches to
improve its energy efficiency and reliability. OFDM is adopted as the physical-layer
transmission technique due to its capability of ISI removal and robustness against
large delay spread.

First, we investigate the power allocation of dual-hop relay communications, i.e.,
the transmit power at the source and the relay is allocated according to CSI, to
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improve the system reliability or reduce the total transmission power consumption
without sacrificing the overall system performance. Two transmission scenarios are
considered. The first scenario we examine is the short-range communications (< 1
km). For the short-range RA-UAC, the direct-link (DL) signal is usually strong.
The need of cooperative communications arises when the source cannot directly
communicate with the destination due to the blocking between them, and the relay
is utilized to assist communications between the source and the destination. For this
scenario, an adaptive system is developed based on instantaneous CSI in Chap. 3.
The second scenario we examine is the medium-long-range communications (3> 1
km). For the medium-long-range RA-UAC, there could be multiple potential relays
between the source and the destination, and the weak DL strength motivates the
utilization of RA-UAC. For this scenario, a selective relaying protocol is designed
based on statistical CSI in Chap. 4.

Secondly, we focus on the energy-efficient decomposed fountain codes design for
dual-hop RA-UAC. Forward error correction (FEC) codes are commonly adopted
in dual-hop relay communications, among which Luby Transform (LT) codes are
favorable because of their low-complexity decoder and rate adaptability to erasure
channels. Moreover, as LT codes require no or few acknowledgments (ACK) from
the receiver, LT codes can reduce the end-to-end transmission latency substantially
considering the slow propagation speed of the UWA signals. To alleviate the high
computational cost in the primitive LT-based cooperative communications, hybrid
decomposed LT (h-DLT) codes are proposed recently [14]. By dispersing the
computational cost of LT codes into the source and the relay, the computational
cost of both nodes can be reduced considerably. However, there are some practical
limitations. First, the nonnegative decomposition algorithm developed for h-DLT
codes construction has no control of decomposition accuracy. Secondly, the cooper-
ative relay communications protocol based on the original h-DLT codes can induce
high communication cost. Therefore, we present a novel stochastic nonnegative
polynomial decomposition algorithm which achieves simpler implementation and
higher decomposition accuracy for h-DLT codes construction in Chap. 5. Based on
the new algorithm, a new type of h-DLT codes is proposed for cooperative relay
communications to enable reliable communications with higher energy efficiency.

Finally, OFDM communications in UWA channels suffers from intercarrier
interference (ICI) caused by the Doppler effect. To improve the reliability of
packet transmission in RA-UAC, we propose four low-complexity effective mirror-
mapping-based ICI cancellation schemes without explicitly estimating ICI coeffi-
cients or carrier frequency offset (CFO) in Chap. 6.

Our designs about power allocation, decomposed fountain codes, and reliable
packet transmission in dual-hop RA-UAC are detailed in the following.

1.2.1 Power Allocation of Short-Range RA-UAC

In terrestrial radio channels, the adaptive power allocation has been investigated in
[15, 16]. However, the unique characteristics of UWA channels hinder the direct
implementation of the adaptive power allocation techniques. First, UWA channels
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are fast time-varying due to large Doppler shifts, and the channel impulse response
could totally change during the feedback signal propagation. This differs from the
prevailing quasi-static channel assumption in terrestrial radio channels. Secondly,
UWA channels have very limited bandwidth. Therefore, the full CSI transmission
and exchange are impractical, e.g., it is not reasonable to assume the destination has
full CSI of the source-to-relay (S-R) channel. In literatures, there are preliminary
results reporting the adaptive power allocation in RA-UAC [17, 18]. However, none
of them properly address the two issues above.

To overcome the adverse effect brought by UWA channels, we investigate the
adaptive power allocation and propose an adaptive RA-UAC system tailored for
UWA channels in Chap. 3. The amplify-and-forward (AF) mode is chosen at the
relay for simplicity. First, with individual and total power constraints, we study
the optimal power allocation between the source and the relay as well as the
power distribution over all subcarriers for AF relaying. The Karush-Kuhn-Tucker
(KKT) conditions are utilized to solve the power optimization problem, and the
optimality of the derived solution is validated. Theoretical analysis reveals that the
optimal power allocation ratio at a subcarrier is proportional to the reciprocal of the
channel gain ratio, and numerical results confirm that RA-UAC with the optimal
power allocation has better performance than RA-UAC with the uniform power
allocation. It is also found that the individual power constraints restrict the power
allocation for the unbalanced links. Secondly, we implement channel prediction to
compensate the channel variation during the CSI signal propagation. To combat
the channel variation during the feedback signal propagation, Doppler shifts are
estimated and compensated at the relay and the destination to convert the fast time-
varying UWA channels to the slow time-varying UWA channels, and the standard
recursive least squares (RLS) adaptive filter is utilized to predict the future channel
impulse response [19-22]. The effect of the channel estimation error is considered,
and the mean square error (MSE) of the RLS adaptive filter under the wide-sense
stationary channel assumption is derived. It is demonstrated that the MSE with
channel prediction is smaller than the MSE without channel prediction. Moreover,
it is found that the performance of the adaptive RA-UAC system without channel
prediction degrades a lot compared with the theoretical performance of the optimal
power allocation, and the adaptive RA-UAC system with channel prediction does
improve the performance substantially. Finally, we design a practical adaptive RA-
UAC system. In the system, the relay and the destination predict the future channel
impulse response, and the channel impulse response is quantized into a few bits
efficiently using the Lloyd algorithm to adapt to the band-limited UWA channels
[23]. After receiving quantized CSI, the source and the relay calculate their power
allocation and transmit OFDM symbols accordingly. In addition, it is demonstrated
that the proposed adaptive power allocation scheme is more suitable for shorter
transmission distances as the channel impulse responses are predictable. It is worth
noticing that the design methodology can be directly applied to other adaptive UAC
systems such as DF relaying.
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1.2.2  Power Allocation of Medium-Long-Range RA-UAC

Different from the short-range RA-UAC, the long propagation delay in medium-
long range RA-UAC could nullify the instantaneous CSI feedback even if the
Doppler compensation is implemented at the receiver side. Thus, we assume
transmitter-side instantaneous CSI is not available, and statistical CSI is utilized
when calculating the power allocation of medium-long-range RA-UAC [24].

Our focus of medium-long-range RA-UAC is the protocol design. In [8], a RA-
UAC protocol, i.e., asynchronous AF relaying with precoded OFDM (AsAP), is
designed to combat time asynchronism and achieve reliable data communications.
In this scheme, the asynchronous AF relaying solves the time synchronization
difficulty and facilitates relay processing. All relays amplify and forward the
received signal to the destination asynchronously without any time coordination.
Additionally, precoded OFDM resolves the frequency selectivity issue of UWA
channels. However, there are still two design factors in the original AsAP protocol
that can degrade the system performance. First, fixed amplification is adopted at
the relays, and the transmit power is uniformly allocated among the source and the
relays. Although this simplifies the system implementation, the end-to-end system
performance is constrained. Secondly, the processing delay at the relays is not
considered. As there will be at least one OFDM symbol processing delay at the
relays for the frequency domain (FD) amplification, the DL signal could cause
serious interference toward the relay-link (RL) signals.

To overcome the two issues of the original AsAP protocol, we redesign the AsSAP
protocol for medium-long-range UAC in this monograph in Chap. 4. Different from
the original AsAP protocol, adaptive amplification based on instantaneous S-R CSI
in the FD is adopted, and the DL and RL signals are combined using maximum
ratio combining (MRC) to collect delay diversity. The transmit power allocation
of the AsAP protocol is investigated based on statistical CSI. Analytical results
suggest only the relay with the maximum effective signal-to-noise ratio (SNR)
transmits while other relays keep silent. This corresponds to the selective relaying
scheme based on statistical CSI. According to this observation, we propose an
AsAP protocol with selective relaying (SR-AsAP). Different from the traditional
relay selection protocol, the SR-AsAP protocol selects the relay which has the best
channel condition statistically, and the selected relay keeps on transmission, similar
to the single relay system. In addition, to avoid interference between the DL signal
and the RL signal, we design a new asynchronous transmission scheme for the SR-
AsAP protocol, where the source first transmits a batch of OFDM symbols to the
relay with a preamble and a postamble attached to facilitate the relay determining
the starting and ending points of the received OFDM symbols, and then the received
OFDM symbols at the relay are amplified and forwarded to the destination. In
this way, the DL and RL signals are separated naturally in the time domain (TD).
Analytical and simulation results reveal that the transmission efficiency of the SR-
AsAP protocol could reach 1/2. To verify the benefits of the SR-AsAP protocol, we
simulate the error performance and compare it with the DL system and the AsAP
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protocol with all relay transmissions. Simulation results show that the proposed SR-
AsAP protocol outperforms the DL system and the AsAP protocol with all relay
transmissions.

1.2.3 Decomposed Fountain Codes Design for RA-UAC

Because of the error-prone transmissions and the long propagation delay in UWA
channels, fountain codes which are rate adaptable to erasure channels and require
no or few ACKs are very attractive for UAC.

In the literatures, fountain codes are proposed to improve the communication
reliability and reduce the end-to-end latency of dual-hop relay communications.
In [25-27], independent fountain encoding is adopted at each hop to ensure the
dual-hop transmission reliability. As the relays need to decode and re-encode each
received packet, high computational cost is incurred at the relays. To address this
issue, concatenated encoding is adopted in [28-31], where the relays simply apply a
second-layer encoding to the fountain-coded data from the source without decoding.
However, this can give rise to significant decoding complexity at the destination. In
order to reduce the computational cost while retaining the communication reliability
on both links, the concept of decomposed fountain codes has been proposed.
Typically, the decomposed fountain codes consist of two-layer data encoding which
can be performed collaboratively by the source and the relays. The first Decomposed
Luby Transform (DLT) code is proposed in [32], which is a special case of DLT
codes with the second-layer encoding degree fixed to 2 or 4. Analyses in [33] show
that the asymptotic performance of DLT codes with two-layer random encoding is
the same as that of the non-decomposed LT codes.

The key challenge of the DLT codes is the codes degree distribution design, i.e.,
how to decompose the degree distribution polynomial (DDP) of LT codes u(x) into
one DDP for the source encoder 6(x) and one DDP for the relay encoder w(x), such
that w(6(x)) resembles w(x). Nonnegative polynomial decomposition is very chal-
lenging. In the literature, existing research has revealed that exact decomposition
does not always exist for arbitrary degree orders [34]. The approximate polynomial
decomposition algorithms could not guarantee nonnegative decomposition solutions
and optimality [35]. In [32], the first nonnegative decomposition algorithm of DLT
codes is proposed, where a smooth portion of Robust Soliton distribution (RSD)
is decomposed using the deconvolution method and selective combination of the
source packets is adopted at the relay such that the generated packets follow the
RSD. However, the decomposition algorithm is designed only for the relay encoder
with DDP w(x) = vazl wix', N = 2 or 4. In addition, the deconvolution method
does not utilize high-order target DDP information, which could result in the
decomposition with poor match at the high-order terms and the sum of the generated
probability distribution over all degrees less than 1. In [33], the decomposition
problem is simplified to find w(x) only, which can be optimized through simple
linear programming. However, 6(x) has to be a priori known.
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To enable more general codes decomposition, in [14], h-DLT codes are studied
with the merits of flexible computational cost allocation between the source and
relay encoders. The h-DLT codes conduct the data encoding in two modes: one-
layer direct LT mode and two-layer cooperative DLT mode. In the direct LT
mode, the packets are generated only by the first encoder and directly forwarded
to the destination once selected at the relay encoder; while in the cooperative
DLT mode, each packet is encoded by both encoders. By adjusting the mode
ratio, the h-DLT codes can control the encoding cost allocation between the
source and relay encoders. Through two-layer encoding at the source and the
relay, the received packet at the destination follows the exact DDP as the RSD,
which renders the low-complexity decoding. However, the original h-DLT codes
proposed in [14] have some limitations in practical implementation. First, the codes
decomposition algorithm, namely, the nonnegative-range method, has no control
of decomposition accuracy, and valid decomposition is not always guaranteed.
Secondly, the cooperative relay communications scheme based on this h-DLT code
is energy inefficient. The second-layer DDP of the original h-DLT codes has high
average encoding degree. Thus, a large number of packets need to be sent from
the source to assure sufficient amount of packets for the destination decoding. This
induces high communication cost.

In this monograph, we design a new type of h-DLT codes for cooperative relay
communications with improved energy efficiency and accuracy in Chap. 5. First,
we propose a novel and general stochastic nonnegative polynomial decomposition
algorithm. The proposed decomposition algorithm consists two phases to minimize
the fitting error of the resultant DDP and the target DDP. The projected gradient
method in the first phase aims at locating the stationary point from a given initial
point, while the multistart method searches all the stationary points by means of
implementing the projected gradient method at randomly selected initial points.
Through the two phases, the new algorithm minimizes the decomposition error
and can always obtain a valid decomposition result. Numerical results confirm
that the proposed nonnegative polynomial decomposition algorithm can achieve
higher decomposition accuracy compared with the nonnegative-range method [14].
Secondly, with this new algorithm, we propose a more efficient h-DLT codes [36]
for cooperative relay communications. The new h-DLT codes tend to assign the
DDP with lower average encoding degree to the relay encoder. This means that the
packets needed from the source will be largely reduced. Thus, the communication
cost can be lowered considerably. For presentation clarity, we name the original
h-DLT codes in [14] as h-DLT I codes and the newly proposed h-DLT codes as h-
DLT II codes. The performance of h-DLT II codes is simulated and compared with
the primitive LT code and DLT codes. Then, the efficiency of the h-DLT II codes
assisted cooperative communications protocol is evaluated in terms of the average
number of transmissions per packet, and the benefits of h-DLT II codes assisted
cooperative relay systems are illustrated through comparison with h-DLT I codes
assisted cooperative relay systems. Finally, the effects of several system and design
parameters are also revealed including the storage schemes and size at the relays,
the hybrid mode ratio, and the number of relays.



8 1 Introduction

1.2.4 Reliable OFDM Transmission in RA-UAC

OFDM has recently attracted great interests from researchers in the field of UAC due
to its capability of combating ISI caused by large delay spread [37-51]. The key
principle of OFDM is that the wideband time-invariant channel is converted into
multiple orthogonal flat fading sub-channels, and modulated symbols transmitted
over different subcarriers do not interfere with each other. However, for UWA
channels, the Doppler effect is usually very severe due to the transmitter/receiver
motion and ocean waves, which result in rapidly time-varying behaviors. The time-
varying features of UWA channels would then destroy the orthogonality among
subcarriers and lead to ICI. To ensure reliable packet transmissions in UWA
channels, ICI has to be suppressed to an acceptable level.

In the literature, there are mainly three categories of ICI suppression methods.
In the first category, the basis expansion model (BEM) has been considered for
ICI mitigation in some work [46—48]. However, the BEM coefficient estimation
introduces additional computational burden at the receiver. In the second category,
the ICI is treated explicitly by first estimating the ICI coefficients followed by
various ICI cancellation algorithms (see, e.g., [37, 38, 52-54]). This strategy is
robust against wide Doppler spread. However, it usually requires significant modi-
fications on the traditional OFDM transceiver and greatly increases the complexity.
Therefore, in the third category, another low-complexity strategy is taken to treat
ICI implicitly. In [39-45], it is believed that ICI can be eliminated by received
data resampling and Doppler shift compensation. These receivers do not need to
estimate the ICI coefficients and thus facilitate low-complexity channel estimation
and symbol detection. However, additional null subcarrier overhead, exhaustive
search, and/or iterative operations are often involved. In [55], the adjacent-mapping-
based ICI cancellation method is proposed. Each data symbol is transmitted in two
adjacent subcarriers. Depending on the conversion or the conjugate relation between
adjacent subcarrier pairs carrying the same information, there are the adjacent
symbol repetition (ASR) scheme and the adjacent conjugate symbol repetition
(ACSR) scheme. These schemes can implicitly cancel ICI by combining received
signals on adjacent subcarrier pairs. However, for both schemes, ICI has not been
sufficiently suppressed, and there still exists residual interference from neighbor
subcarriers.

In Chap. 6, we also adopt the rationale of the third category and attempt to
bypass the ICI coefficient estimation during the ICI cancellation process. Inspecting
the ICI coefficients of the plain OFDM systems, we find that for any particular
subcarrier, there is a very interesting relationship between the interference from
mirrored subcarrier around. Based on this observation, we exploit data repetition
within OFDM symbols according to some carefully designed subcarrier mapping
rules and operations such that after combining the subcarrier pairs carrying the
same information, the carrier-to-interference power ratio (CIR) can be significantly
improved. The resultant ICI cancellation schemes feature the simplicity of imple-
mentation and the effectiveness of ICI mitigation.



1.3 Organization of the Monograph 9

There are two options to implement data repetition and the desired mirror-
mapping operation. One is a self-cancellation approach, where the data is repeated
within one OFDM symbol by mirror-mapping, and the other one is a general
two-path cancellation approach, where the data is repeated across two consecutive
OFDM symbols. Compared with the self-cancellation approach, the latter one is
conveniently compatible with the traditional OFDM transceiver design without
any modifications. Detailed comparisons are made analytically and by numerical
results and experiments. After data repetition, due to the property of the ICI
coefficients, one also has two options to process the mirror-mapped data, including
the conversion and conjugate operations. Combining all these options, we have
four schemes in total, namely, the mirror symbol repetition (MSR) scheme, the
mirror conjugate symbol repetition (MCSR) scheme, the mirror conversion trans-
mission (MCVT) scheme, and the mirror conjugate transmission (MCJT) scheme
[56-58]. For comparison purposes, we derive closed-form expressions of their
CIRs. The CIR analyses and numerical results show that significant ICI cancellation
can be achieved compared with the plain OFDM and the adjacent-mapping-based
schemes, and the CIR expression for flat fading channels is identical to that
for additive white Gaussian noise (AWGN) channels. Furthermore, we find the
underlying relationship between the two options to implement the data repetition,
namely, the self-cancellation schemes and the two-path cancellation schemes. In
addition, the effects of channel length and CFO deviation between two consecutive
OFDM symbols are investigated. It is found that the two-path cancellation schemes
are sensitive to the CFO deviation and the CIR performance of the conversion-
based schemes degrades with large channel length. Therefore, the scheme selection
depends on the actual system requirement and the channel condition. Finally, all four
schemes have been tested in a recent sea experiment conducted in Taiwan in May
2013. Decoding results confirm that all proposed schemes significantly improve the
OFDM UWA system performance.

1.3 Organization of the Monograph

The organization of this monograph is as follows. The UWA channel modeling is
introduced in Chap. 2. The short-range RA-UAC with the adaptive power alloca-
tion is studied in Chap. 3. The medium-long-range asynchronous relay selection
protocol is investigated in Chap. 4. The energy-efficient h-DLT codes design for RA-
UAC is presented in Chap. 5. The effective mirror-mapping-based ICI cancellation
for OFDM transmission in RA-UAC is provided in Chap.6. A summary and
discussion of future works are presented in Chap. 7.
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Chapter 2
Underwater Acoustic Channel Models

In this chapter, we introduce two prevailing UWA channel models, namely, the
empirical UWA channel model and the statistical time-varying UWA channel model,
to capture the features of RA-UAC systems from different aspects. In addition, the
relationship between the coherence time and transmission distances is also explored
to reveal the fundamental difference between the short-range UAC and the medium-
long range UAC.

2.1 Empirical UWA Channel Model

The empirical UWA channel model is measured through sea trials. The signal
attenuation A of a path is dependent on both distance d and subcarrier frequency fi:

A(d.f) = da(f)’, 2.1)

where e is the path loss exponent reflecting the geometry of acoustic signal
propagation. We adopt e = 1.5 for practical spreading. The frequency dependency
is captured by a(f;), which is given by Thorp’s formula [1] in dB/km:

0.112 44?2

+2.75-107*£2 4+ 0.003. 22
L+f2 4100 + f? % 2.2)

10loga(fy) =

In (2.1) and (2.2), frequency f; is in kHz.
In addition, the noise variance is also frequency-dependent and empirically
modeled as

101log N () = N1 — nlog(f) + 101log Af, (2.3)
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where A and 7 are constants with empirical values i = 50 dB re pPa per Hz and
n = 18 dB/decade, respectively. Frequency f; is in kHz, and the subcarrier spacing
Af is in Hz.

