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SUMMARY

This thesis work aims at analysing the performance of efficient cooperative tech-
niques and of smart antenna aided solutions in the context of wireless networks.
Particularly, original contributions include a performance analysis of distributed
coding techniques for the physical layer of communication systems, the design of
practical efficient coding schemes that approach the analytic limiting bound, the
cross-layer design of cooperative medium access control systems that incorporate
and benefit from advanced physical layer techniques, the study of the performance
of such solutions under realistic network assumptions, and, finally the design of
access protocols where nodes are equipped with smart antenna systems. The con-
tributions presented in this dissertation are the result of a three-year study period
as a Ph.D. student in information engineering at the Telecommunication Group of
the Department of Engineering and Architecture at the University of Trieste and
of a visiting period at the Communications Research Group of the University of
Southampton.

Mobile communications have recently experienced a rapid growth, due to the
increasing users' request to provide real time information independently by their
position. Nowadays, smartphones and personal digital assistants are able to con-
nect to both 3G networks and 802.11 compliant wireless networks. New devices,
such as tablets, “netbooks' and “ultrabooks' have seen a wide diffusion as they
provide applications, usually available on more powerful desktop computers, on
smaller terminals, characterized by a low weight and a long battery life, and hence
“mobility" oriented.

Despite this recent interest in cable-free communications, wireless links were
always characterized by a lower bandwidth compared to the one offered by their
wired counterparts. This fact limited the quantity of information that could be re-
liably delivered to a mobile user.

A solution to increase the "quality" of wireless links was given by the introduc-
tion of multiple-Input multiple-output techniques. Multiple-input multiple-output
systems provide a way to achieve a higher throughput in a mobile communication,
however this enhancement comes at the cost of multiple radio frequency frontends
at both the transmitter and the receiver. The main drawback of multiple-input
multiple-output is that accommodating more antennas on a single device is not al-
ways possible, as the small size of some mobile equipment could not allow it.

Recent studies on cooperative communications addressed the problem of
squeezing multiple antennas on tiny handheld devices with a new design approach.



In a cooperative scenario, nodes equipped with a single antenna share their inform-
ation to form a virtual antenna array, achieving the same spatial diversity provided
by the standard co-located multiple-input multiple-output design, without employ-
ing multiple radio frequency frontends in every device.

Another approach for increasing the capacity of a wireless network is to host
multiple communications at a single time, hence reducing the mutual interference
among communicating nodes using beamforming techniques. Particularly, smart
antenna systems, which are composed by an antenna array that contains mul-
tiple radiating elements and by signal processing algorithms for feeding such ele-
ments, allow mitigating the interference from undesired sources and hence may be
equipped on wireless stations for enabling concurrent transmissions with the end
result of improving the user experience.

This thesis provides novel results and insights on the physical and medium
access control layers of a cooperative system. Particularly, the thesis shows ana-
lytic results for the performance of a distributed coding system adopting retrans-
missions, and proposes a design approach for contriving practical coding schemes
that perform close to the bounding performance. Such efficient coding schemes
are later amalgamated with cooperative medium access schemes in a cross-layer
design fashion. Furthermore, the performance of cooperative medium access con-
trol protocols are evaluated under realistic assumptions for the network environ-
ment, and novel schemes are proposed for mitigating the impairments incurred
when nodes rely on imperfect knowledge of the scenario where they operate in. Fi-
nally, the thesis proposes practical medium access control systems where a higher
network performance is obtained by hosting multiple communications at a single
time. Such novel systems are designed to be backward compatible with the legacy
IEEE 802.11 standard, and hence are a practical solution for improving the network
performance without modifying the network infrastructure. The performance of
such systems is simulated for many network scenarios, demonstrating the actual
throughput increase over the legacy IEEE 802.11 standard.

This thesis is composed of two parts. The first part summarises literature works
that are relevant as background for the main contributions of the dissertation. The
second part presents the novel results obtained during the Ph.D. studies in a co-
herent fashion and contains the main contributions of this work. Both parts are
divided into chapters, and the whole work is organised as follows.

The background part is divided into three chapter.

e The first chapter summarises the main properties of a wireless channel, with
a particular focus on the fading phenomenon. The chapter also reviews the
techniques that are used for mitigating the impairments imposed by the time
varying channel, such as adaptive systems and diversity. Among the differ-
ent approaches to diversity, a particular interest is given to multiple-input
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multiple-output techniques, which motivate the cooperative approach. Co-
operative physical layer techniques are discussed in detail in the rest of the
chapter, which also contains an overview of literature works that studied dis-
tributed channel coding solutions.

e The second chapter reviews the IEEE 802.11 standard for wireless networks,
focusing on the medium access scheme aspect. The chapter then analyses
literature works that extended the IEEE 802.11 access scheme by introducing
a cooperative approach. Particularly, the chapter details the design choices
and problems that are encountered when allowing [EEE 802.11 stations to
cooperate. Finally, the chapter briefly reviews the most popular cooperative
medium access control schemes found in the literature.

e The third chapter concludes the background section by presenting the main
limitations of literature works that target cooperation. These limitations
motivate further research on cooperative communications. Particularly, the
chapter outlines the research lines followed in this work and finally summar-
ises the main contributions of the thesis.