2.2 Statistical Time-Varying UWA Channel Model

Due to the slow propagation of UWA waves, signals reflected from the sea surface
and bottom arrive at the receiver with distinct delays. This results in a sparse
multipath channel [2, 3]. We consider the long-term path loss and the short-term
random fading to model the discrete-time baseband UWA channels. The long-
term pass loss is modeled as a deterministic discrete-time UWA channel A =
[0,--- ,f_zlo, 0,--- ,}_z,l 0, ,ljllL”Zf] 17, within which only L. taps are nonzero. Each
nonzero tap hy, [ € {ly,--- ,11,.—1} corresponds to the pass loss of the /th arrival
with delay ©; = [At, where At = 1/B is the tap length and B is the system
bandwidth. The randomness of nonzero taps is modeled as independent Rayleigh
fading [4, 5]. The resultant channel coefficients are given as an L x 1 vector h =
[0,---, Ry, 0, by, 0, ,hz,‘nz,]]T with each nonzero tap Ay, | € {lo, -+ , I, —1}
following the independent complex Gaussian distribution, i.e., iy ~ CA(0, |1y|?).
The discrete-time baseband CIRs of the time-varying UWA channels are given as

ht.t)= Y @8 —10.7ref0.1,- L1} (2.4)

1€l I —1}

Jake’s model is utilized to capture the channel variation, i.e., E[i(t)h} (f)] =
Ry(t—1,D)8(=1). Ry(t—1, 1) = |y|*Jo(2rfy(t—1')) is the autocorrelation between
time ¢ and time ¢ for path [ f; is the maximum Doppler shift, and Jy(-) is the
zeroth-order Bessel function of the first kind. It is confirmed in [6] that as long as
the motion-induced nonuniform Doppler shift is removed through received signal
resampling, the Doppler scaling factor a can be very small, i.e., a < 107%. With
carrier frequency f, = 17 kHz as an example, the maximum Doppler shift f; = af, is
less than 1.7 Hz. After residual carrier frequency offset (CFO) compensation, f; can
be further reduced [7]. Therefore, we assume that after the major Doppler effect has
been removed through received signal resampling and residual CFO compensation,
fa is very small (f; < 0.5 Hz), which means &; changes slowly over a few seconds.

For an OFDM-based communication system, the channel response in the FD is
given as H = V/NF NPh, where N is the subcarrier number, Fy is N x N discrete
Fourier transform (DFT) matrix with F NF?,I = Iy, and P = [l Opxv—p)]” is
the zero-padding matrix. The kth element of H is Hy = Zﬁ;(l) eIk, ko=
0,---,N — 1 and is complex Gaussian distributed, i.c., H, ~ CN(0,7n) where
n = 25”:31 E[|h, 2] = D el It} |}_zl\2. n is actually the channel power, i.e.,
the total energy of all nonzero channel paths, which depends on the transmitter and
receiver locations as well as the sea geometry.
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2.3 Relationship Between Coherence Time
and Transmission Distances

According to Clarke’s model [8], the coherence time is defined as

- 9 0423 0423 05
‘T Nex2 T fi o '

where f; is the Doppler shift, f, is the carrier frequency, and a is the Doppler scaling
factor. Suppose the distance between the transmitter and the receiver is D. Then the
round-trip delay time is A7 = 2D/c. The quasi-static channel assumption during
the feedback signal propagation holds if the coherence time is larger than the round-
trip delay time, i.e.,

T. > Ar, (2.6)
or
0.212
D<D, = <. 2.7)
afe
In an UWA channel with ¢ = 1500m/s, f, = 17kHz, and a = 3 x 1073,
the transmission distance D has to be less than D, = 624 m. This means that

for short-range UAC (0.1 ~ 1km), the instantaneous CSI feedback from the
receiver to the transmitter is feasible, especially with the help of channel prediction.
However, for medium-long-range UAC (>> 1) km, due to the slow propagation
speed of UWA signal (¢ ~ 1500m/s), the propagation time of the feedback
signal could be much larger than the coherence time and nullify the instantaneous
CSI feedback. Therefore, the adoption of the instantaneous CSI feedback depends
on the transmission distances and the level of channel variation after Doppler
compensation.

In summary, the unique features of UWA channels have great impacts on the
design of the energy-efficient and reliable RA-UAC.
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Chapter 3
Short-Range Adaptive RA-UAC

In this chapter, we present the adaptive system design for the short-range RA-
UAC to improve the communication reliability. We design the adaptive RA-UAC
system in three steps. As a fundamental step, we derive the optimal power allocation
and distribution between the source and the relay with individual and total power
constraints. In the second step, we implement channel prediction to compensate
the channel variation during CSI signal feedback using the RLS adaptive filter. In
the last step, the Lloyd algorithm is adopted to quantize CSI efficiently to adapt to
the band-limited UWA channels.

3.1 System Model

We consider a dual-hop RA-UAC system with the topology depicted in Fig. 3.1. The
system consists of three nodes: source node S, relay node R, and destination node D.
The distance between node S and node R is d;, and the distance between node R and
node D is d,. There is no DL between the source and the destination due to the
blocking between them.

The system diagram of the proposed adaptive OFDM RA-UAC system is given
in Fig.3.2. The system consists of source transmission, relay forwarding, and
destination decoding, detailed as follows:

1. Source transmission: For each OFDM symbol to transmit, the power allocation at
the source and distribution cross subcarriers is calculated based on the received
S-R and relay-to-destination (R-D) CSI feedback from the relay and the des-
tination. Then, the source transmits the OFDM symbol to the relay with the
calculated power allocation.

2. Relay forwarding: After receiving signals from the source, the Doppler shift
is compensated first at the relay. Then, for each received OFDM symbol, the
relay estimates the S-R channel impulse response and calculates its power

© Springer International Publishing Switzerland 2016 17
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Fig. 3.1 RA-UAC system
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Fig. 3.2 Data transmission in the adaptive RA-UAC system

allocation and distribution at each subcarrier based on S-R channel impulse
response and received R-D CSI feedback from the destination. Then the relay
amplifies and forwards the received OFDM symbol to the destination according
to the calculated power allocation. At the same time, the relay predicts the future
S-R channel impulse response and quantizes it. Quantized S-R CSI together with
received quantized R-D CSI for the source from the destination is fed back to the
source using the limited feedback channel.

3. Destination decoding: At the destination, after compensating the Doppler shift
and estimating the R-D channel impulse response, the received OFDM symbols
are decoded. At the same time, the destination predicts and quantizes the future
R-D channel impulse responses for each of the source and the relay, respectively.
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Then it feeds back quantized R-D CSI for the source and the relay to the relay
using the limited feedback channel.

In the following sections, the key components of our proposed adaptive RA-UAC
system, namely, optimal power allocation and distribution, channel prediction, and
channel quantization, are studied, respectively.

3.2 Optimal Power Allocation

For the transmission of an OFDM symbol in the AF-based RA-UAC system, the
equivalent end-to-end SNR [1, 2] at the kth subcarrier is computed as

Ys.r(f) vr.p (fi)

e == . 3.1
Veol) ysr(f) + vro(fi) + 1 G-D
where
Pi(fAi;(fi)
” = VPPV 3.2
Y jvk) Nj(fk) (3.2)

represents the DL SNR from node i to node j, i,j € {S, R, D}, f; is the subcarrier

frequency, Pi(f;) is the transmit power at node i, A;;(fi) = |H;;(fi)|* is the signal

attenuation, and N;(fi) is the noise variance at node j. It is worth noticing that H; ;(fi)

is the instantaneous channel frequency response (CFR) after Doppler compensation.
The system capacity of AF-based RA-UAC is calculated as

K
Cra = max A log, (1 + v, 33
i Ps(fi) Pr(fc) f; 2 ( Yeq(fe)) (3.3)
with total power constraint
K
Z [Ps(fi) + Pr(f)] = Pr 3.4)
k=1

and individual power constraints

K
D Ps(f) < Pug
k=1

K
> Prf) < Pu. (3.5)

k=1
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where Pr < Py, + P, . It is worth noticing that the capacity of AF-based RA-UAC
with total power constraint is studied in [2]. However, adding the individual power
constraints could change the system capacity and the optimal power allocation.
Therefore, it is worth investigating the system capacity of AF-based RA-UAC under
both the total power constraint and the individual power constraints.

With the SNR expression in (3.1), the closed-form solution to this optimization
problem is mathematically intractable. Thus, we resort to the upper and lower
bounds of (3.3) to characterize its features similar to [2].

It can be readily shown that the equivalent SNR y,,(fi) is upper bounded by [2]

Ps(fi) I's.r (i) Pr(fi) T k.o (fr)
Ps(fi) Isr(fi) + Pr(fi) [ro(fr)

and lower bounded by

) = Ps(fi) Ise(fi) Pr(fi) Tro(fi) 1 3.7)
Vil Ps(f)Lsr(fi) + Pr(f) Trp(fi) 4 ‘

where Isr(fi) = %&R((fiﬁ) and I'gp(fi) = /%(}(,{k)). Accordingly, the following results

can be established:

Theorem 3.1. The upper bound of the capacity of AF-based RA-UAC is

K
CL, A9 APy = max A log, (1 + vy,
RA( u u ) Ps (o) Pr(fo) szzl g2( Y (fk))

K 1
Af) log, [ } (3.8)

= In(2)F2(fi, AL, AL

where function F is given by (3.22) and the optimal power allocation P¢ and Py are

in (3.20) and (3.21), respectively. )LL(,“) and A,(,h) are chosen such that the total and
individual power constraints are met; the lower bound of the capacity of AF-based
RA-UAC is

K
ch, (A9 APy = AFS log, (1
Ra (A7 A7) PS(;B%(&) f; og, (1 + vi(f))

X 1
Af) log, [ } (3.9)

— InQ2)F2(fi, A9, A"

where the optimal power allocation Pé and 7311e are in (3.29) and (3.30), respectively.
/\}a) and A;h) are chosen such that the total and individual power constraints are met.
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Proof (Upper Bound of the Capacity of AF-Based RA-UAC). The upper bound of
the capacity of AF-based RA-UAC is

K
Chy = max A log, (1 + y, 3.10
f =, max  Af ; 2 (1 + yu(f) (3.10)

with total and individual power constraints, i.e., (3.4) and (3.5). Since (3.10) is
a concave function over a convex set, it is a convex optimization problem. The
optimal transmit power P¢(fi) and Pg(fi) can be obtained by solving the KKT
conditions [3].

Define

K
L=— Zlogz (1 + yu(Ps(f), Pr(£r)))

k=1

K
+ A0 [Ps(f) + Pr(f)]

k=1
K K

+ AD S " Ps(f) + AP D Pr(fe). (3.11)
k=1 k=1

The KKT conditions are given as follows:

a;sﬁ(fk) - 373:(:}[/{) =0 k=l K (3-12)
AP [XK: Ps(f) — PMsi| =0 (3.13)

k:l
A7 [Z Prfe) — PMR:| =0 (3.14)

k=1
Ps(fi), Pr(fi)s A0, A0, A2 = 0. (3.15)

Differentiating the Lagrangian with respect to Ps(f;) and Pr(f), we can achieve

0L _ Tsr(fe) (Tro () Pr(f)?/ In(2) _ @
Ps(fi) D(fi) !

oL _ Trp(f) (Tsr(f)Ps(fi)?/ In(2)
OPr(fr) D(fi)

(3.16)

—A® (3.17)
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where A9 = A0 1AW 2@ _ 1O 4 3@ and
D(fo) = (Ps(f)Tsx(f) + Pr(f) Tro (i)’
+ PR TR (PR Tro ()
+ Ps(f) Ts r(F) Pr(f) T p (fo)- (3.18)

After setting the two derivatives to zero, the relationship between Pg(f;) and Pg(fi)
is shown as follows:

Ps(h) _ | M Tro(f) (3.19)
Pr(fi) AT r(f) '

Equation (3.19) reveals the optimal power allocation ratio at a subcarrier is
proportional to the reciprocal of the channel gain ratio. After substituting (3.19)
into (3.16) and solving 373;(:/‘;) = 0 with constraints Ps(f;) > 0 and Pg(fi) > 0, we
can compute the optimal Pg(fi) and Pg(fi) as

1 1 +
PU(fis M@, A D)) = m [ln(Z)F(fk) — F(fk)] (3.20)
and
u a) 1 (b) 1 1 *
Pl 2. 27) = A Fentr) [1n(2)F(fk) _F(ﬁ‘)} 2D
where
(@) ()
P27 1) = \/Fj:m) * \/r:;vk)' G2

Then the upper bound of the system capacity, i.e., (3.8), can be obtained by
substituting (3.20) and (3.21) into (3.10).

The parameters )L,(f') and Al(,b) should be chosen such that the total and individual
power constraints are met. The following three steps are adopted to obtain A and
A,

Step 1

Assume AV = 0 and A?) = 0, which implies 29 = 2@ — 2O Then the

KKT multiplier )L,(,O) should be chosen such that

K
D PG AD) + P A = Pr. (3.23)

k=1
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For the obtained 1\”, if Zf:l Ps(fx, )t,(,o)) < P, and Zle Pr(fx )k,(,o)) < Pup,
/\f,a) and A,(,b) that satisfy the total and individual power constraints are found.
However, if Zszl Ps(frs )&LO)) > Py, which implies that the source has to transmit
with full power, go to Step II. If Zle Pr(fr, A0 ) > Puy, which implies the relay
has to transmit with full power, go to Step III.

Step 11

In this case, )LE,Z) = 0. This means /\,(,“) = )LE,O) + )tftl) and )&,(f’) = /L(,O). Then,
the KKT multipliers AE,“) and )&,(,b) should be chosen such that the following power
constraints are satisfied:

K
D O [PEF AL AD) + Pife A0 AP ] = Pr (3.24)
k=1
K
D Pl MO AP = Py (3.25)
k=1

Step 111

In this case, )Lftl) = 0. Therefore )Lf,“) = )Lf,o) and )Lf,b) = k,(,o) + )Lf,z). Then,
the KKT multipliers A and A{” should be chosen such that the following power
constraints are satisfied:

K
3 [PEG AL AD) + Pa A 2] = Py (3.26)
k=1
K
ZPR(fk, AD APy = Py (3.27)
k=1

(Lower Bound of the Capacity of AF-Based RA-UAC). The lower bound of the
capacity of AF-based RA-UAC is given as

K
Ct = max A log,(1 + 308
RA ™ s Pr(f) f; 2 (1 + yi(fi) (3.28)

with total and individual power constraints, i.e., (3.4) and (3.5).
After solving KKT conditions, the optimal P§(fi) and Pk(fi) for Ck, can be
obtained as

1 1 3 +
Ph(fi, A1) = [ —F(fk)} (3.29)

/lga)FS,R(fk) In(2Q)F(f,) 4

and

1 1 3 +
Ph(fe Ai) = [ —F(fk)} : (3.30)

[0 ey LNF (D 4
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The resultant lower bound of the system capacity is given by (3.9). The parameters

/\5“) and Agb) are chosen such that the total and individual power constraints are met.

Same as the upper bound calculation, three steps should be followed to obtain )tga)
()

and ;. |

Similar to the power optimization results in [2], for tight bounds of Ck, and Ci,,
the power allocation [P%(fi), Pr(fi)] in (3.29) and (3.30) could be treated as the
optimal power allocation for AF-based RA-UAC with individual and total power
constraints. Sect. 3.5 will verify the tightness of Ck, and C, numerically.

3.3 Channel Prediction

To enable the adaptive RA-UAC system, CSI needs to be fed back to the source
and the relay, respectively. However, due to the slow acoustic signal propagation
and the channel variation, CSI could be outdated when it arrives at the source and
the relay. Therefore, the channel variation needs to be compensated by channel
prediction. The channel predictability of UWA channels over several seconds which
corresponds to a round-trip distance of a few kilometers is verified in [4] as long
as the motion-induced nonuniform Doppler shift is removed and the residual CFO
is compensated [5]. In the following, we assume that the major Doppler effect has
been removed through received signal resampling and CFO compensation, and the
resultant channel impulse response varies slowly over a few seconds.

3.3.1 Problem Statement

Suppose the channel impulse response at time ¢ is given as an L x 1 vector l~1(t) =
[0, hyy (), -+ by, ()] with nonzero taps hy(z), | € {lo, - . l1,.—1}, where L,
is the number of nonzero taps. The estimated channel impulse response at tap [ is

hi(1) = h(1) + el(?), (3.31)
where ¢;(f) is the random error caused by channel estimation with variance o2.
Then, the estimated channel impulse response in the vector form is k() =
[0, gy (). sy (D]

Let T" = T, + T where T, and T are the guard time interval and the symbol dura-
tion, respectively, and OFDM symbols are received at time ¢ = 0,T’,2T",---. The
channel is predicted for each nonzero tap separately. Then, for each newly obtained
CSI hy(nT’) at time nT”, the vector [l;(nT’), hy((n — DT'),--- ,hy((n — N + DHT")]"
is constructed to predict /;((n + A)T’) where A is the prediction advance factor and
N is the window size. In the following, 7’ and [ are dropped for notational simplicity.
The linear prediction is given as

h(n+ A) = u" (W), (3.32)
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where u(n) = [h(n), h(n—1),--- ,h(n =N + D)]" and W(n) = [Wo(n), Wi (n),--- ,
Wy—1(n)]”. Our goal is to find W(n) such that D heN—14A AR h(k) — h(k)|? is
minimized. In other words,

= 1 n—k\| 71, _ 2
W) =arg ~ min k=NZI:+A A R(k) — h(k)]
N i [AMA@W = Ambm]*, 333
arg WO'WT}I}WNA | A (n)A(n) (n)b(n)| ( )

where A(n) = [u(n—A),u(n—A—1),--- . u(N=1D]", W = [Wo, Wy,---, Wy_1]7,
b(n) = [h(n),h(n—1),--- ,hA(N—1+ A)]|7, A(n) = diag{l,)\%,k,--- ,)\%},
and 0 < A < 1 is the forgetting factor. As seen in (3.33), if A = 1, the channel
samples of all time instances are treated equally, and this is suitable when the
channel statistics is stationary. However, if the channel statistics is non-stationary,
the recent channel samples should be weighted heavily by choosing A < 1.

The solution to this least square estimation problem can be readily obtained as

W(n) = [AH(n)AZ(n)A(n)T1 A (n)A%(n)b(n) (3.34)

n—A -1
= ( > M—A—ku*(k)uf(k))
k=N—

1
n—

X Ak () h(k + A).

A
k=N—1

3.3.2 MSE Analysis

The prediction MSE at time » is given as
Ep(A,n) = Ellh(n + A) —u” ()W (n)||>. (3.35)

To analyze the prediction MSE, we consider the case that the channel is wide-
sense stationary and A = 1, and the following theorem is established.

Theorem 3.2. When h(n) is wide-sense stationary, i.e., R(t) = E [il(l’l + 7)h* (n)]
and A = 1, the MSE with channel prediction is given as

Tim Ep(A,n) = RO) = Z(A)" (R + 0l1y) "' Z(4), (3.36)

and the MSE without channel prediction, i.e., ft(n + A) = h(n), is given as

Enp(4) = 2[R(0) — R{R(A)}] + 0. (3.37)
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where R is N X N correlation matrix with the (i, j)th entry being R(j—i) and Z(A) =
E [u(n)h*(n + A)] = [R(=A), R(=A—=1), ---, R(—=A —N + 1)]|”. Then, we have
Enp(A) = l_i)m Ep(A,n).

n o0

Proof. Since ft(rg) wide-sense stationary, we have E [h(n 4+ 1)h*(n)] = E{[h(n +
7) + e(n + 1)][h*(n) + €*(n)]} = R(x) + 028(7). According to the strong law of
large numbers, we have the following limits:

n—A
1 * T — PR* 2
Tim_ mk;]v:lu (kyu’ (k) = R* + o’y (3.38)
and
n—A
li *(Kh(k + A) = Z*(A). 3.39
Jim —— N+2k§1"()(+) (4) (3.39)

Therefore, based on (3.38) and (3.39), we have
lim W(n) =W = (R + 07ly)"'Z(4))" (3.40)
and the prediction error is given as
lim Ep(A.n) = Ellh(n + 4) —u” ()W
= R(0) — Z(A)" R + o*Iy) "' Z(A). (3.41)

For comparison purposes, we consider the MSE without channel prediction. The
corresponding error is given as
Exp(A) = E[lh(n + A) — h(n)|?
= 2[R(0) — R{R(A)}] + 0. (3.42)
It can be readily verified that E[(n + A) — u” (n)W]u*(n) = 0. Therefore,
Evp(4) = E|h(n + A) —u” ()W + u” ()W — h(n)|*
= E|h(n+ 2) —u" ()W|* + E[u" ()W — h(n)|?

> lim (A, n), (3.43)
n—>o00

where the equality holds if and only if A = 0. O

Theorem 3.2 demonstrates that through channel prediction, the channel variation
can be compensated. The effects of A and o7 are illustrated in Sect. 3.5.2.
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3.3.3 Prediction Advance Factor

A is an important factor that needs to be carefully designed. Consider a DL system
with transmission distance d. Then, it takes CSI d/c seconds to be fed back to the
transmitter, and after power allocation according to received CSI at the source, it
takes the newly generated OFDM symbol d/c seconds to arrive at the receiver.
Therefore, the prediction advance time equals to the round-trip time 2d/c for the
DL system, which implies A = L%J For RA-UAG, as seen in Fig. 3.2, the relay
has to feed back predicted S-R CSI to the source, and the destination has to feed
back predicted R-D CSI to both the source and the relay. Similar to the DL system,
it can be readily obtained that A = L%J for channel prediction performed at the

cT’
relay. At the destination, there are two cases. For predicted R-D CSI for the relay,

A= %J, and for predicted R-D CSI for the source, A = L%J where 1,

is the signal processing delay at the relay.

3.3.4 RLS Algorithm

Equation (3.34) is the optimal solution for the least-squares estimation problem.
However, its implementation is not practical due to the high computational cost
O(nN?* + N?) and the large storage size O(nN). The RLS algorithm is the recursive
version of (3.34) and facilitates implementation as it has less computational
cost O(N?) and requires very small storage size O(N?). The RLS algorithm is
summarized in Algorithm 1. The least square estimation, namely, (3.34), is utilized
to initialize W(np). We choose nyp = 2N — 2 + A such that A (n) is a square matrix.
It is worth noticing that if there is a strong correlation among channel taps, joint pre-
diction is suggested [4]. Then, to predict i;(nT”) at time nT’, W (n) and u(n) of (3.32)
have to be modified as W(n) = [Wo(n), Wi(n), -+, Wyxr,.—1(n)]” and u(n) =
(] (), ] (n), +-ul, ()] where wi(n) = [m(nT"), hi((n — DT'), -, h((n
N+DTH" 1elly, - -1}

Algorithm 1: RLS algorithm

Initialization: np = 2N —2 + A, P,, = [A”(no)AZ(no)A(no)]’l and
W(l’lo) = A(no)_lb(no);
forn=ny+ 1,n90+2,--- do
For each newly obtained CSI h(n), P,, and W(n) are updated as follows:
Step 1:a, = u*(n— A);
H
Step 2: P, = 1P, — 7;”:/\‘::5;’,::”;";
Step 3: W(n) = W(n— 1) + P,a,(h(n) —al’W(n —1));
Step 4: Channel prediction il(n + A) = KT ()W(n);
end
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Algorithm 2: Lloyd algorithm

Input: Channel distribution Pr(-);

Initialization: Given the number of quantization bits b, randomly draw M = 2 independent
channel impulse response samples, i.e., h;, i € {1,2,--- ,M};

Step 1: Partition C into M regions, with region i,i € {1,2,--+ , M} defined as
Ri={h:|h—hill < |lh —h;ll.h € C"V¥j # i};

Step 2: Update the centroid of each region:

. Jx hPr()an

i—w,l&{l,z.‘”,M}; (344)

Step 3: Go back to Step 1 and assign k; = k! until [|h] — h;|| < &,i € {1,2,---, M} holds
for some predefined tolerance ¢;
Step 4: The Lloyd quantizer is given as

O(h) =arg min |[h—h]|. (3.45)
i€{1.2, M}

3.4 Channel Quantization

Due to the limited bandwidth of UWA channels, full CSI feedback would consume
a substantial amount of channel resources and degrade the overall system perfor-
mance substantially. Therefore, we consider low-rate limited feedback. We adopt the
Lloyd’s algorithm for CSI quantization as it is beneficial when the signal distribution
is nonuniform [6].

The Lloyd algorithm is given in Algorithm 2, where the channel impulse response
in the TD is quantized. The practical implementation of the Lloyd algorithm requires
the relay and the destination to collect a sufficient number of S-R and R-D channel
samples, respectively, and Step 2 can be realized by calculating the average of all
channel samples assigned to a region as its centroid. After obtaining the Lloyd
quantizer, the relay sends its codebook h;R,i € {1,2,---,M} to the source, and
the destination sends its codebook h;YD, i €{l,2,---, M} to both the source and the
relay. One assumption about the Lloyd algorithm is that node positions are fixed
such that the channel distribution Pr(-) is unchanged. If the channel distribution
changes substantially, the Lloyd algorithm needs to be rerun, and the codebook at
relevant nodes should also be updated.

3.5 Performance Evaluations

In the following, the empirical UWA channel model and the statistical time-varying
UWA channel model in Chap.?2 are utilized to evaluate the performance of the
adaptive RA-UAC system.
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3.5.1 Capacity Analysis for Empirical UWA Channel Model

In this section, the empirical UWA channel model in Sect.2.1 is utilized. The
empirical UWA channel model facilitates the generation of pass loss at any
propagation distances. Thus, it is ideal to investigate the optimal power allocation
and the effect of relay location.

3.5.1.1 System Setup

The maximum transmit power for each node is chosen to be Py, = Py, = Pu =
100 dB re pPa over the signal frequency band 10 — 30 kHz. The total number of
subcarriers is 1024 with subcarrier spacing 19.5 Hz. We assume full CSI available
at the source and the relay. We also consider the DL-UAC system for comparison.

3.5.1.2 Effect of Transmission Distances

With Pr = Py = 100dB re uPa, the system capacities of both AF-based RA-
UAC and DL-UAC with the uniform and optimal power allocations are shown in
Fig. 3.3. For RA-UAC, we choose d; = d,. From Fig. 3.3, as expected, AF-based
RA-UAC with the optimal power allocation has higher capacity than AF-based RA-
UAC with the uniform power allocation, and the difference between the upper bound
and the lower bound is negligible. Since the upper bound and the lower bound
are tight, as suggested in Sect. 3.2, we simply use Pé(f) and P,’e(f) as the optimal
power allocation for AF-based RA-UAC. In addition, AF-based RA-UAC has higher
capacity than DL-UAC at long transmission distances for both the uniform and
optimal power allocations.

3.5.1.3 Effect of Relay Location and Transmit Power

The relay location affects the end-to-end SNR and further influences the capacity
of AF-based RA-UAC and the optimal power allocation between the source and the
relay. To facilitate the analysis of the effect of relay location, we define the relay
location ratio ap as the ratio of S-R distance d; to overall distance d; + d», i.e.,
ap = d1/(dy + dy) and 1 — ap = d,/(d; + dy). Likewise, the power allocation
ratio ap is defined as the portion of source transmit power Py out of total transmit
power P, i.e., ap = Ps/Pr and 1 — ap = Pr/Pr where Py = Zszl ’Pé(fk) and
Pr = Z/I:=1 PL(fi). Total transmit power also plays an important role in the power
allocation between the source and the relay. Therefore, it is also investigated.

For a communication distance d; + d» = 6km and individual transmit power
constraint Py, = 100dB re wPa, we calculate the capacity of AF-based RA-UAC
for different relay location ratios and total transmit power Pr. The results are plotted
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Fig. 3.3 The system capacities of the AF-based RA-UAC systems with different transmission
distances d; +d». The system capacities of the DL-UAC systems with the uniform power allocation
(Unif) and the optimal power allocation using water-filling (WF) are also provided

in Fig. 3.4. Tt is found that the RA-UAC system with the optimal power allocation
has larger capacity than the system with the uniform power allocation at all «p, and
the highest system capacity is achieved with ap = 1/2. As expected, the capacity
of RA-UAC increases with Pr in Fig. 3.4. This implies the system capacity can be
adjusted by changing Pr. In addition, to gain some insights on the optimal power
allocation for RA-UAC with different relay locations and total transmit power, we
plot the optimal power allocation ratio ap with respect to «p in Fig. 3.5. It can be
seen that when Py = Py, where the individual power constraints, i.e., (3.5), are
always met, the optimal power allocation ratio «p is an increasing function of the
relay location ratio «p. Notice from (3.1), the end-to-end SNR of an AF relaying
system is dominated by the worse SNR between the S-R link and the R-D link.
Thus, the balanced link quality provides the optimal system performance. When
Pr = 1.5Py, the cutoff is observed when the relay is close to the source or the
destination. This is due to the effect of the individual power constraint. Furthermore,
when Pr = 2Py, to achieve the maximum system capacity, the source and the
relay has to transmit using the maximum power Py,. Although transmit power is
fixed at each node, as observed in Fig. 3.4, the larger system capacity is achieved
through optimal power distribution over subcarriers compared with the uniform
power distribution for all «p.
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3.5.2 Capacity Analysis for Statistical Time-Varying UWA
Channel Model

The statistical time-varying UWA channel can capture the multipath and time-
varying features of UWA channels, and it is suitable for studying the effects of
channel prediction and quantization and evaluating overall system performance.
Therefore, in this section, the effects of channel prediction and channel quantization
and overall system performance at different transmission distances are revealed
using the statistical time-varying UWA channel model in Sect. 2.2.

3.5.2.1 System Setup

To model the long-term path loss, the Bellhop software [7] is utilized. It is a
publicly available acoustic ray-tracing program. Given a sound profile and the sea
geometric description, the Bellhop software produces the amplitude, the phase, and
the propagation time of each signal arrival. Based on the TD quantization of the
software output, a deterministic discrete-time UWA channel k is generated. We
use the sound profile from the MACE’ 10 experiment as the input for the Bellhop
software [8].

The basic system parameters are provided in Table 3.1. All generated channel
impulse responses are normalized by the DL channel gain at 1500 m. The window
size of the RLS adaptive filter is set as N = 10. Practically, it is suggested to choose
N = argmin sup [R(T'n,1)/|l|*] < & for a nonzero tap h; to fully utilize channel

0 Inl=No
correlation in‘f(l)rmation. Without loss of generality of the proposed adaptive RA-
UAC system, we assume that the additive noise at each subcarrier is white Gaussian
with unit variance. We also assume that the node positions are stable and the channel

statistics does not change.

Table 3.1 System Water depth 110m

parameters Nodes depth 100 m
Signal bandwidth 12kHz
Carrier frequency 17kHz
Number of total subcarriers | 2048
Subcarrier spacing 5.88 Hz
OFDM symbol duration 170 ms
Guard interval 80 ms

Maximum Doppler shift 0.3Hz
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Fig. 3.6 The curve of channel prediction for different values of A. A = 0.75 and 6> = 0

3.5.2.2 Effect of Channel Prediction

Figure 3.6 plots the channel prediction curves in the TD with different values of A
for a channel tap with unit power. The forgetting factor A is 0.75, and o7 is set as 0.
The values of A, i.e., 1, 2, 4, and 8, correspond to DL transmission distances 188 m,
375m, 750 m, and 1500 m, respectively. From the figure, it is shown that the RLS
adaptive filter gives a good tracking of the channel variation, especially when A is
small. To quantify the effects of A and A, the MSE with different values of A and A
is plotted in Fig. 3.7. We also plot the theoretical MSE using (3.36). From Fig. 3.7,
we have the following observations. (1) The MSE curve with A = 1 coincides with
the theoretical MSE curve. (2) The MSE becomes higher for A < 1. This is because
with A < 1, the older channel samples are weighted less and their channel statistic
information is not fully utilized. Therefore, when the channel statistics is stationary,
the optimal value of A is 1. However, for UWA channels, where the channel statistics
could change over time, it is suggested to choose A as 1 — 1/L. L is the number of
OFDM symbols within which the channel tap changing over time can be treated as
a stationary process. (3) It can be observed that the MSE with channel prediction is
much smaller than the MSE without channel prediction. This confirms the necessity
of channel prediction. (4) The MSE increases with A. This implies that channel
prediction is more accurate for short transmission distances. Moreover, in Fig. 3.8,
the effect of oez, namely, the variance of the channel estimation error, is investigated.
It can be observed the MSE increases with 062, which shows large 062 harms the
performance of channel prediction.
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3.5.2.3 Effect of Transmission Distances

The system capacities of RA-UAC with distances d; = d, = 400m, 800 m, and
1500 m are illustrated in Figs. 3.9, 3.10, and 3.11, respectively. The system capacity
is averaged over 50s. The system parameters are A = 0.75, £, = 0, and o2 = 0.
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In the figures, eight RA-UAC schemes are considered. The first scheme is the ideal
case, i.e., the red solid line, where the source and the relay have full future CSL
It is observed that this scheme provides the largest capacity that an adaptive RA-
UAC system can achieve. For the second scheme and the third scheme, i.e., the
blue solid line and the blue dashed line, the source and the relay obtain their CSI
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Fig. 3.11 System capacities of RA-UAC systems with transmission distances d; = d, = 1500 m

through the perfect channel feedback. Their difference comes from whether channel
is predicted or not. It is found that without channel prediction, the performance
of the third scheme degrades a lot compared with the first scheme, especially
at long transmission distances, i.e., 800m and 1500 m. This is because without
channel prediction, the channel variation makes received CSI outdated, and the
power allocation calculated at the source and the relay is not accurate. The second
scheme which implements channel prediction has much better performance than the
third scheme as the power allocation calculated at the source and the relay is more
accurate based on the predicted CSI feedback. The fourth and fifth schemes, i.e.,
the cyan solid line and the cyan dashed line, implement the Lloyd quantizer with
quantization bits number b = 6 per OFDM symbol. The corresponding feedback
rate is 2 x b/T' = 48 bps. The sixth and seventh schemes, i.e., the green solid line
and the green dashed line, implement the Lloyd quantizer with quantization bits
number b = 2 per OFDM symbol and the feedback rate is 2 X b/T" = 16 bps. The
last scheme, i.e., the black solid line, is the nonadaptive system with the uniform
power allocation as the benchmark. It can be seen that implementing both low-rate
Lloyd quantization and channel prediction can realize the benefits of the adaptive
RA-UAC system. In addition, we define the system efficiency of a RA-UAC system
% to quantify how much portion of the capacity gain of the optimal
power allocation over the uniform power allocation is achieved, where Cop and Cypig
are the system capacities of the first scheme and the last scheme, respectively. The
system efficiency of the second, fourth, and sixth schemes with P = 20 dB is plotted
in Fig. 3.12. It is found that the adaptive RA-UAC system is more beneficial for the

as eff =
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short-range communications due to the channel predictability. For the long-range
communications, the benefits of the adaptive system are not obvious, and the
uniform power allocation is preferred.

3.6 Summary

In this chapter, we studied the adaptive RA-UAC system to take advantage of
the benefits of the optimal power allocation. The key components of our system
include the optimal power allocation, channel prediction, and channel quantization.
To maximize the system capacity, the optimal power allocation at the source and the
relay is derived with individual and total power constraints. The RLS adaptive filter
is adopted to predict the future channel impulse response, and its MSE performance
is analyzed. To adapt to the band-limited UWA channels, the Lloyd quantizer is
utilized to quantize the channel impulse response efficiently. In simulations, the
optimal power allocation and the effect of relay location were investigated through
the empirical UWA channel model, and the overall performance of the adaptive
RA-UAC systems was evaluated through the statistical time-varying UWA channel
model. It is found that the performance of the adaptive RA-UAC system without
channel prediction degrades a lot compared with the theoretical performance of
the optimal power allocation. This is because the calculated power allocation at
the source and the relay is not accurate based on the outdated CSI feedback.
After implementing channel prediction at the receiving nodes, the calculated power
allocation at the source and the relay is more accurate, and the performance of the
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adaptive RA-UAC system improves substantially. In addition, it is more beneficial
to implement the adaptive system for the short-range transmissions than the long-
range transmissions because of the channel predictability.

References

1. R. Cao, F. Qu, L. Yang, On the capacity and system design of relay-aided underwater acoustic
communications, in Proceedings of Wireless Communications and Networking Conference,
Sydney, 18-21 April 2010, pp. 1-6

2. X. Cheng, R. Cao, L. Yang, Relay-aided amplify-and-forward powerline communications. IEEE
Trans. Smart Grid 4(1), 265-272 (2013)

3. E.K.P. Chong, S.H. Zak, An Introduction to Optimization (Wiley, New York, 2013)

4. A. Radosevic, R. Ahmed, T.M. Duman, J.G. Proakis, M. Stojanovic, Adaptive OFDM modula-
tion for underwater acoustic communications: design considerations and experimental results.
IEEE J. Ocean. Eng. 39(2), 357-370 (2014)

5.B. Li, S. Zhou, M. Stojanovic, L. Freitag, P. Willett, Multicarrier communication over
underwater acoustic channels with nonuniform Doppler shifts. IEEE J. Ocean. Eng. 33(2), 198-
209 (2008)

6. S. Lloyd, Least squares quantization in PCM. IEEE Trans. Inf. Theory 28(2), 129-137 (1982)

7. M. Porter, Bellhop gaussian beam/finite element beam code. Available in the Acoustics Toolbox
(2007), http://oalib.hlsresearch.com/Rays

8. Y.M. Aval, M. Stojanovic, Differentially coherent multichannel detection of acoustic OFDM
signals. IEEE J. Ocean. Eng. 40(2), 251-268 (2014)


http://oalib.hlsresearch.com/Rays

Chapter 4
Medium-Long-Range Asynchronous Relay
Selection Protocol for RA-UAC

Chapter 3 shows that for short-range UAC, the predicted instantaneous CSI feedback
from the receiver to the transmitter can improve system performance considerably.
However, as discussed in Sect. 2.3, for medium-long-range UAC, the propagation
time of the feedback signal could be much larger than the coherence time and
therefore nullify the instantaneous CSI feedback. In this chapter, statistical CSI
is considered for the design of the medium-long-range RA-UAC system. We first
present the AsAP protocol with instantaneous amplification at the relays and then
investigate the power allocation among the source and the relays based on statistical
CSL

4.1 AsAP Protocol

We consider a dual-hop relay system setup with one source node s, R relay nodes
ri,i € {l,...,R}, and one destination node d in Fig.4.1. h;;,i,j € {s.r,d}
represents the zero-padded channel vector between node i and j of length N.
The AsAP transmission mainly consists of three stages: source transmitting, relay
amplifying and forwarding, and destination decoding. As the instantaneous CSI
feedback could be infeasible for medium-long-range UAC, we adopt the uniform
power allocation among all the subcarriers for each node.

4.1.1 Source Transmitting

At the source, each generated OFDM symbol x is precoded with grouped linear
constellation precoding (GLCP) and then broadcast to the relays and the destination.
GLCP consists of two steps: grouping and precoding. The grouping is performed as

© Springer International Publishing Switzerland 2016 39
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follows. For a precoding size K, the data symbol x of length N = K x M with
elements chosen from a finite constellation set Ay is first divided into consecutive
K blocks, each of size M, and then the mth (m € {1,...,M}) element from each
block is selected to form a group, denoted by a vector x,,. This procedure can be
mathematically represented as x,, = W,x, where ¥,, = Iy(S,,:) isa K xN
selection matrix with K rows chosen from an N x N identity matrix Iy and the
indices of the K rows defined in the set S,,. For optimal grouping, each row set is
chosen as S, = {m,m + M,--- ,m 4+ (K — 1)M}. In the second step, each group
vector x,, is encoded with the precoder matrix @ of size K x K. Then the coded
groups are reassembled to form the precoded symbols x;. The entire GLCP process
can be presented as

M
X, = Z v'Ow,x = Wx, (4.1)

m=1

where W = Y¥_ w'@w,.
We choose ®, which maximizes the multipath diversity and the coding gain [1]:

Lo af -+ okt

1| 1aa?-- o
B+t ’

2
lag ap - ag

0 = 4.2)

where f is the normalization factor such that tr{®”@®} = K and the values of
oy, 0k are given in [1].
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To overcome ISI, a cyclic prefix (CP) is inserted after taking the inverse fast
Fourier transform (IFFT) of x,. Then the generated TD symbol is broadcast to the
relays and the destination with transmit power P at each subcarrier.

4.1.2 Relay Amplifying and Forwarding

After receiving the signals from the source, each relay removes the major Doppler
effect through received signal resampling and CFO compensation. In FD amplifi-
cation, after normal CP removal and fast Fourier transform (FFT), the FD signals
received by relay 7; is represented as

yri = HS,V,’ \% ,Psxs + nr,'» (4.3)

where H,, = \/Ndiag(F ~hsr,) is the diagonal S-R FD channel matrix and n,,
is the independent and identically distributed (i.i.d.) FD noise vector, i.e., n,, ~
CN(0,02Iy). Fy is N x N DFT matrix with FyF}j = Iy.

FD amplification is performed as x,, = A,y,. The amplification factor 4,
is a diagonal matrix with the amplification magnitude for each subcarrier as the
diagonal entries. The amplification magnitude values are chosen to assure that
the relaying signal power complies with the relay transmit power constraint P,,.
There are two ways of amplification, i.e., fixed amplification and instantaneous
amplification. Fixed amplification meets the power constraint in the long-term rather
than the short-term and can result in the power overload when the S-R signal is
strong. Therefore, to ensure the power constraint in the short-term, instantaneous
FD amplification is chosen. Suppose that the power constraint is imposed on each
subcarrier k, i.e., E|A,, (k, k)y,, (k)|?> = P,, and Hy,, is known at the relays through
channel estimation. The instantaneous amplification factor is obtained as

P,
Ari.inst = ) . (44)
|HS_,-,-| Ps + GrziIN

After amplification, the TD signal is generated by performing IFFT of A,.y,, and
inserting CP. All relays forward the signals to the destination asynchronously.

4.1.3 Destination Decoding

At the destination, similar to the relays, the major Doppler effect is removed through
received signal resampling and CFO compensation. As elaborated in Sect.4.3,
through careful protocol design, the DL and RL signals are received at different
time without interference. After CP removal and FFT, the DL signal received is
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represented as

¥ =H,y/Px,+n!, (4.5)

where H;; = «/ﬁdiag(F ~hy4) is the diagonal source-to-destination (S-D) FD
channel matrix and ng) ~ CN(0,A,) is the FD noise at the destination with
covariance matrix A; = ajl ~n. The RL signals received at the destination are
superimposed as

2 2
y = ZHr, Ay, +n

= Heq \/Esxs + Regq, (4.6)

where H,, ; = = /N Ndiag(Fnh,, 4) is the diagonal R-D FD channel matrix, n( )~
CN (0, A,) is the FD noise vector at the destination, H., is the equlvalent end-

to-end FD channel matrix computed as H.q = Zf W H . 4AH ., and neq is the
equivalent FD noise vector computed as n.q = n d) + Zl 1 H ), 4A 0, In addition,
Req is colored with covariance matrix Aoy = odI N+ Zl ! |U,l r, dA,,|

Different from the original AsAP protocol, where y d ) and y d ) are simply added
together, we combine yfil) and yi,z) using MRC to collect delay diversity. Definey, =
[(ygl))T (yi,z))T] y = PH? AJ'H, 4 + PYHZqu_queq whose diagonal entries
represent SNR at the subcamers and A = [(Hyav/P)"A7'" (Heg VP AL,

Then the combination of yg and y(z) is given as

y. = v Ay,
_ _1qa _ 2
=Yy 1/2(H.v,d Y PY)HAd lyfi ) +y 1/Z(Iieq vV PS‘)H equfi)
=y y T P HVPY AT g 4y T (Heg PO A meg

=y x, +n. 4.7)
where n is the normalized noise vector, i.e., n ~ CN (0, Iy).
The symbol detector at the destination estimates the transmitted data in each

group. The K data symbols in group m, m € {1, ..., M}, are decoded together with
the optimal maximum likelihood (ML) criterion:

Xy = arg min [ ¥,,y, - v,y Wl ex;|’. (4.8)
X, €Ak
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4.2 Power Allocation Based on Statistical CSI

For the original AsAP protocol, all relays participate in communications, and the
transmit power is uniformly allocated among the source and the relays, i.e., P,, =
Ps = Pt/ (R 4 1). Although it has been verified that the AsAP protocol with the
uniform power allocation outperforms single-hop communications, its performance
can be further improved through the transmit power allocation among the source and
the relays. As seen in Sect. 2.3, the instantaneous CSI feedback could be infeasible
for UAC. We choose to optimize the average received SNR at the destination based
on statistical CSI, which is closely related to the end-to-end performance.
The instantaneous SNR at subcarrier k,k € 1,--- , N, is yx, where

2

Z VPH, . (k, k)H,, 4(k, k)

\/|H”,(k K)|2P; + o2
Vi 5

2 2
Uri + ad

i r,Hr,d(k k)
pu \/|HY,(k K)|2P; + o2

PH, (k. k)[2
+—‘| "“E ) (4.9)
0y

The average SNR can be calculated by averaging the above instantaneous SNR
expression over the distribution of the channel gains. However, the closed-form
solution of the average SNR using multiple integral is mathematically intractable.
Thus, an approximate average SNR expression can be derived by taking the average
of the numerator and the denominator of (4.9) separately. As it is a good predictor
of the average SNR [2], the approximate average SNR is utilized. The approximate
average SNR at subcarrier k is given as

2

E ,P Z \/_r,Hvrl(k k)Hr d(k k)
\/|H”l(k k)|2P;s + o2
2

al P, a(k, k)
2|2

o) +o0;
\/|H”,(k k)|2P;s + o2

PEH, (k. k)[?
+—| ";( ) (4.10)
0y
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We assume statistical CSI is available at the transmitter side, i.e., E[|Hj, (k, k)|?]
= 08, E[|H,,a(k. 0)|*] = n} 4, and E[H, (k. k)] = n},. As each subcarrier has
the same channel power on average for Rayleigh fading channels, i.e., r)l’;rl_ =
Ns.ris n’:i. 4 = Nr.a, and 77];,(1 = 1,4, the same power allocation result is obtained
for each subcarrier. Thus, index k can be removed for presentation brevity. With Vi
H,, (k k), H, ,(k k), and H, 4(k, k) replaced by ¥, h ., hy, 4, and hs 4, respectively,
we obtain

2

E|p i v Prihs vy a
i=1 |hs.r,~|27)5 + 0”21' P3E|hs d|2

Y= 5 + > 4.11)
R 04
\/ r,hl, 2 2
Z e 0y, + 04
i=1 |hs ri | P + 02

P XR:P N VdE —Ihx,r,-|2
‘ i1 e Ps|hs.ri|2 + O-rzl- Ps nrd
= + (4.12)

R 1 i ) ) Ud
Pr ri E 0, 0
Z ilrid P|h”|2+6r2,- r,+ d

i=1

The optimal P, and P,, are difficult to obtain by optimizing y directly. However,

the closed-form suboptimal solution can be found by optimizing the upper bound of
Ihsmi Iz ] Elhs.ri |2 _ Ns,ri

< = and
Ps ‘hx.r,‘ 2 +Ur2l | Pr]Elhs,r,' |2+Ur2,‘ Psns.r; +g,2[

y. Based on Jensen’s inequality, E [

E 1 > 1 = 1 . Thus, the upper bound of ¥ is given as
Prlhx.ri |2+0'?i P.V]E‘hx.ri ‘2+0"2i Pshs,r; +Uy2‘ ’ pp 14 g

R
Nri.dMs,r;
Ps;Pri s +0r2, Pvnvd
V.= - = +—. 4.13)
7) T] -d Gd
i o2+ o)

2 T
=1 PYnS.ri + G}‘i '

The power optimization problem turns out to be:

Problem 4.1.
[P, Prvoe Pl = arng 7)rlax. - Yus (4.14)
R
st. P+ ) Py = P, (4.15)
Py Prsee  Pr > 0. (4.16)

Solving the above power optimization problem gives rise to the following theorem:
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Theorem 4.1. The optimal power allocation of the AsAP protocol according to
Problem 4.1 is to allocate power P} (i*) to the source node and power P (i*) to the
relay node i*, where

Pror ﬂs,ri* 7Iri* d + Phrots, d’]r sk d + Ns.d
PR B B
PF(i*) = min s Pior (4.17)
o 1+77rm7hr*/gr* Ns.rpx "Ir* d *
¢ + o g i)

1+7)to/7]ri* <d/(7d ‘Trzi

and

’Pmr’]x.r[* Nrped Ptotﬂs.d’]x.ri* _ Nsd
2

o2

2 2.2
. ik Od 0407 % %4
Pr(i*) = max d — ,08, (4.18)
. 14+Pronr 5 .d/”d Ns.rox Nrox d .
* i i i *
i i
g(i*) + \/1+7D,0,ns,i* [ " o2.0] 8(*)
. Nr Mroed | Nsdllroed N Nsd
where g(i*) = max { UMY YU TR
rpk od d%d rpeod
The relay index i* is
—% —x%
VsriVrid _
i* = arg max # + Viar (4.19)

i€l Ry Vg, g+ 1

where 77, = P15 /0% Vg = Pr(DNra/0g. and Vs g = P (i)nsa/o].
Proof. 'y, in (4.13) is optimized in two steps:

1. Optimization of the power allocation among relays P,,i € {1,---,R} with
fixed Py, namely, maximizing the first part of ¥, under the power constraint
Y1 P =Po—Pi =P

2. Optimization of the power allocation between the source and relay(s), P and P,,
subject to Py + P, = Pt

In the first step, we begin by reexpressing the first part of y,, in matrix format:

P, Z,P ~ MridNsri

2 ~ ~
i=1 sTs.ri 1 0, a’Aa
X =— . (4.20)
2 : Prii.a o2 + o2 a (E + %IR)OC
27 d
pap Psns,r,- + o;;
. Psnry dNs.r Psnry dNs.r Pshrg.dNs.r ~
where A = dia R — 222 L REZRT ¢ = ofle =
g[pﬂ']x,rl +Ur21 ’ Pv’].v,rz"l‘arzz ’ ’ P.vn.v,rR +(7r2R]’ /” ||

2 2 2
. T = q; Nr1.d0r; Mry,dO0ry . Nrg.d%p
[\/ P, vV Py, »V Prl", and E = dlag[mm +07 ’ Pnsrytop’ " Psis,rg ""UrZR]
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Furthermore, by defining

u= (: + %%IR>1/2&, 4.21)

the optimization problem can be represented as

a’Aa
max

2
Gilall<] =T = |, © ~
wlal?<t g7 (=7 + #Ir)a

u'Du
= max -——-. (4.22)
wlulP<t [u]]

where D is a diagonal matrix:

g2 \-—1/2 g2 \-1/2

D=(2+21) "A(z+Z)
Pr Pt
— dlag(_ Vs,rl_yrl d e, — ys.rR_yrR.d )’ (423)
Vs,n + yn,d +1 Vs.rR + yrR.d +1

Vor, = Pollii and Vid = Pririd The maximum of u”Du/||u||? corresponds to the

i 04
maximum diagonal element of D. Suppose that

% Vs,r;yr;.d
1 = argmax —

AL LA — 4.24
J ys,r,- + 7r,-,d + 1 ( )

is the position that has the maximum diagonal element. Then u/ ||u|| is a vector with
1 in the i*th entry and 0O elsewhere. Thus,

o= \/EHZ_” (4.25)

This result indicates that with statistical CSI, the optimal cooperative strategy is to

allocate all relay transmit power P, to relay i* which maximizes 7—y:f"7y "‘f l
8.7 T
{1,--- ,R}.

In the second step, after choosing the relay i*, the resulting ¥, in (4.13) is given as

i €

— Vs,rl-* 7r,-* d
yi* (PS9 7))‘) = = —
ys,ri* + )/ri* d +1

+ Vsa (4.26)

Then the optimization problem can be formulated as follows:



4.3 SR-AsAP Protocol 47

Vi PS7 Pr
max ¥ (Ps. Pr)
subject to Py + P, = Pior.

Referring to the solution of a similar problem in [3], the optimal power allocation
result is given in (4.17) and (4.18).

When relay i* is selected, the maximum value of Y« can be computed by
substituting P and P into (4.26)

Y& =y (PXPF). (4.27)

There still remains one issue, i.e., relay selection in the first step depends on
the values of P, and P,, while the optimal power allocation between P; and P,
also depends on the selected relay. Observe that the optimization result of the first
step suggests single relay transmission for any power combination between P; and
P,. Thus, we can perform the optimal power allocation for each relay using (4.17)
and (4.18), and the relay which maximizes the value of (4.27) is selected. This gives
rise to Theorem 4.1. O

Theorem 4.1 demonstrates that only the relay which maximizes (4.19) trans-
mits, while all other relays keep silent. The relay selection criteria is given as

=k ok

VsriVr;, —. . . . . )
V‘:!T’:’dﬁ + V54> which is called the effective SNR at relay i. It’s notable that
s rid ’
lf rls.rérlré.d + mgmgd _ 773;, 7/;11 < 0or lclﬂi.r,;r,.d _ lot'?zs.d;b.r, _ T].v;i < 0, all transmit
7% %4% 959 %% %4 Od

power is allocated to the source.

In summary, we optimized the power allocation between the source and the relays
based on the upper bound of the approximate average SNR. The power allocation
results suggest choosing the relay which has the maximum effective SNR to transmit
while other relays keeping silent.

4.3 SR-AsAP Protocol

Based on the power optimization results in Sect.4.2, we propose the following
SR-AsAP protocol to enhance system performance of the AsAP protocol. As
the asynchronous design is very critical for the protocol feasibility, it is also
investigated.

4.3.1 Protocol Description

The SR-AsAP protocol consists of three phases: statistical CSI retrieval, relay
selection, and AsAP transmission.
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1. Statistical CSI retrieval: assuming the localization service is available. The
source first chooses the potential relays r;,i € {1,---,R}, which are located
between the source and the destination. Then the source broadcasts the pilot
signal together with relay indices. The potential relays and the destination
estimate their statistical CSI with respect to the source, i.e., 7, at relay i and
nsq at the destination. Then each relay transmits its pilot signal in turn to the
destination together with its index. The destination estimates its statistical CSI
with respect to each relay, i.e., n,, 4 for relay i,i € {1, ..., R}. Finally, each relay
forwards its S-R statistical CSI, i.e., 5, to the destination. Statistical CSI 7 can
be estimated by averaging the channel power in the TD, as detailed in Sect. 2.2.

2. Relay selection: relay selection and the transmit power allocation are performed
by the destination as follows. For a given total transmit power Py, the destination
computes P and P’ with (4.17) and (4.18) for each relay. Following (4.19),
the relay with the maximum effective SNR is selected. Then the destination
broadcasts the index of the selected relay as well as power allocation information,
i.e., P¥ and P, to the source and the relays. Then the selected relay is activated
to forward the source signal while other relays keep silent.

3. AsAP transmission: the source generates information symbols modulated by
GLCP OFDM with transmit power P; = P and broadcasts them to the relay and
the destination. After receiving the OFDM symbols from the source, the selected
relay amplifies the received signal with transmit power P, = P*. Finally, the
destination combines the DL and RL signals using MRC and performs decoding.

It is worth noticing that for the SR-AsAP protocol, it is assumed that node positions
are fixed such that the average channel power, i.e., 7;.,, 0,4, and 7, 4, is unchanged.
If the channel power changes substantially, steps 1 and 2 need to be performed again
to select the best relay.

4.3.2 Asynchronous Transmission Design

For the terrestrial cooperative AF protocols, the transmissions of the source and
the relays are coordinated to avoid interference. However, for medium-long-range
UAC, the long and variable signal propagation delay results in difficult time
synchronization among the source and the relays. Therefore, it is preferable to adopt
asynchronous transmission at the source and the relays. The traditional method to
implement the asynchronous transmission is to let the relay simply process the
signal from the source and retransmit the signal to the destination immediately [4, 5].
However, as shown in Fig. 4.2, since the AF operation can only be performed after
a complete OFDM symbol is received, the delay of the RL signal would be at least
one OFDM symbol duration longer than the DL signal at the destination. Therefore,
the DL signal could cause severe interference toward the RL signal. To resolve
interference between the DL signal and the RL signal, one way is to let the CP length
longer than (N + 2L)t; where f, is the sampling period and implement the Viterbi
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Fig. 4.2 Traditional asynchronous transmission scheme. The signal propagation time from the
source to the relay and from the relay to the destination is set to be one OFDM symbol length

decoder to decode the received signal [6]. However, this adds more computational
burden toward the receiver. In addition, due to the long CP length, the effective
transmission time of the data signal is no more than half of total transmission time.

Thus, to remove interference between the DL and RL signals and avoid increas-
ing computational burden at the destination, we propose a novel asynchronous
transmission scheme for our SR-AsAP protocol, as illustrated in Fig. 4.3. First, the
source transmits one packet to the selected relay and the destination, which consists
of one preamble, Ny OFDM symbols, and one postamble, as shown in Fig. 4.4. Then
the relay and the destination correlate the preamble and the postamble with the
received signal to retrieve the starting and ending points of the packet, respectively.
Figure 4.5 shows one snapshot of the correlation result of the preamble in the Taiwan
2013 sea experiment. Once the relay receives a full packet, it amplifies and forwards
each OFDM symbol in the packet to the destination immediately. The preamble and
the postamble are attached at the head and the tail of the amplified OFDM symbols,
respectively. Finally, the destination correlates the preamble and the postamble with
the received signal to get the starting and ending points of the received packets
from the relay, respectively. During the decoding phase, the destination combines
the received OFDM symbols from the source and the relay. At the same time, the
source overhears the signal from the relay. When the relay stops transmission, the
source transmits the next packet.

Our proposed asynchronous transmission scheme has three merits. First, the
half-duplex mode is adopted at the relay and no self-interference cancellation
mechanisms are needed. This simplifies the relay operation. Secondly, the relay
starts transmission only when the whole data packet is received. This naturally
separates the DL and RL signals at the destination. Therefore, interference is
removed, and the destination could combine the DL and RL signals using MRC.
Thirdly, the relay and the destination can locate the starting and ending points of the
packet by itself without resorting to the common timing reference. Therefore, the
transmission is asynchronous.
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Fig. 4.5 Correlation result of the preamble in the Taiwan 2013 sea experiment. The preamble is
correlated with the received signal, and the timing instant with the strongest peak is selected as the

starting point of the preamble

4.3.3 Efficiency Analysis

Next, we analyze the transmission efficiency of the SR-AsAP protocol. Assume that
the length of the preamble, the postamble, the OFDM symbol (including CP), and
the relay processing time equals #y,. For each successful packet transmission, the
total transmission time consists of the source transmission time (Ny + 2)fyym, the
signal propagation time from the source to the relay ¢, ,, the relay processing time
fsym, the relay transmission time (N, + 2)#ym, and the signal propagation time from
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the relay to the destination ¢, 4. The total transmission time #y, iS given as
tiotal = Is,r + Ird + (2Ns + 5)l‘sym- (428)
Thus, the transmission efficiency is defined as

Tefr
n(N) = =

Tiotal
Nitsym
tor 4 tra + 2Ny + 5)teym
N;

= m (4.29)

where foff = Nitoym is the effective data signal time and o = (t;» + 1, 4) /oym. Notice
that for large Nj, the transmission efficiency approaches 1/2, i.e.,

Nj 1
lim ——— = (4.30)
Ne—oo o + 2Ny +5) 2

N}gnoo n(Ns) =

The effect of o and N; is shown in Fig. 4.6. From the figure, it can be observed
that the transmission efficiency increases with N; and decreases with «. This means
the transmission efficiency could be improved by increasing the OFDM symbol
number in one packet. In addition, to reduce ¢, we can increase the OFDM
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Fig. 4.6 Transmission efficiency with different OFDM symbol number N; and o
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symbol duration ty,,. However, for the long OFDM symbol duration, the subcarrier
orthogonality is vulnerable to the Doppler effect. This suggests increasing the
OFDM symbol number N; is more effective than reducing o.

4.4 Performance Evaluations

In this section, to demonstrate performance of the proposed SR-AsAP protocol,
we obtain the bit error rate (BER) through simulation. By comparing with other
protocols, the benefits of our selective relaying design are verified.

The AsAP system has the S-D distance D = 2000 m. The water depth is 30 m.
All nodes are placed on the sea bottom. Thus, each node can be identified by a two-
dimensional coordinate. Figure 4.7 illustrates the selection of potential relays under
this setup. The coordinates of the source and the destination are (0, 0) and (2000, 0)
respectively. Only the green nodes within the circle are chosen as potential relays,
while other nodes outside of the circle are not utilized. The circle is centered at
(1000, 0) with radius D/4 = 500. Binary phase shift keying (BPSK) signaling is
used. The OFDM precoding size is chosen to be K = 8§, and the OFDM symbol
size is N = 1024. The carrier frequency is set as f, = 17kHz with bandwidth
B = 10kHz. The noise variances at all receivers are the same, i.e., 05 = 0,21 =
R

In Fi?;s. 4.8 and 4.9, we plot BER performance of the DL-UAC protocol, the
AsAP protocol with the uniform power allocation, and the SR-AsAP protocol. Three
relays were randomly placed within the circle in Fig.4.7. For the AsAP protocol
with the uniform power allocation, all relays amplify and forward the received signal
to the destination, and power is uniformly allocated among the source and the relays.

(1000,0)

@

(0,0) (2000,0)

O

-

\

D

Fig. 4.7 Potential relay selection: the green nodes within the circle are chosen as potential relays,
while other nodes outside of the circle are not utilized. The circle is centered at the midpoint
between the source and the destination with radius D/4
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Fig. 4.8 Uncoded BER performance of the DL-UAC protocol, the AsAP protocol with the
uniform power allocation, and the SR-AsAP protocol. The water depth is 30 m and the number
of potential relays is R = 3

For the SR-AsAP protocol, the source selects the best relay. From the two figures,
it can be observed that the SR-AsAP protocol outperforms the direct-link protocol
and the AsAP protocol with the uniform power allocation for both the precoded and
uncoded relay systems. For the SR-AsAP protocol, define the S-R power allocation
ratio as o, = Py/Pio and the optimal S-R power allocation ratio is ot; = P}/ Prot.
In Fig.4.10, we also compare BER performance of the SR-AsAP protocols with
the optimal ot;‘ and with o, = 0.5. It can be seen that the SR-AsAP protocol with
optimal ozlf slightly outperforms the SR-AsAP protocol with o, = 0.5.

4.5 Summary

In this chapter, we aimed at the energy-efficient and reliable cooperative protocol
design for medium-long-range UAC. First, we adopted the instantaneous power
allocation at the relays and MRC at the destination in the AsSAP protocol and
explored the power allocation among the source and the relays based on statistical
CSI. The optimization results give rise to a relay selection scenario that only
the relay which has the maximum effective SNR transmits, while all other relays
keep silent. Thus, we proposed a SR-AsAP protocol. Second, to avoid interference
between the DL and RL signals, the asynchronous transmission was designed
for the SR-AsAP protocol. The theoretical analysis shows that the transmission
efficiency of the SR-AsAP protocol increases with the OFDM symbol number in
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Fig. 4.9 Coded BER performance of the DL-UAC protocol, the AsAP protocol with the uniform
power allocation, and the SR-AsAP protocol. The water depth is 30 m and the number of potential
relaysis R = 3
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one data packet as well as the OFDM symbol duration. For large OFDM symbol
number in one data packet, the transmission efficiency of the SR-AsAP protocol
can approach 1/2. Finally, performance of our SR-AsAP protocol was simulated.
The results reveal that our SR-AsAP protocol outperforms the DL system and the
AsAP protocol with all relay transmissions.
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Chapter 5
Energy-Efficient Hybrid Decomposed LT Codes
for RA-UAC

In this chapter, we design a new type of hybrid DLT codes for dual-hop RA-UAC
with improved energy efficiency and accuracy. First, the background of LT codes,
DLT codes, and stochastic optimization methods is reviewed. Then, the nonnegative
polynomial decomposition algorithm based on the stochastic multistart method is
proposed. The motivation, the code construction, and the protocol design of the new
hybrid DLT codes are presented at last.

5.1 Background

In this section, the background of LT codes, DLT codes, and stochastic optimization
methods is introduced.

5.1.1 LT Codes

Fountain codes are rateless erasure codes with the property that unlimited coded
data can be potentially generated from the source data, and from any subsets of the
coded data with size equal to or slightly larger than the number of the source data,
the source data can be recovered. LT codes [1] are the first practical realization of
fountain codes. The corresponding encoding process of the source data containing
K input packets consists of two steps:

1. First, the encoder randomly chooses integer d € [1,K] as the degree of the
coded packet according to a DDP u(x) = Z;K=1 wix' with u; representing the
probability of choosing degree d = i. According to the probability theory, DDP
M (x) has the following properties: u(1) = 1l and u; = 0, i € {1,--- ,K}.
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2. Second, d distinct input packets are randomly selected from the K source packets
and then XORed together to generate one LT packet.

LT decoding adopts the belief propagation (BP) technique to recover source
packets from LT packets. With the encoding degree and packet index information of
each LT packet, a bipartite graph is formed. The decoder starts by releasing packets
with degree one. Then, all edges connected to the degree one packet(s) are removed.
This is done recursively until no degree-one packet is left. If all K input packets are
recovered, the decoding is successful; otherwise, a failure is reported. To achieve
high decoding success probability, a good encoding degree distribution has to be
designed. In [1], Luby designed the RSD as follows:

Definition 5.1. With two parameters § € [0,1] and ¢ > 0, the RSD can be
computed as

_ )+t

p(x) 5 ; (5.1

where 8 = p(1) 4+ 7(1) is the normalizing constant, p(x) = x/K + Z,K=2 x/i(i—1)
is the DDP of the Ideal Soliton distribution (ISD), t(x) = Zf{z/ffl Rx'/iK +
RIn(R/8)xX/R /K, and R = ¢/K In(K/§).

The RSD has much smaller BP decoding failure probability compared with the
ISD and is used in practice. One important property of the RSD is that with K +
O(VKIn?(K/8)) RSD-encoded packets, the BP decoder can successfully recover
all K source packets with the probability of at least 1 — §.

5.1.2 DLT Codes

Different from LT codes, DLT codes generate a packet using two-layer random
encoding. For each layer, the encoding process is in the same manner as LT codes,
except with a different DDP. DLT encoding can be described as follows:

1. At the first-layer encoder which is implemented at the source, the packets are
encoded with the DDP 6(x) = Zf)zg , 6ix'. The average encoding degree is
0'(1) = 32, i6;. The output packets are termed as DLT-1 packets.

2. Then, the DLT-1 packets are input to the second-layer encoder at the relay(s)
with another DDP w(x) = Zf):‘“l w;x'. The average encoding degree is w'(1) =

,D:‘”] iw;. The final output packets are called DLT-2 packets with the DDP
fu(x) = o(0(x)) [2, 3].

The DLT decoder utilizes the same BP algorithm as the LT decoder. In order
to achieve the decoding performance comparable to LT codes, the LT distribution
(x) needs to be decomposed into two encoding DDPs 6(x) and w(x) such
that w(0(x)) resembles w(x). In [3], the nonnegative-range method is proposed.
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To guarantee the nonnegativity of the solution of w;,i € {1,---,D,}, the ranges
of 6;,i € {1,---, Dy} are obtained first. Then the values of 6;,i € {1,--- , Dy} and
w;,i € {1,---,D,} are determined through linear search within the valid ranges.

However, there are several drawbacks for this nonnegative-range method. First, the
decomposition results cannot guarantee to satisfy both constraints leﬁl 0; = 1 and
Zf):”’l w; = 1. Second, for nonsmooth DDPs, such as the RSD which has one spike
at d = K/R, the algorithm may not provide a valid decomposition result. Finally,
the nonnegative-range method only guarantees exact matches of lower-order terms
of the target DDP. Therefore, the decomposed DDPs may have poor match at high-
order terms. This leads to suboptimal decomposition and can potentially degrade the
decoding performance. In [4], a similar decomposition algorithm is proposed for a
modified DLT codes where the DLT decoder can receive both the DLT-1 packets
and the DLT-2 packets. However, it also has the same problems as [3]. To address
these issues, we propose a novel problem formulation of nonnegative polynomial
decomposition which is a constrained nonlinear optimization problem.

5.1.3 Stochastic Optimization Methods

The stochastic optimization methods are very effective to solve nonlinear optimiza-
tion problem as they can provide a probabilistic guarantee that the global minimum
will be found for a sufficiently large sample size [5-7].

The simplest stochastic method is called pure random search, where a large
amount of points are drawn from the constraint set, and the point with the smallest
function value is chosen as the global minimum point. If the sample points are
drawn uniformly over the constraint set and the objective function is continuous, the
lowest function value of the sample points will converge to the global minimum with
probability 1 as the sample size increases [8, 9]. The pure random search method is
seldom used in practice as it is computational inefficient and the proper sample size
is difficult to determine.

The multistart method is an extension of the pure random search method to
improve the implementation efficiency. It consists of two phases, i.e., the global
phase and the local phase. In the global phase, a number of points are randomly
drawn from the constraint set following the uniform distribution. In the local phase,
local search is performed to generate local minima from the selected samples.
One important concept related to the multistart method is the region of attraction.
Assume that the local phase always converges to a stationary point which may
be the local minimum. Then, the region of attraction of a stationary point x* is
defined as the set of points in the constraint set starting from which the local search
will converge to x*. In [10, 11], the Bayesian theory is applied to the multistart
method to estimate the total number of stationary points and the relative size of the
nonobserved regions of attraction. The main results of the Bayesian analysis are
given as follows [10, 11]:
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Proposition 5.1. Suppose that the total number of the stationary points W € [1, 00)
follows the uniform distribution, and given W = W, the relative volumes of the
regions of attraction for each stationary point also follows a uniform distribution
on the unit simplex with dimension W — 1. If w different stationary points are found
from the samples with size n using the multistart method, a Bayesian estimate of the
total number of stationary points is

~ whn—1
W = ¥ (5.2)
n—w-—2
and the Bayesian estimate of the portion of the constraint set uncovered by the
regions of attraction of the stationary points already found is

L wovt 1)
R r— (5.3)

The Bayesian analysis is very powerful as it can provide an optimal Bayesian
stopping rule for the multistart algorithm. In the following, we formulate the
nonnegative polynomial decomposition as a nonlinear optimization problem and
utilize the stochastic multistart algorithm to solve it.

5.2 Nonnegative Polynomial Decomposition Algorithm

The key task of DLT code construction is to find a nonnegative decomposition of the
target t(x). The decomposed polynomials 6(x) and w(x) need to have the property
that their composition fi(x) = w(f(x)) = Z,K=1 fix' is close to the target DDP
W (x). Therefore, we propose an optimal nonnegative polynomial decomposition that
minimizes the fitting error £ = Zf;l (fi; — w;)?. The problem statement is given as
follows:

Problem 5.1. For a given distribution w(x) with maximum order K, the nonnega-
tive polynomial decomposition with orders of Dy and D,, can be obtained by solving
the following optimization problem:

61, ,0p,, w1, ,0p,] = argel mln Z(/L, /L,)2 5.4

Dw]

Dy,

s.t. 20—1 Za)l—l

917“'50D9’a)15“.7a)D BO‘ (5'5)

(0]
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The new decomposition problem formulation treats all degree orders equally.
As [i; is a nonlinear function of variables 6;,--- , 0p,, w1, -+ ,wp,. this problem
belongs to the class of nonlinear least-squares optimization problems with nonneg-
ative linear constraints. The objective function is not convex, and multiple local
minima may exist. Thus, finding the global minimum is very difficult. To solve
this problem, we utilize the projected gradient method as local search to generate
the local minima [12, 13] and the stochastic multistart method to find the global
minimum.

5.2.1 Projected Gradient Method

The local search using the projected gradient method mainly consists of four steps,
namely, gradient computation, feasible direction calculation, parameters update, and
stopping judgment, which are summarized in Algorithm 3.

5.2.1.1 Gradient Derivation

T
In Algorithm 3, VEX™) = Qe . 96 06 ... 9

& ) 90 g™ ae})”’) 0™ 3™ dopy)
denotes the gradient of the fitting error £. At a point, x = [91, NN CIFEERIR
wp,]”, the components of the gradient gg,k e {1,2,--- ,Dy} and %,k €
{1,2,---,D,} can be computed as follows:

Algorithm 3: Projected gradient method
Input: The target DDP p(x) = Y5, ,u,-xi

Result: x* = [0 |7, 0* = [6;",--- .65 1", andw* = 0], -+ 0} |
Initialization: Set the initial values for x) = [0 DT T]7, where §V = [9(1) el 9[(;0)]7
andw® = [, ,a)Dm]T such that Y27 o) =1, >l o’ =1, and

1) [ORSNO)] O .
91 9”’,9[)9,w1 q"',CUDwZO,

for m = 1to M,,,, do
Step 1: Compute the gradient VE(x") according to (5.6) and (5.7);
Step 2: Obtain the feasible direction d™ = [x — sVE M)+ —xM s> 0;
Step 3: Update the parameters x" 1D = x(m 4 (gt

o™ = arg min @D + ad™);
a€[0.8]

Step 4: if |[d"|| < e then break
end
Output x* = x("+D

, where
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€ K&
i=1 j=1
and
€ K
= —9 0 — (1: ] .
Sor ;(Mz wi)gr (i), (5.7

where g;(n) and g;(n) are given in (5.10) and (5.11). The derivation of (5.6) and (5.7)
is given as follows.

By expanding the polynomial coefficients, fi(x) = w(f(x)) can be written in a
matrix form

i =00, (5.8)
where i = [i1, fl2,+ -, fk]T, @ = [@1, w2, ,wp, |7, and O is a K x D,, matrix:

g1(1) g(1) g3(1) --- gp, (1)
g1(2) g2(2) g3(2) -+ gp,(2)

= (5.9)
81(K) g2(K) g3(K) -+ g, (K)
In (5.9),
071’ n= 17“' aDO
= 5.10
§1(m) 0, elsewhere ( )
and
+o00
g =gim) g1 () = Y gi1(k)gj—1(n—k). (5.11)
k=—00
In other words, gj(n) = gi(n) » gi(n) * --- x g1(n), where the asterisk * is the

J
convolutional operator. In addition, to ensure (i, = 0 for n > K, Dy x D, has
to be equal to or less than K.

The gradient of the fitting error £ at a point x = [0y, ,0p,, w1,-* ,wp, 1T
T
. _ o ac A€ IE BE I .
is denoted as VE(x) = [W’E"" B B B 3&%] . The gradient
consists of two parts ngk,k € {1,2,---,Dg} and ;—fk,k e {1,2,---,D,}, which

can be readily derived as follows:
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3E K AL

R = ) 2 5.12

5 ;(u )3, (5.12)
and

9E K 3L

22 Ny — ) 5.13

o ;(u )G (5.13)

As [i; is a linear function of wy, i.e., i; = ijzml gj(i)w, it can be computed as

I .
ai = g:0). (5.14)
Wi
To obtain 27’5“, it is worth noting that
k
dgi())  .0g1(d) .
89/( =] 80k * gj*l(l)
= jix * gj—1(i)
= jgi—1(i — k), (5.15)
where §; is the Kronecker delta. Thus,
dfti o~ 0g;(0)
6~ 2 a8 @
Du)
=Y jwigi1(i—k). (5.16)

J=1

Finally, by substituting (5.16) and (5.14) into (5.12) and (5.13), the gradient of
the fitting error (5.6) and (5.7) can be obtained.

5.2.1.2 Projection Calculation

Define the constraint set as X = {x : Y x; = I,Z?ﬁffgg xp =1, and x; =
0,i =1,---,Dg + D,}. [x]T = argmi}r{1||y — x||? is a projection operator. Thus,
ye

[x" —sVE ()] represents the projection of x™ —sVE(x™) into the constraint
set X. One important property of the projection operator [x]™ is

(x]" —x)T(y —[x]7) = 0,Vy € X and [x]" € X, (5.17)
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which can be readily derived according to the property of convex optimization
[13]. It is worth mentioning that the constraint set X is the Cartesian
product of two standard simplexes, i.e., Z?:gl 6 = 1,0,---.0p, = 0, and
le:‘”l w; = 1,0, ,wp, = 0. Thus, the projection of x™ — sVE(x™) into
the constraint set X is equivalent to projecting its first Dy elements into the
simplex Z?Z"l 6 = 1,6y,---,6p, = 0, and its last D, elements into the
simplex Z?Z‘”l wi = l,o,---,0p, = 0, respectively. Solving the KKT
condition [14, 15], the projection of a vector y = [y1,-+-,yp,]” into the simplex
ZD 0; = 1,0,--+ ,0p, = 0ist = [t,--- ,tp,])" , where ; = max{y; + 4,0}
and A is chosen such that Zl  ti = 1. The projection of a vector into the simplex
Z[le w; =1,w1,-++ ,wp, = 0 can be calculated similarly.

5.2.1.3 Convergence Analysis

The convergence of the projected gradient algorithm for Problem Statement 1 is
provided in the following proposition:

Proposition 5.2. For the nonnegative polynomial decomposition problem in Prob-
lem Statement 1, let {x"} be the sequence generated by the projected gradient
method with a™ chosen by the rule o™ = arg m1n 5 x" + ad™). Then, {x"}

a€f0,B8
converges to a stationary point x*, i.e., VE(x*)T (x — x*) >0,Vx e X.

Proof. In the first step, we prove the sequence {€(x")} converges. It can be readily
derived that

—||d(’”)||2 N [x(m) _ Svg(x(m))]+Td(m)

VEE™)d™ =
s
(@ — sVE(xm))Td™
s
—|ld™ 2
< M (5.18)
s
which utilizes the property of projection (5.17), i.e.,

[ — sVEE™)]T — &™) —sVEE™))]" (=d™) > 0. (5.19)
Equation (5.18) means direction d" is descent. Define the ¥, (a) = Ex™ +
ad™). Then B'/f”’(a) lo=o = VEE™)Td™ < 0. Thus, there exists &@ = 0 such that
Y (0) = wm(a) for alla € [0,@]. As a™ = arg m[m]é' (x + ad™), we have

a€l0

E(xmt) = 1;”m(Ol(m)) < Yu(min(B, @) < ¥u(0) = g(x(m))- Since {£(x™)}
is nonincreasing and lower bounded by 0, according to the monotone convergence
theorem, the limit of {£(x™)} exists.
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In the second step, we prove that the point of convergence is stationary.
Suppose x* is the point of convergence, namely, lim EEMy = E£@x).
m—00
Then 1i_)m EEM™DY = lim £x™) implies E@x* + a*d*) = £(x*), where
m—00

m—>0Q

d* = [x* — sVEXH]T — x* and o* = arg rr%(i)rk]é’(x* + ad*). Thus,
a€l0,
EX* + ad*) = Ex* + a*d*) = E(x*) for all @ € [0, B]. This also implies

Ex* d*) — E(x*
lim " +od’) - £&T) = VEX*)'d* > 0. Considering inequality (5.18), d*

a—0

o
hastobe 0, i.e.,

[x* —sVER*)]T = x*. (5.20)

According to the property of projection (5.17), (x* — (x* —sVEX*) (x — x*) =
0, Vx € X, which is equivalent to

VEX*)T(x —x*) =0,Vx e X. (5.21)

Thus, the point x* is stationary. O

Proposition 5.2 demonstrates that for the projected gradient algorithm, the point
of convergence always exists and is stationary. In addition, a point x* is stationary if
and only if x* = [x* — sVE(x*)]* for all s > 0. Thus, we stop the algorithm if the
norm of [x — sVE&x)]T —x is less than a small threshold value. As the local
minimum point must be stationary, the minimum point among all the stationary
points is the global minimum point. Based on this fact, in the next subsection, the
multistart method is utilized to search all the stationary points and treats the point
with the minimum value of the objective function as the global minimum point.

5.2.2 Multistart Method

The multistart method tries to search all the stationary points by means of
implementing the projected gradient method at randomly selected initial points. The
procedure of the multistart method is listed in Algorithm 4. The key part of the
multistart method is the stopping rule. According to Proposition 5.1, the algorithm
will be stopped if the expected number of the stationary points is close to the number
of the stationary points already found and the nonobserved regions of X is very
small.
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Algorithm 4: Multistart method

Input: The target DDP ji(x) = Z,KZI wix!
Result: x, = [0 w!]"
Construct a set C which stores the stationary points;
for n =110 N, do
Draw a point randomly over X following the uniform distribution;
Apply the projected gradient method described in Sect. 5.2.1 to the new sample point
and generate a stationary point x;\ ;
ifx" ¢ C then add x]" to C: Compute w which equals the cardinality of C;

if 20— < 0.5 and “2ED < 0.005 then break
n—w n(n—1)
end
Output x, = arg min€(x);
xeC
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Fig. 5.1 The curve of the fitting error with respect to step m

5.2.3 Nonnegative Polynomial Decomposition Results

To evaluate the effectiveness of the proposed algorithm, we provide the decomposi-
tion results for both smooth and nonsmooth DDPs. The smooth ISD with K = 1000
is considered first. s and § are chosen to be 1. The decomposition results show that
multiple stationary points are found during the global phase. Two stationary points
x! andx J’-" are treated to be different if the root mean square (RMS) of x* —x ;‘ is larger
than 1073, The algorithm stops when nine stationary points are found after searching
192 initial points. Based on this fact, the posterior expected number of stationary
points is 9.5, and the posterior expected portion of the uncovered region of attraction
is 0.0025, which meet the stopping rule. The fitting error of the nine stationary points
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Fig. 5.2 The resultant DDPs obtained from the multistart method using the projected gradient
method as the local phase and the nonnegative-range method by decomposing the ISD. The fitting
error of the multistart method is 4.64 X 1077, which is smaller than the fitting error of the
nonnegative-range method 1.13 x 10™*. The parameters are K = 1000, Dy = 25, and D,, = 40

Table 5.1 DDP comparison with ISD

Code type Fidelity | Kolmogorov | Total variation | Kullback—Leibler
Nonnegative-range method | 0.9926 | 0.0191 0.0191 0.3865

Multistart method 0.9972 | 0.0060 0.0061 0.2027

ISD 1 0 0 0

are 7.54 x 1077, 7.04 x 1077, 7.11 x 1077, 5.85 x 1077, 6.76 x 1077, 6.01 x 1077,
6.25x1077,4.64x 1077, and 5.84 x 10~7 which are very close. The stationary point
with the lowest fitting error 4.64 x 1077 is chosen to be the global minimum point.
For a randomly selected initial point, the curve of the fitting error £ with respect to
step m is plotted in Fig. 5.1. The figure validates that the projected gradient method
is effective and the point of convergence exists. Figure 5.2 compares the resultant
DDPs obtained from the proposed optimization method and the nonnegative-range
method in [3]. It can be observed that the multistart method gives much better
approximation toward the ISD compared with the nonnegative-range method for
higher-order terms. Table 5.1 shows the results of other metrics to compare the

resultant DDPs ji(x) and the target ISD, namely, fidelity (Zl \/m), Kolmogorov
distance (sup, | Y1, fii — D_i_; wil), total variation distance (1 3", | — i), and
Kullback-Leibler divergence (Zl u; log /%), all of which confirm that the multi-
start method provides more accurate polynomial decomposition.
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Fig. 5.3 The resultant DDP obtained from the multistart method using the projected gradient
method as the local phase by decomposing the RSD

Next, we decompose the nonsmooth RSD which has a spike at the degree K/R.
As observed in [3], the nonnegative-range method fails to decompose the RSD as
the spike leads to invalid results of range calculation. On the contrary, the multistart
method using the projected gradient method as the local phase can provide an
optimal decomposition solution for the RSD. The parameters of the target RSD
is K = 1000, ¢ = 0.08, and § = 0.05. With Dy = 25 and D,, = 40, it is found
that the algorithm stops after searching 781 initial points, where the total number of
stationary points found is 19. Based on this result, the posterior expected number
of stationary points is 19.5 and the posterior expected portion of the uncovered
region of attraction is 6.24 x 10~*, which meet the stopping rule. The optimal
decomposition result is shown in Fig.5.3. It is observed that the resultant DDP
j1(x) does not fit well at the position of the spike and the higher fitting error
£ = 1.09 x 1072 is incurred.

In summary, the stochastic multistart method using the projected gradient method
as the local phase can provide more accurate decomposition results compared
with the nonnegative-range method and the linear programming method. The
decomposition performance of the multistart method depends on the shape of the
given polynomial. For the smooth DDPs such as the ISD, they can be decomposed
with small fitter error. However, for the nonsmooth DDPs such as the RSD which
are intrinsically indecomposable for the nonnegative-range method, the multistart
method can do its best to provide an optimal solution with some higher fitting error.
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5.3 h-DLT Codes

To obtain more accurate RSD decomposition and flexible computational cost
allocation between the source and the relay(s), h-DLT codes are designed recently
by extracting a decomposable part out of the distribution w(x) without the spike for
two-layer DLT encoding, while the remaining spike distribution remains one-layer
LT encoding [3]. The output degree distribution of the h-DLT codes can retain that of
the RSD, and thus the decoding performance can be improved over pure DLT codes.
However, the second layer of the original h-DLT codes has high average encoding
degree. When the h-DLT codes are implemented into dual-hop relay networks, a
large number of source packets need to be received at the relay node to generate
sufficient h-DLT packets, which implies higher communication cost. In this section,
we design a new type of h-DLT codes with improved energy efficiency in dual-
hop relay networks. The new h-DLT II codes are constructed based on the new
decomposition algorithm proposed in the previous section.

5.3.1 h-DLT I Codes

The original h-DLT codes, namely, h-DLT 1, are proposed in [3] with the encoding
process given as follows:

(a) At the first-layer encoder, a binary random number generator is adopted to
select an encoding mode. With probability n, the encoder will choose the
cooperative DLT mode and generate a DLT-1 packet with encoding DDP 6 (x);
with probability 1 — n, the encoder will operate in the direct LT mode, and an
LT packet is encoded with encoding DDP 6,(x). All coded packets are labeled
and sent to the second-layer encoder.

(b) Atthe second-layer encoder, an encoding degree d is chosen with the DDP w(x).
Then, d packets are randomly chosen from the inputs. If all the selected packets
are labeled as DLT-1, they are XORed together to generate an h-DLT packet;
otherwise, one LT packet is output as an h-DLT packet.

With this hybrid encoding scheme, the resultant degree distribution of the second-
layer encoder is fi(x) = w(nf;(x)) + (1 — w(n))y(x), within which wui(x) =
w(nb;(x)) and po(x) = (1 — w(n))by(x) are the resultant DDPs of the cooperative
DLT mode and the direct LT mode, respectively. The average encoding degrees of
the first-layer encoder and the second-layer encoder are C; = n6{(1) + (1 —n)6;(1)
and C, = 1 — w(n) + nw’(n), respectively. Define the mode ratio y = wu1(1)/4(1)
as the portion of the total distribution assigned to the cooperative DLT mode. For
h-DLT I codes, the mode ratio is y = w(n), which is a nonlinear function of
the encoding ratio 7. For the RSD with K = 1000, ¢ = 0.08, and § = 0.05,
the mode ratio and the encoding ratio are listed in Table 5.2 after h-DLT I codes
decomposition. It is observed that the h-DLT codes have very high encoding ratios
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Table 5.2 Average encoding Code type n o c, Ratio (C,/Cy)

degree h-DLTI(y =0.8) | 095 @285 347 082
h-DLTI(y=0.6) 092 @ 294 |3.06 0.96
h-DLTI(y=04) 086 | 358 2 | 1.79
h-DLTI(y=0.8) 0.8 | 893 277 3.22
h-DLTI (y =0.6) | 0.6 | 9.61 233 4.12
h-DLTI (y =04) |04 1029 | 1.89 | 5.44
Primitive LT codes - 11.64 - -

which are larger than 0.9. This means there is a large probability for the first-layer
encoder choosing the DLT mode. As the DDP of the DLT mode has much smaller
average encoding degree compared with that of the LT mode which retains the
spike of the RSD, i.e., 8;(1) < 6;(1), the first-layer encoder has the small average
encoding degree, and more encoding cost is placed on the second-layer encoder. The
average encoding degrees of the h-DLT I codes are also given in Table 5.2. From
the table, it is found that the average encoding degree of the second-layer encoder
is around 3. This means on average the relay needs three encoded packets from the
source to generate one h-DLT packet.

The h-DLT I codes assisted cooperative communications protocol is proposed in
[3]. The source encodes the raw packets according to the first-layer DDP, while the
relay encodes with the second-layer DDP. To obtain similar decoding performance
as the primitive LT codes, the relay has to combine C, packets on average from the
source for each generated h-DLT packet. Thus, the average encoding degree (C,) at
the relay implies high communication cost.

The new h-DLT II codes are designed to have smaller average encoding degree
at the second-layer encoder. The h-DLT II codes assign higher probability to the
LT mode, which increases the average encoding degree of the first-layer encoder
considerably and reduces the encoding cost of the second-layer encoder accordingly.
In the following, the detailed code design is described.

5.3.2 h-DLT II Codes

5.3.2.1 Encoding Description

The encoding process of h-DLT II codes is also conducted in two steps:

(a) The first step is the same as that of h-DLT I codes.

(b) At the second-layer encoder, for each received packet from the first encoder, if
the packet is an LT packet, it is directly output as the h-DLT packet. Otherwise,
an encoding degree d is chosen with distribution w(x). Then, d DLT-1 packets
randomly selected from the inputs are XORed together to generate an h-DLT
packet.
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5.3.2.2 Resultant Degree Distribution

For an h-DLT 1II code with a first-layer encoding DDP 6(x) = 16, (x) 4+ (1 — )6y (x)
and a second-layer DDP w(x), the resultant degree distribution [i(x) is computed as

f(x) = nw(®1(x)) + (1 = n)bo(x). (5.22)

The average encoding degrees of the first-layer encoder (C;) and the second-layer
encoder (C,) are

Ci(n) = 6'(1) = n6;(1) + (1 — (1) (5.23)

C:() = (1 —n) +no (1) = n(e (1) = 1) + 1. (5.24)

Differentiating (5.22) and setting x = 1, 9(;(1) can be computed as

6,1y = 1 (1) —no (D8, 1) (525)
1—n
Substituting (5.25) into (5.23), we get
Ci(n) = 0;(H(1 — o (D) + 1 (1). (5.26)

As a)/(l) > 1, C; in (5.26) is a linearly decreasing function of encoding ratio 7.
Similarly, C, in (5.24) is a linearly increasing function of encoding ratio 7.

Denote the resultant DDPs of the cooperative DLT mode and the direct LT mode
as p1(x) and po(x). From (5.22), it can be obtained that u;(x) = nw(f;(x)) and
Ho(x) = (1 — n)by(x). h-DLT I codes have limited control of the mode ratio y,
while h-DLT II codes have full control of the mode ratio as y = 5. Thus, h-DLT II
codes could flexibly change the average encoding degree, C; and C, at each layer
depending on the requirements.

5.3.3 Distribution Decomposition for h-DLT II Codes

In order to facilitate the single-layer BP decoding of the h-DLT packets, a target
RSD (x) needs to be decomposed into three distributions: 8 (x), 6y(x), and w(x).
Note that only the DLT mode DDP p;(x) needs to be further decomposed. We
can determine a proper decomposable j(x) for the cooperative DLT encoding and
decompose it using Algorithm 4. Then, the remaining distribution w(x) — wq(x)
is assigned to 6y(x) for the direct LT mode. This gives rise to the hybrid RSD
decomposition algorithm for h-DLT II codes, which is described in Algorithm 5.
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Algorithm 5: Hybrid RSD decomposition
Input: The target degree RSD distribution (x) and the desired mode ratio y,
Result: The decomposed DDPs 6, (x), 8y(x), and w(x)
Initialization: Construct a smooth distribution ji(x) = (p(x) + 7(x))/B with
() = 2.1 R/ik:
(1) Compute 1 (x) = ji(x)/i(1);
(2) Decompose j1(x) into 6; (x) and w(x) using Algorithm 4;
(3) Calculate o (x) = (1(x) — yaw(61(x)))/(1 — va)-

One advantage of the hybrid RSD decomposition algorithm for h-DLT II codes
is that only one iteration is needed. In contrast, the hybrid RSD decomposition
algorithm for h-DLT I codes needs several iterations with each iteration performing
a degree distribution decomposition until the exact mode ratio is reached.

5.3.4 h-DLT II Codes Performance

For a target RSD p(x) with parameters K = 1000, ¢ = 0.08, and § = 0.05,
the corresponding h-DLT II distributions 6(x) and w(x) are computed using Algo-
rithm 5, and the resultant distribution fi(x) can be calculated according to (5.22).
The fitting error calculation shows that &, pirp = 0 for all y value, which means
the hybrid RSD decomposition algorithm for h-DLT II codes generates exactly the
same distribution as the RSD. In Fig. 5.4, we simulate the probability of successful
decoding with respect to different decoding overheads for the primitive LT code,
the DLT code, and the h-DLT II codes. For the DLT code, we set Dy = 25 and
D,, = 40 to decompose the target RSD, whose decomposition result has been given
in Sect. 5.2.3. It can be observed that the h-DLT II codes achieve similar decoding
performance to the primitive LT code, same as h-DLT I codes [3]. The DLT code
requires higher overhead compared with the primitive LT codes and the h-DLT II
codes because the resultant degree distribution of the DLT code suppresses the spike
of the RSD as seen in Fig. 5.3. The mode ratio y and the encoding ratio 1 are listed
in Table 5.2. It can be seen that the h-DLT II codes have much smaller encoding
ratio than the h-DLT I codes for a given mode ratio. Thus, the h-DLT II codes have
higher probability to choose the LT mode, resulting in higher average encoding
degree at the first-layer encoder and smaller average encoding degree at the second-
layer encoder compared with the h-DLT I codes.
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Fig. 5.4 The average recovery ratio with respect to different overhead for the primitive LT code,
the DLT code, and the h-DLT II codes

5.4 h-DLT II Codes Assisted Cooperative
Communications Protocol

Consider the cooperative communication system as shown in Fig.5.5, where
relay(s) are employed to collaboratively deliver the packet-wise information from
the source to the destination. Time division multiple access (TDMA) is adopted
as the multiple access method, i.e., the source and the relay(s) transmit packets in
turn at different time slots so that the packet transmissions from the source and the
relay(s) are interference-free with each other. We assume the source cannot directly
communicate with the destination due to the blocking between them and each relay
has limited storage capacity to buffer the received packets from the source. Given the
mode ratio y and the RSD, we can obtain the encoding DDPs 6, (x), 6y(x), and w(x)
through Algorithm 5. The h-DLT II codes assisted cooperative communications
protocol consists of three parts: source encoding and broadcast, relay encoding and
forwarding, and destination decoding.

1. Source encoding and broadcast: With K data packets to be transmitted, the source
generates encoded packets using the first-layer DDP 6(x) = y6;(x) + (1 —
¥)6(x). A mode type ID bit is attached to each encoded packet to indicate its
encoding mode: LT (ID = 0) or DLT-1 (ID = 1). The encoded packets are
continually generated and broadcast to the relays at the source’s transmission
time slots until an ACK is received from the relays.
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Fig. 5.5 A cooperative relay system with one source, N relays, and one destination

2.

3.

Relay encoding and forwarding: After receiving the packet from the source, each
relay undergoes an error detection process, e.g., cyclic redundancy check (CRC)
at the physical layer. If CRC succeeds, the packet is further processed and the
packet ID is retrieved: the received packet with ID = 0 is treated as the h-DLT
packet with ID = 0 without storage, while the received packet with ID = 1
is stored in the memory, and an h-DLT packet with ID = 1 is generated from
storage. The generation of the h-DLT packet with ID = 1 consists of two steps:
First, an encoding degree d is randomly chosen according to distribution w(x)
and second, d DLT-1 packets from storage are XORed together to generate an
h-DLT packet. It is possible that the generated packet has zero encoding degree
due to the packet collision. In this case, the above process is repeated until an h-
DLT packet with nonzero encoding degree is generated. If CRC fails, the packet
is dropped, and an h-DLT packet with ID = 1 is generated from storage. Each
relay keeps forwarding h-DLT packets attached with their mode type ID bit to the
destination in its own time slots until an ACK is received from the destination.
The received ACK is also forwarded to the source by the relays.

Destination decoding: After receiving the packet from the relay(s), the destina-
tion undergoes an error detection process similar to the process at the relay(s).
Depending on the mode type ID of the received h-DLT packet, the destination
chooses the corresponding reception technique. For the h-DLT packet with
ID = 0, joint decoding is performed at the physical layer, as relays may forward
the same packet when the source broadcasts the LT packet. Any cooperative
transmission schemes, e.g., MRC, can be adopted to enhance the communication
reliability; for each h-DLT packet with ID = 1, independent decoding is
conducted. After CRC checks, all correctly received packets are forwarded to the
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BP decoder to recover the source packets, and all packets with error are deleted.
If all K source packets are decoded, an ACK is sent back to the relays.

In practical systems, the relays have limited storage capacity. When the storage
space is full, one packet has to be discarded in the storage space to accommodate the
newly arrived packet. Here we discuss two storage schemes to handle this scenario.
In storage scheme I, the newly arrived packet always replaces the packet which stays
longest in the storage space. In the storage scheme II, the packet which is mostly
used is replaced. Each packet in the storage space is assigned a counter, and the
counter value increases by one, when the packet is selected for encoding. The newly
arrived packet replaces the packet with the largest counter value, and the counter is
reset to zero for the new packet.

5.5 Performance Evaluations

In this section, we simulate the h-DLT II codes assisted cooperative communications
protocol. We assume the source-relay link and the relay-destination link are lossy
and have the same packet erasure probability. The performance is evaluated by
collecting the average number of transmissions per source packet for full recovery
of all data at the destination. The results are compared with those of the h-DLT I
codes based schemes to illustrate the benefits of h-DLT II codes. In addition, the
effects of different design parameters are also evaluated through simulations.

5.5.1 h-DLT Codes Comparison and Choice
of Storage Schemes

In Fig. 5.6, we simulate the communication cost of the cooperative relay communi-
cations protocols based on both h-DLT codes with different storage schemes. The
communication cost is evaluated by the average number of transmissions per packet
with mode ratio y = 0.5 and storage size of 50.

The results are plotted in Fig.5.6. It can be observed that the h-DLT II codes
assisted scheme requires less communication cost compared with the h-DLT I
codes assisted cooperative communication scheme. As discussed in Sect. 5.3.1, their
performance distinction comes from the difference of their second-layer average
encoding degree. In addition, the storage scheme II shows better performance than
the storage scheme I, especially for h-DLT I codes. When the relay storage space is
fully occupied, if storage scheme I is implemented, the oldest packet will be replaced
by the incoming packet. However, because of the random encoding at the relay, the
replaced packet may not have been chosen for encoding, while some other packets
staying in the memory may have been encoded multiple times. This will cause either
information loss or collision at the destination. On the other hand, by replacing the
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Fig. 5.6 The communication cost for the h-DLT I scheme and the h-DLT II scheme with storage
size 50

most used packet, the storage scheme II alleviates this issue and provides better
performance.

The storage space is precious for relays. It is found through simulations that the
communication cost remains nearly constant with the storage size, which means that
the storage size has little influence on the communication cost. Since the storage size
cannot be less than the maximum encoding degree of w(x), to save the storage space
at relays, the best storage size for relays is D,,.

5.5.2 Effect of Mode Ratio

The mode ratio 1 measures the portion of the cooperative DLT mode in the
output distribution. It is notable that = 0 corresponds to the primitive LT-
based communications protocol with no relay encoding. For the DLT-1 mode, the
generated h-DLT packet at the relay can only be obtained by combining the DLT-1
packets in the storage rather than newly generated packets from the source. As a
packet in the storage can be selected to generate multiple h-DLT packets, there
exists packet redundancy among the generated DLT-encoded packets at the relay,
and this could degrade the decoding performance at the destination. Therefore,
when the source-relay link is lossless, the large mode ratio results in the degraded
performance. On the other hand, for the lossy source-relay link, once the received
packet gets erased at the relay(s), a packet encoded by the DLT mode is generated,
which means there will be more DLT-encoded packets. Therefore, the large mode
ratio can help increase the packet refreshing speed at the relay storage and reduce the
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Fig. 5.7 The communication cost of the h-DLT II-based cooperative protocol with different mode
ratio 1. Storage scheme II is adopted, and the storage size is 50

redundancy among the generated DLT-encoded packet, which can further improve
the decoding performance at the destination. In Fig. 5.7, the effect of the mode ratio
n is investigated. From the figure, it can be observed that at the lower packet erasure
probability, smaller 1 has lower communication cost, while larger n provides better
performance at the high packet erasure probability. This implies that as channel
erasure rate increases, more DLT encoding at the relay is beneficial, which confirms
h-DLT codes could improve dual-hop reliability by adjusting 7.

5.5.3 Effect of Relay Number

In cooperative communications, multiple relays can be implemented to improve
the communication reliability. The same setup can be adopted in h-DLT II codes
assisted cooperative communication schemes. The source first broadcasts a packet,
and then each relay generates and forwards its packet one by one at its own time
slot. For the LT mode, the relays forward the same LT packets to the destination,
and MRC is implemented at the destination; for the DLT mode, each relay transmits
a different encoded packet to the destination, which provides more reliability against
channel erasures. As packets forwarded by relays are linear combination of the
stored packets from a similar packet storage, there can be redundancy among
the packets forwarded by relays. Under good channel condition, the redundancy
will degrade the system performance, while under poor channel condition, the
redundancy can be utilized to improve the communication reliability.
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Fig. 5.8 The communication cost of the h-DLT II-based cooperative protocol with different relay
numbers

We simulate the MRC operation at the destination as follows. Suppose the BPSK
modulation is utilized in the physical-layer transmission and each data bit undergoes
independent erasure. With the bit error probability given as p, = Q(,/y) where y
is the SNR, the packet erasure probability is p = 1 — (1 — p,)~, where L is the
number of the data bits in the packet. With M LT packets with same information
received at the destination, the resultant bit error probability is p, = Q(/My) after
MRC, and the corresponding packet erasure probability is p = 1 — (1 — p;,)~. For
example, with p = 0.1, L = 100, and M = 2, the corresponding packet erasure
probability after MRC is p, = 6.85 x 1074 withp = 0.5, L = 100 and M = 3,
the corresponding packet erasure probability after MRC is p, = 0.001. Therefore,
MRC can reduce the packet erasure probability substantially. With y = 0.5 and
the storage scheme II, we simulate the performance of the h-DLT II codes assisted
cooperative communication systems with different numbers of relay in Fig.5.8. It
can be observed that for small packet erasure probability, the single-relay system
provides the best performance, while multi-relay systems have better performance
at high packet erasure probability. This confirms that when channel condition gets
worse, more relays enhance communication reliability. It is worth noting that the
three-relay case has worse performance than the two-relay case at higher packet
erasure probability. The degraded performance is caused by much more packet
redundancy among the h-DLT packets generated by the relays.
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5.6 Summary

In this chapter, we designed a new type of h-DLT codes for cooperative relay
communications to improve energy efficiency and accuracy. To facilitate codes
construction, a novel nonnegative polynomial decomposition algorithm based on
the stochastic multistart method with the projected gradient search as the local
phase was proposed for better accuracy and simpler implementation. Our method
can also be readily applied to more general polynomial decomposition problem
without constraints or with weight. With this decomposition algorithm, the encoding
and distribution decomposition schemes for the new type of h-DLT codes, i.e., h-
DLT 1II codes, were presented. Numerical results show that the h-DLT II codes
achieve similar performance as the primitive LT codes and simulations reveal that
the h-DLT II codes assisted cooperative communications scheme outperforms the
h-DLT I codes assisted cooperative communications scheme with much smaller
communication cost. In addition, packet storage schemes are investigated, and
affecting factor studies indicate that h-DLT II codes assisted cooperative systems are
insensitive to the relay storage size and higher mode ratio and larger relay number
are beneficial for the cases with large channel erasure rates.
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Chapter 6
Effective ICI Cancellation for OFDM
Transmission in RA-UAC

As seen in Chap. 5, the performance of h-DLT codes deteriorates with the packet
erasure probability. In UWA channels, large Doppler shifts caused by motion and
ocean waves lead to error-prone packet transmissions. To resolve the detrimental
effect caused by the Doppler effect, we focus on the effective and low-complexity
mirror-mapping-based OFDM transceiver design in this chapter.

6.1 Properties of ICI Coefficients

In this section, the ICI coefficients of the plain OFDM system are investigated
in order to guide our proposed ICI cancellation schemes. Assume the multipath
Rayleigh fading channels are given by h = [hg, hy,--- ,hL_l]T, where L is the
number of channel taps. Each tap is subject to independent Rayleigh fading with
by~ CN(0,07) forl € {0,1,--- ,L — 1}, where E{||*} = o} and E{|ly|*} = 20}.
When L = 1, the multipath Rayleigh fading channel is reduced to the flat fading
channel. We also assume that in the rest of this chapter, the major Doppler effect has
been removed through received signal resampling and only residual CFO exists [1].

In multipath Rayleigh fading channels, the received baseband signals in the TD
are given by

N—1
1 )
= Y HX e O 4w, n=0.1,--- N-1, (6.1)
k=0

where H; is the CFR at subcarrier k, w, is the noise, and ¢ is the CFO.
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After FFT, the received signals in the FD can be expressed as

N—1
Yo = SoHnXn + Y Sk-mHiXe + Wy,m =0,1,--- \N — 1, (6.2)
k=0,k#£m

where W, is the noise in the FD and

S L — R
" Nsin(w (k + ¢) /N)e] ©3)

Sk

is the ICI coefficient [2, 3].

The ICI coefficient Sy is a periodic function with period N. The amplitude and
the phase of Sy are plotted in Figs. 6.1 and 6.2 with ¢ = 0.1 and N = 1000. It can
be observed that for large values of |k|, |S| goes to 0. This means ICI mainly comes
from neighboring subcarriers. The phase of S is £ = 7 [ (1 — ) — 2] for
0 < & < 1. Thus, for small values of |k|, £Sy ~ me and £S_; ~ me — . This
implies Sy + S—x ~ 0. In addition, for small values of ¢, ZS; ~ 0 and £S_; ~ —m.
This means Sy + S*, & 0. It is worth noting that Sy + S—_ ~ 0 is a more accurate
approximation than Sy + S*, ~ 0. As we will see in the next sections, the mirror-
mapping-based schemes are designed on the basis of the aforementioned properties.

09k 4

08t 4

02h 1
D, G R N
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k

Fig. 6.1 The amplitude of Sy
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Fig. 6.2 The phase of Si

6.2 Proposed ICI Cancellation Schemes

This section introduces two methods to cancel ICI, namely, ICI self-cancellation
with mirror-mapping and ICI two-path cancellation with mirror-mapping.

6.2.1 ICI Self-Cancellation with Mirror-Mapping

Figure 6.3 depicts the system architecture of the ICI self-cancellation schemes with
mirror-mapping. Compared with the plain OFDM, the ICI self-cancellation schemes
have two additional modules, i.e., the ICI self-canceling modulation before the IFFT
operation at the transmitter and the ICI self-canceling demodulation after the FFT
operation at the receiver.

For the ICI self-canceling modulation, the input-modulated data symbols are first
grouped into transmit blocks. Each block consists of (N/2 — 1) modulated data
symbols {X }ivfl_l, which are then mapped onto N subcarriers using the one-to-two
mirror-mapping rule as follows:

0, k=0,N/2
Xi=14 X, k=1,2,...,N/2—1 (6.4)
MEy—d, k=N/2+1,....N—1,



84 6 Effective ICI Cancellation for OFDM Transmission in RA-UAC
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Fig. 6.3 Block diagram of an OFDM transceiver with the ICI self-cancellation modules using
mirror-mapping in the baseband

where {f)\(’k}’,:';(} are the actual transmitted data symbols on the OFDM subcarriers.
M (x) is defined as the mapping operation which reflects the relationship between
the two modulated data symbols with the same information. It is worth noting that
Xyt = M(Xy),k=1,2,...,N/2 — 1 represents mirror-mapping. The conversion
operation and the conjugate operation can be represented as M (x) = —x and
M (x) = x*, respectively. The Oth and N /2th subcarriers are vacant in order to meet
the opposite polarity condition. Thus, we have the MSR scheme and the MCSR
scheme, corresponding to the conversion operation and the conjugate operation,
respectively.

After the ICI self-canceling demodulation, the received signals on subcarrier
m,m € {1,2,...N/2 — 1} and its corresponding mapped subcarrier pair (m' =
N — m) will carry the same data information. This signal redundancy renders it
possible to improve the ICI mitigation performance through a coherent combining
technique:

2 _ HiYnt M (H3s—YN-m)
|I—Im|2‘|'|I—IN—m|2

) (6.5)

where H,,, Hy—;, Y, and Yy_,, are the CFR and the received signals at subcarrier
m and its corresponding subcarrier pair (m’ = N — m), respectively. Note that (6.5)
is essentially MRC.

6.2.2 ICI Two-Path Cancellation with Mirror-Mapping

Figure 6.4 depicts the system architecture of the ICI two-path cancellation schemes
with mirror-mapping. The two-path cancellation schemes transmit the input-
modulated data symbols in two consecutive OFDM symbols, which are usually
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Fig. 6.4 Block diagram of an OFDM transceiver with the ICI two-path cancellation modules using
mirror-mapping in the baseband

referred to as two independent paths separated by time division multiplexing
(TDM). Evidently, the main additional operations due to the introduction of
two-path cancellation schemes are integrated inside the precoding and decoding
modules.

In general, for the two-path cancellation schemes with mirror-mapping, at the
precoding module, one OFDM symbol input {Xk}kN—_Ol will become two OFDM

symbol outputs {X( ) N1 and {X, x> M-, where the first OFDM symbol {X(l) "
is identical to the input OFDM symbol, i.e., Xk = Xj, and the second OFDM

symbol {X, x> py ! o obeys the subcarrier mirror-mapping rule and can be obtained as

(2) =M (XN k) k= {0,. — 1}. For ease of exposition, if the conversion

operatlon is utilized for the mapplng operation, i.e., M (x) = —x, we refer to it as
the MCVT scheme, and if the conjugate operation is used, i.e., M (x) = x*, we call
it the MCJT scheme.

After the deliberate design of the transmitted signal in the precoding module,
the received signals at the mth subcarrier and the (N — m)th subcarrier of the first
OFDM symbol and the second OFDM symbol, respectively, will carry the same
data information. Therefore, at the decoding module, it is reasonable to use MRC
for decoding, yielding

BT+ M { ?}VZ)_m}
X, = , (6.6)
|Hm| + |HN—m|2

where H,, is the CFR at subcarrier m and 17,(1? is the received signals in the FD
corresponding to the ith transmitted OFDM symbol (i € {1, 2}).
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6.3 CIR Evaluation

CIR is a widely used metric for evaluating the system ICI power level without
considering the noise power. In this section, we derive the CIRs of the plain OFDM
and the proposed mirror-mapping-based schemes for performance comparisons.

6.3.1 Plain OFDM

Suppose that the transmitted data symbols are mutually independent. According
to (6.2), the instantaneous CIR of the plain OFDM can be readily derived as

|SOI{m|2
N—1

Z |Sk—mHk|2

k=0ks#m

CIRoFDM, Tnst = (6.7)

The average CIR can be calculated by averaging the above instantaneous CIR
expression over the distribution of the channel gains. However, the calculation of
the average CIR using multiple integral is overly complicated. Thus, an approximate
average CIR expression can be derived by taking the average of the numerator and
the denominator of (6.7) separately. As it is a good predictor of the average CIR and
simple enough to compare different schemes [4], the approximate average CIR is
utilized for the CIR derivation in this chapter. Then, the CIR of the plain OFDM is

1S01” E {Hnl?}
CIROFDM = N1 . (68)
> ISnl E{H2)
k=0,k#%m
AsE{|H|*} = E{|H. [’} = 1.

S 2

CIRorpM = % (6.9)
YIS
k=1,k#m

6.3.2 MSR

For the MSR scheme, the conversion operation is adopted. The transmitted data
symbols in the FD after the ICI self-canceling modulation are X| = —Xy—; = X,
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Xy = Xy—2 = Xo, ..., iN/z—l = —izv/2+1 = Xy/2-1, and Xo = YN/z = 0.
According to (6.5), the decision variable at the mth subcarrier (m € {1,--- ,N/2 —
1}) becomes

Xp=H'Y, —H'\_ Yy_,

- (SO |I_Im|2 + SO |I_IN—m|2 - S—ZmH:,;HN—m - SZmH;\(/_mHm)Xm

N/2—1

+Z (Sk—mH ; Hx + Sm—iHy_ Hn—k — S—k—mH  HN—k — SmticHy—, Hi) X
k=1ksm

+ H W, — H_, Wy

The factor 1/(|H|* + |Hy—n|?) is removed from the decision variable expression,
as it does not affect the CIR value. The CIR at the mth subcarrier is expressed as

|
N/2—1

2
D B S i Sy tH3 k=St H s Hy—k =S Hi |
k=1k%#m

E % ’SO(IHm|2 + |HN—m|2)_S—2mH;HN—m_SZmH;_mHm

CIRmsR (m)=

For the multipath Rayleigh fading channels, the CIR of the MSR scheme at the
mth subcarrier is given by

L—1 . . 5

A A
Z 0-14 ‘ZS() - S*Zine] N S2me I lm
=0

CIRpsR (M=

N/2—1 —1 , ) 2
k=1k7#=m=0
(6.10)
and the derivation is given in Sect. 6.3.2.1.
For the flat fading channel, i.e., L = 1, the CIR becomes
|2S0_S2m_S—2m |2
CIRpsR (1) = NI (6.11)
2
Z |Skm S (kem) —Sktm—S—(4m)
k=1k#m

As Sy + S—¢ ~ 0, the CIR of the MSR scheme can be markedly improved.
The average CIR of the MSR scheme is then given by

N/2—1
ClRusg = +— > CIRyisk (m). (6.12)

m=1
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6.3.2.1 Derivation of CIR of MSR

The channel response at subcarrier m is given by H,, = z 0 ) e %™ Accord-
ingly,

L—1 L—1
So(H|* + | Hy—m|*) =S —aomHjyHy—m—SomHy_pyHw = Y > IrhyFy(a.b),
a=0 b=0

where F(a,b) = Soe ¥ 0=am 4 oo ¥ b=am _g , oi¥(@tbm _g, =% @tbm
Then,

2
S0+ [E- ) =S—anH Hyv- =S

L

[\

1L—-1L-1L—-1

B hyh h Fy(a, b)F} (c.d).

a

0 b=0 ¢=0 d=0

S
Il

a

The multipath Rayleigh fading channels have the following property:

Ellha|*t, a=b=c=d
E {hahthoh) = o{| ¥ T ‘
, else.

Based on this property, we can obtain

2
]E { ’S()(|Hm|2+ |HN—m|2)_S—ZmH:,HN—m_SZmH;\:/_mHm’ }

~

E{Iml*} IF (0

T
- o

3" 20} ‘250 Sl T 5,

~
(=]

In a similar way,

Sk—mH )y Hx +Sm—icHy_ HN—k — S—k—mH 5 HN— — Sk Hyy—, Hi

L—1 L—1

=Y > krhyFs(a.b),

a=0 b=0
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where F (Cl, b) — Sk—me_j% (kb—ma) + Sm—kej%[ (kb—ma) __ S—k—mej% (kb+ma) __
Sppme I N kbFma) Thep,

B { Sk Hy - SptHi - Nk =S Hy 4 = S Hy, Hi [}

L—-1

S E{Imf*} IR0 0P

=0

Thus, CIRysr in (6.10) can be obtained.

6.3.3 MCSR

Similarly, for the MCSR scheme, the conjugate operation is adopted. Accordingly,
we have X1 = X]t/—l = Xl, X2 = X?\(/—Z = Xz, e XN/2—1 = X://Z-H = XN/2_1, and
’)\('0 = ’}?N /2 = 0. From (6.5), the decision variable at the mth subcarrier is given by

X = HY, + Hy-nYr_,,
N/2—1

= 60 |Hm |2 +SE)k |HN—m |2)Xm +Z (Sk—mH;:lHk +S:1_kHN—mH[)\$—k)Xk
k=1k#m

N—1
+ Z (Sk—mH;;Hk +S,>:1_kHN—mH;—k)X]>\k/_k +H;;Wm +HN—mW;\;_m~
k=N/2+1

Then, the CIR of the MCSR scheme can be expressed as

2 * 2 2
E ‘So |Hn|” + S5 [Hy—m| ‘

CIRmcsr (M) = (6.13)

N—1
2
> OE {\Sk_mH;;Hk + S HynH] }
k=1,k¢{m,N/2}

For the multipath Rayleigh fading channels, the CIR of the MCSR scheme is

490 {So}?

N—1 5 :
ES]‘ + Sik |
k=1k¢{N/2—m.N—m}

CIRpcsr () = (6.14)
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See Sect. 6.3.3.1 for the detailed derivation. As Sy + ka ~ 0, the CIR of the MCSR
scheme is improved compared with that of the plain OFDM. Note that the CIR of
the MCSR scheme is not affected by the channel length L.

Accordingly, the average CIR of the MCSR scheme is given by

N/2—1
CIRMCSR = m n; CIRMCSR(W[). (615)

6.3.3.1 Derivation of CIR of MCSR
It can be shown that

L—1 L—1 , .

So |Hol? + S \H:_,| = ZZhahZ(Soe—jW”(u—b)m 4 Skl W (@bimy
a=0 b=0
L—1 L—1 ,
= 303 2hann {sgeF e}
a=0 b=0

and

L—1L—-1L-1L-1

So |Hl* + Sy |H1%/—m|‘2 _ Z Z Z Z4hahzh:hd9f {Soe_j%f(a—b)m}

a=0 b=0 ¢=0 d=0
x N {Soe_j%(”_d)m} .

Thus, for the multipath Rayleigh fading channels, we have

L—1
E{(So Hal* + S5 [H3_,,)?} = 4% (o3 Y B {Imf*}
=0
In a similar way,
L=l
Sk—mH;Hk‘i‘S;;_kHN—mH]:\k/_k:Z Z E_jw(kb_ma) (Sk_mh:hb + S;;_khah;:)
a=0 b=0

and

L—1L—-1L—-1L—-1

2 — i 2% ((kb—ma)— (kd—
Sk Hy + Sp_ Hy—mHy_|” = Z Z Z Z oI FE [(kb—ma)—(kd—mc)]
a=0 b=0 c=0 d=0

X (Skfmh;hb + S;;_khah;k)
X (S]f_mhch:; + Sm_kh:hd).
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For the multipath Rayleigh fading channels, we have
-1
E|SuonHrHickSh -ty i = DB A1} (Sl + SicnSs

1=0

LSt 4 Sea)
-1

-y E {|h1|4} |Seem + S5
1=0

Thus, CIRycyT in (6.14) can be obtained.

6.3.4 MCVT

For the MCVT scheme, the conversion operation is adopted. The two consecutive

transmitted OFDM symbols are of the form )_((1) = [Xo,X1,...,Xy—1] and )_((2) =
[—Xo, —XN—1, -..,—X1]. From (6.6), the decision variable at the mth subcarrier
(m=0,...,N—1)is given by

X, = H7)

m=-m

A (6.16)

= [So(e) Hal* + So(e+ Ae) [Hy—nl*| X

N—1
+ Z [Sk—m(e)HHi + Sp—k(e+ Ae)Hy_, Hy—k | Xx

k=0,k#m
+ HWD —H: W 6.17)

where the CFO of the first symbol is ¢, the CFO of the second symbol is e+ Aeg, and
W® (p = 1,2) is the noise at the mth subcarrier of the pth path.
According to (6.16), the CIR of the MCVT scheme can be expressed as

2
B [50e) 1+ Sote+ e von*[ |

CIRMCVT = (6 1 8)

N—1

Z E {|Sk—m(8)H:lHk + Sm—k(8+ AS)HI)\,}—mHN—k iz}
k=0,k#%m
For the multipath Rayleigh fading channels, the CIR of the MCVT scheme is

L—1

1S0(e) + So(e+A)[* Yo

CIRmcvT = =0

N—1 L—1 (6.19)

2 e
I (Sk(s)e‘f%"’ + S k(e + Ag)elzﬁkl‘

=1 1=0

~
~
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The derivation is given in Sect.6.3.4.1. Notice that for Kl <« N, Ske_j%kl +

S_t& N8 ~ S, + S_; ~ 0. Thus, significant CIR improvement can be expected
for a small channel length L.

For the flat fading channel, i.e., L = 1, the CIR of the MCVT scheme becomes

So(€) + So(e+ Ae)|?
CIRyicyr = N_|1 o®) + Sole+ A" (6.20)
> ISk(e) + S_i(e+Ae) |

k=1

6.3.4.1 Derivation of CIR of MCVT

Since

So(€) |Hp|* + So(e+ Ag) [Hy—p|?
L—1 L—1

= ZZhahZ I:SO(g)e—sz”m(a—b) 4 SO(S_i_AS)d'%”m(a—b):I i

a=0 b=0

it can be derived that

L—1L—-1L-1L-1

0(e) B0 P46+ ) | = 3030 37 S hihightha

a=0 b=0 ¢=0 d=0
X [SO (s)e_j%m(“_b)+50 (e+ As)ej%m(“_b)]
X [Sa‘ (e)ejzﬁnm(“_b)—i—Sg (e+ As)e_j%m(“_b)] .
For the multipath Rayleigh fading channels, we have

L—1

= Y E{Inl*} 1S0(e) + So(e+ 20

2
B [Soe) 10+ S+ e v |
=0

In the same way,

Skfm (8)H:1Hk + Smfk (8 + AS)H;\k/—mHka
—1 L—1

= 3D hy [Sim @) TR 45, (o Mgy F ]
a=0 b=0
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and
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For the multipath Rayleigh fading channels, we have
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Thus, CIRpcyT in (6.19) can be obtained.

6.3.5 MCJT
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When the conjugate operation is adopted, we obtain the MCJT scheme. In this

. . . =1
case, the two consecutive transmitted OFDM symbols are given by x

v

[Xo.X1..... Xny—1]and X~ = [X3.X3_,.....X]]. According to (6.6), the decision
variable at the mth (m € {0, 1,--- , N — 1}) subcarrier is given by

< 2)*

X = HY" 4 Hy_, 7

= [Soe) 1Hul? + i e+ Ae) Hy-n | X,
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According to (6.21), the CIR of the MCVT scheme can be expressed as
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For the multipath Rayleigh fading channels, the CIR of the MCJT scheme is
given by

|So(e) + S (e+ Ag)|’
N—1

Z |Sk(e) + ka(8+Ae)|2
k=1

CIRmoyT = , (6.23)

which is derived in Sect. 6.3.5.1. Also, it is worth noting that the CIR of the MCIT
scheme is not affected by the channel length L.

Similarly to MCSR, we see here that the denominator in the CIR expression is
the summation over Si(¢) + S*, (e + A¢), which is approximately zero for k # 0
and small Ae. In addition, by comparing with (6.14), it can be found CIRycj7 &
CIRMCSR when Ag = 0.

Finally, it is worth noting that in flat fading channels, the CFRs at all subcarriers
are the same, and the CFR coefficients are inherently cancelled in the CIR
expression. Thus, the CIR of each scheme, namely, (6.9), (6.11), (6.14), (6.20),
and (6.23), has exactly the same expression as that in AWGN channels.

6.3.5.1 Derivation of CIR of MCJT

It can be readily derived that

L—1L—1
S0(e) |Hn 55 (e Ae) [,y | = 0D hal [So(e)e N @D 4.5 (e Ae)el ¥ (et ]
a=0b=0

and
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Thus, for the multipath Rayleigh fading channels, we have

L—1
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=0
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In a similar way,
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For the multipath Rayleigh fading channels, we have
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Accordingly, CIRycyT in (6.23) can be obtained.

6.3.6 CIR Comparison

To compare the CIR performance among the plain OFDM, the adjacent-mapping-
based schemes, and the mirror-mapping-based schemes, an OFDM system with
N = 1024 subcarriers is considered. Figure 6.5 presents the CIR results of flat
fading channels, i.e., L = 1. For the ICI two-path cancellation schemes, the CIR
results with Ae = 0 and Ae = 0.03 are presented. From the figure, the following
facts can be observed: (1) All mirror-mapping-based schemes express much better
CIR performance than the plain OFDM. (2) MSR and MCSR outperform ASR
and ACSR, respectively. This shows that the mirror-mapping rule has better ICI
suppression capability than the adjacent-mapping rule. The main reason is that for
the mirror-mapping-based schemes, the interference from neighbor subcarriers is
sufficiently suppressed, while there is still some residual interference from neighbor
subcarriers for the adjacent-mapping-based schemes. (3) With Ae = 0, the CIR
curves of the MCSR scheme and the MCJT scheme coincide, and the CIR of the
MSR scheme is close to that of the MCVT scheme. This is because the same
operation is adopted for both schemes. (4) With Ae = 0, the CIR performance
of the conversion-based schemes, namely, MSR and MCVT, is better than that of
the conjugate-based schemes, namely, MCSR and MCIJT. This is because in their
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Fig. 6.5 CIR comparison among the plain OFDM, the adjacent-mapping-based schemes, and the
mirror-mapping-based schemes for different values of ¢ over flat fading channels

CIR expressions S; + S*, ~ 0 is a rougher approximation than Sy + S_; ~ 0.
(5) With Ae = 0.03, the CIR performance of the MCVT scheme and the MCJT
scheme is degraded due to the CFO deviation between the first OFDM symbol and
the second OFDM symbol.

Figures 6.6 and 6.7 present the CIR results of multipath Rayleigh fading
channels. Assume each channel tap has the same power, i.e.,0f = 0f = --- = 0/_,.
The effect of the channel length L is investigated. From the figure, it can be
observed that for the multipath Rayleigh fading channels, the mirror-mapping-based
schemes have better CIR performance compared with that of the plain OFDM. The
CIR performance of the plain OFDM and the conjugate-based schemes, namely,
MCSR and MCIJT, is not affected by the channel length L. For the conversion-
based schemes, namely, MSR and MCVT, the CIR performance is degraded with
the channel length L.

In summary, based on the CIR results of flat fading channels and multipath
Rayleigh fading channels, we conclude that our proposed mirror-mapping-based
schemes can effectively mitigate ICI.

6.4 Sea Experimental Results

Up to now, we have shown theoretically the effectiveness of the mirror-mapping-
based schemes in multipath Rayleigh fading channels with simple CFO. In this
section, we verify the applicability of our proposed schemes in UWA communi-
cations by sea experiments.
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Fig. 6.8 Geographical locations of transceiver nodes. The GPS coordinates of nodes 4, 5, and
9 are (N22.66038, E120.21450), (N22.64844, E120.21405), and (N22.64169, E120.23450),
respectively. Their relative distances are 1549.58 m (from node 4 to node 5), 2187.60 m (from
node 5 to node 9), and 3377.72 m (from node 9 to node 4)

6.4.1 Experimental Settings

The experiment was conducted in a sea area about 3 km east of Gushan, Taiwan,
in May 21-22, 2013, which is illustrated in Fig. 6.8. Three nodes were deployed,
i.e., node 4, node 5, and node 9, each of which consisted of one transducer and four
hydrophones. The sea depth is around 20 m and the node depth is around 10 m. The
transducer and the hydrophones may drift due to waves. During the sea test, the
nodes transmitted with each other and the received data packets were recorded.
The basic system parameters are provided in Table 6.1. The bandwidth of the
system is 5.36 kHz. The total number of subcarriers is 1600, within which there
are 1278 data subcarriers, 214 pilot subcarriers, and 108 null subcarriers. The
guard interval has a length of 50 ms, which is much longer than the maximum
channel delay spread. The pilot subcarriers are used for channel estimation. For
the ICI two-path cancellation schemes, the pilots are uniformly inserted among the
data subcarriers. However, for the ICI self-cancellation schemes, to avoid loss of
spectral efficiency, the mirror-mapped pilot structure has to be adopted. Thus, the
ICI self-cancellation schemes do not facilitate the OFDM system standardization.
In addition, QPSK modulation is adopted for the mirror-mapping-based schemes.
To demonstrate the performance of the mirror-mapping-based schemes, there
are two benchmark candidates, both of which have the same spectral efficiency as
the mirror-mapping-based schemes. The first one is the plain OFDM with BPSK
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Table 6.1 System

. Sampling rate at the transmitter | 48 kHz
parameters

Sampling rate at the receiver 48 kHz
Signal bandwidth 5.36kHz
Carrier frequency 17kHz
Number of total subcarriers 1600
Number of data subcarriers 1278
Number of pilot subcarriers 214
Number of null subcarriers 108
Subcarrier spacing 3.35Hz
OFDM symbol duration 299 ms
Guard interval 50 ms
Number of hydrophones 4
.| —e—oFDm-B
—&— OFDM-QH
i

SNR

Fig. 6.9 BER performance comparison between OFDM-QH and OFDM-B for CFOs ¢ =
0,0.1,0.2. The total subcarrier number is N = 1024, the bandwidth is 6 kHz, and the channel
spread length is 9 ms. For OFDM-QH, Gray code is adopted for QPSK modulation

modulation (OFDM-B). The second one is the OFDM scheme with half of total
subcarriers occupied by QPSK data symbols and each of data symbols surrounded
by two null subcarriers (OFDM-QH). For OFDM-QH, the ICI from direct neighbors
is removed. Figure 6.9 compares the BER performance of OFDM-B and OFDM-QH
under different CFOs. It is found that OFDM-B has lower BER than OFDM-QH in
low-medium SNR range (SNR< 20, BER> 1073). This is because of the higher
symbol detection error for QPSK modulation. Considering high signal attenuation
of UWA channels and relatively low SNR at the receive hydrophones, OFDM-B,
the one with better BER, is chosen as the benchmark in the sea experiment.
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Fig. 6.10 Frame structure

The frame structure for transmission is given in Fig. 6.10. The transmitted frame
consists of a preamble, transmitted OFDM data symbols and a postamble. We
allocate five OFDM symbols with BPSK modulation for the plain OFDM and ten
OFDM symbols with QPSK modulation for either the ICI self-cancellation schemes
or the two-path cancellation schemes. Therefore, 17 OFDM symbols are involved
in each frame in the experiment. In addition, Gray code is adopted for QPSK
modulation. Depending on the ICI cancellation structure at the last ten OFDM
symbols, there are four different frames, implementing the MSR scheme, the MCSR
scheme, the MCVT scheme, and the MCJT scheme, respectively. In the experiment,
ignoring preamble and CP overhead, the data rate of mirror-mapping-based schemes
and OFDM-B is 4.27 kbps.

6.4.2 Time Synchronization and Resampling

For time synchronization, the received signal is correlated with the preamble and the
postamble to obtain the starting and ending time of the received data frame. Then,
the resampling factor is calculated by comparing the received signal length and the
transmitted signal length. Finally, to remove the major Doppler effect, the received
signal is resampled according to the resampling factor [1].

6.4.3 Channel Estimation

The CFR of each subcarrier can be estimated via the received signals on the
pilot subcarriers. The CFRs on the pilot subcarriers are estimated first. Then
the CFRs on the data subcarriers can be obtained through the piecewise cubic
spline interpolation. To combat the time-varying feature of UWA channels, channel
estimation is done for each OFDM symbol.

6.4.4 Experimental Results

To obtain the BER results and enable the fair comparison of different schemes,
the packages with indices “M0000043.DAT,” “M0000044.DAT,” “M0000046.DAT,”
“MO0000047.DAT,” “M0000049.DAT,” “M0000050.DAT,” “M0000052.DAT,” and
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Table 6.2 Packet information

Packet index Scheme | Effective SNR | Transmit time T-R Pair
MO0000043.DAT | MCIT 12.47 18:16:00 05/21/13 | N5-N9
M0000044.DAT | MCIT 12.55 18:16:25 05/21/13 | N5-N9
MO0000046.DAT | MCSR | 12.27 18:16:55 05/21/13 | N5-N9
MO0000047.DAT | MCSR | 12.15 18:17:21 05/21/13 | N5-N9
MO0000049.DAT | MSR 12.21 18:17:51 05/21/13 | N5-N9
MO0000050.DAT | MSR 12.29 18:18:16 05/21/13 | N5-N9
MO0000052.DAT | MCVT | 12.31 18:18:46 05/21/13 | N5-N9
MO0000053.DAT | MCVT | 12.36 18:19:11 05/21/13 | N5-N9
0.16 B Plain OFDM
0.14 (QPSK)
0.12 Plain OFDM
0.1 (BPSK)
0.08 MSR
0.06
0.04 MCSR
0.02 .
0 [ | _——
®MCVT
?/\ Q:\’ 0’5 Q/k
& & & & = MCJT
R R R R
S S S S
N by & N

Fig. 6.11 BER performance of the plain OFDM and the mirror-mapping-based schemes. For each
hydrophone, the bars from left to right represent the OFDM-Q scheme, the OFDM-B scheme, the
MSR scheme, the MCSR scheme, the MCVT scheme, and the MCJT scheme, respectively

“MO0000053.DAT” are utilized with their information provided in Table 6.2. They
are transmitted consecutively with similar receive SNR levels and through the
same transmitter-receiver (T-R) pair. Figure 6.11 illustrates the BER performance
of OFDM-B, the mirror-mapping-based ICI cancellation schemes, and the plain
OFDM with QPSK modulation (OFDM-Q). The BER of OFDM-Q is calculated by
means of directly decoding the mirror-mapping-based schemes without combining
data subcarrier pairs, and thus ICI is not suppressed. As expected, all mirror-
mapping-based schemes have lower BER than OFDM-B and OFDM-Q for all
hydrophones. This confirms that the mirror-mapping-based schemes can achieve
superior ICI mitigation in OFDM UWA communications.

6.5 Summary

In this chapter, to mitigate the detrimental effect of ICI in OFDM UWA commu-
nications, we have proposed four effective low-complexity mirror-mapping-based
ICI cancellation schemes without explicitly estimating ICI coefficients or CFO and
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derived their CIRs in multipath Rayleigh fading channels. From the theoretical
analyses and numerical results, it has been revealed that the mirror-mapping-based
schemes outperform the plain OFDM and the adjacent-mapping-based schemes.
By comparing the ICI self-cancellation schemes and the ICI two-path cancellation
schemes, the ICI self-cancellation schemes, namely, MSR and MCSR, are robust
against the CFO deviation between the first OFDM symbol and the second
OFDM symbol. However, they require the mirror-mapped pilot structure, which
does not facilitate the OFDM system standardization. In addition, compared with
the conjugate-based schemes, the conversion-based schemes, namely, MSR and
MCVT, have better CIR performance. However, their CIR performance degraded
for multipath Rayleigh fading channels with large channel length. Thus, the scheme
selection depends on the actual system requirement and channel conditions. Finally,
all mirror-mapping-based schemes have been tested in a recent sea experiment
conducted in Taiwan in May 2013. Decoding results have shown that the proposed
mirror-mapping-based schemes provide much lower BER than the plain OFDM.
This confirms that the mirror-mapping-based schemes are very effective for ICI
mitigation in OFDM UWA communications.
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Chapter 7
Conclusions and Future Directions

7.1 Conclusions

In this monograph, we designed the energy-efficient and reliable dual-hop RA-UAC
protocols from three aspects, namely, power allocation, decomposed fountain codes
design, and packet transmission reliability.

First, we investigated the power allocation issues in two scenarios, namely, short-
range RA-UAC and medium-long-range RA-UAC. For the short-range RA-UAC,
the source and the relay compute their optimal power allocation and distribution
over all OFDM subcarriers based on received CSI feedback. Channel prediction is
implemented at the receiving nodes to compensate the channel variation during the
feedback signal propagation. Due to the band-limited feature of UAC channels, the
Lloyd quantizer is used to quantize CSI efficiently. For the medium-long-range RA-
UAC, due to the overlong propagation delay, CSI feedback could be nullified even
if Doppler compensation and channel prediction are implemented at the receiving
nodes. Under this circumstance, statistical CSI can be utilized when calculating
the power allocation between the source and the relay(s). According to the power
allocation results, we proposed a practical asynchronous relay selection protocol
to let the relay with the best channel condition statistically transmit, while other
relays keep silent. To avoid links interference, the asynchronous transmission was
carefully designed such that the DL signal and the RL signal arrive at the destination
at different time periods, and MRC is implemented at the destination to collect
delay diversity. It has been verified that both of the short-range adaptive RA-UAC
system and the long-range RA-UAC system with selective relaying outperform the
traditional RA-UAC system with the uniform power allocation.

Secondly, we designed a new type of hybrid DLT codes for dual-hop RA-UAC
to improve energy efficiency and accuracy. To facilitate codes construction, a novel
nonnegative polynomial decomposition algorithm was proposed for better accuracy
and simpler implementation. Then the encoding and distribution decomposition
schemes for the new type of h-DLT codes, i.e., h-DLT II codes, were presented.
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Numerical results show that the h-DLT II codes achieve similar performance as
the primitive LT codes, and simulations reveal that the h-DLT II codes assisted
cooperative communications scheme outperforms the original h-DLT codes assisted
cooperative communications scheme with much smaller communication cost.

Finally, to ensure the packet transmission reliability in RA-UAC, we proposed
four effective low-complexity mirror-mapping-based ICI cancellation schemes to
suppress the ICI power level caused by the Doppler effect in UWA channels.
All mirror-mapping-based schemes have been tested in a recent sea experiment
conducted in Taiwan in May 2013. Decoding results have shown that the proposed
mirror-mapping-based schemes provide much lower BER than the plain OFDM
under the same spectral efficiency. This confirms that the mirror-mapping-based
schemes are more reliable than the plain OFDM in UAC.

7.2 Future Directions

In this monograph, we mainly studied three techniques in dual-hop RA-UAC to
improve its reliability and energy-efficiency. However, their potential in UWASNs
has not been fully explored. There are still many open problems regarding their
applications to UWASN.

First, only the dual-hop RA-UAC is considered, where there exists only one
source, one destination, and one/multiple relay(s). However, in UWASN, multi-
hop communications is more common and general. The techniques such as power
allocation calculation, the adaptive system design, etc. have to be reinvestigated
when applying these techniques to the general scenario.

Secondly, the hybrid DLT codes in the multi-user system are worth investigating,
where the relay could receive multiple packets from different sources and transmit
encoded packets to the destination. For this scenario, it is interesting to investigate
the DDP design, the storage scheme, and TDMA transmission scheduling between
the sources and the relay.

Thirdly, we only consider single transmitting/receiving antenna at all nodes.
Multiple-input multiple-output (MIMO) techniques allow multiple data streams to
coexist over the band-limited UWA channels. Integrating MIMO techniques into
RA-UAC could boost the data rate. Some research problems brought by MIMO
techniques include the power allocation and the adaptive system design in MIMO-
based RA-UAC. In addition, the mirror-mapping-based ICI cancellation techniques
are promising in MIMO systems. This is because for MIMO systems, each data
stream has different Doppler shifts. Explicitly compensating Doppler shifts or
estimating ICI coefficients all together is difficult. The mirror-mapping-based ICI
cancellation techniques can suppress the ICI power level caused by each Doppler
shift all together implicitly. Therefore, it has the potential to combat the Doppler
effect in MIMO UAC effectively with the low receiver complexity.
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