The following four chapters present novel results.

e Chapter four introduces an analytic framework for determining the limiting
performance of cooperative coding schemes. The novel framework is based
on the sphere-packing bound and hence does not rely on the adoption of a
specific encoder, rather it considers generic characteristic of the code scheme.
The framework is shown to be an accurate benchmark tool for existing coding
techniques. Furthermore the chapter shows that the analysis may be used for
deriving the throughput and delay performance of an adaptive cooperative
system.

e The fifth chapter addresses the design problem of finding efficient distrib-
uted codes that are capable of approaching the limiting performance derived
in the previous chapter. Particularly, the chapter presents a design strategy,
based on a genetic algorithm aided optimisation technique, for contriving
distributed turbo code schemes showing a satisfactory performance over a
wide range of channel conditions. The chapter also addresses the problem
of determining the performance in the low signal to noise ratio region of a
turbo code that is punctured in a periodic way by introducing a novel tri-
dimensional extrinsic information transfer chart technique.

» Chapter six considers the design of cooperative access protocols for wire-
less networks. Particularly, the chapter adopts a cross-layer design approach
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for amalgamating advanced physical layer techniques with medium layer as-
pects. The chapter than derives the performance of the designed cross-layer
access schemes, and discusses the impact of distributed physical layer coding
on the medium access control layer performance.

e The seventh chapter analyses the performance of cooperative medium access
control schemes that rely on imperfect knowledge of the network character-
istics. Furthermore, the chapter proposes novel protocols, that are based on
Markov prediction techniques, which mitigate the performance downgrade
experienced when the relay selection algorithm does not have access to per-
fect channel estimates.

e Chapter eight addresses the design of high throughput wireless networks
that rely on smart antenna equipped stations for hosting multiple commu-
nications at a single time. The chapter presents some guidelines for contriv-
ing schemes for wireless networks composed by smart antenna aided nodes.
Such guidelines are used as a base for designing two novel access schemes
that are backward compatible with the IEEE 802.11 standard and are shown
to provide a throughput increase by obtaining spatial reuse.

Finally, chapter nine contains a discussion of the results presented in this thesis,
along with a description of future possible improvements of the topics covered in
this work.
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COMMUNICATIONS ON A WIRELESS
CHANNEL

This chapter reviews the characteristics that define a wireless communication chan-
nel and presents techniques that are used for mitigating the impairments incurred
when transmitting on a radio channel. Particularly, adaptive strategies and the co-
operative approach are reviewed, since they are the main area of interest of the
thesis.

1.1 THE WIRELESS CHANNEL

In awireless channel a transmitter and a receiver exchange information over aradio
interface. A wireless communication is characterised by reflections, refractions,
diffractions and scattering. The ultimate result of these propagation characteristics
is that the received signal is composed by the superposition of different replicas of
the transmitted signal. Such phenomenon is referred to as multipath. Furthermore,
the propagation is also influenced by mobility, which causes short term fluctuations
(fading) and long term fluctuations (shadowing) of the received signal power.

1.1.1 FADING

As previously introduced, the signal received in a wireless channel is composed of
many replicas of the same transmitted signal, that are shifted in phase and attenu-
ated because of reflections, refractions, diffractions and scattering. Such phenom-
ena, and the additional influence of mobility, determine a fast fluctuation of the
power of the received signal. This behaviour is referred to as multipath fading, and
is detrimental for the performance of the wireless system. Particularly, the effect of
fading may be modelled by multiplying the received signal by a complex quantity



Chapter 1. Communications on a wireless channel

h(t) that represents the signal variation in amplitude and phase incurred because
of fading itself.

The fading properties are characterised by its statistic at a given time instant,
and by the correlation over two different time instants. Many statistics may be used
for modelling the fading behaviour, such as the Rice statistic, the Nakagami statistic
and the Rayleigh one. This work considers Rayleigh fading, which indicates the
particular situation where the direct path between the transmitter and the receiver
is absent, and hence the entire signal is received through multipath propagation.

For characterising the instantaneous time property of Rayleigh fading, denote
the fading value at a time t by h(t), and its in-phase and quadrature components
by h;(t) and h,(t), respectively. When considering Rayleigh fading, the in-phase
and quadrature components of fading may be modelled as independent Gaussian
random variables having a mean equal to zero and variance equal to % Hence, the
probability density functions of h;(t) and h,(t) may be written as:

1 —(z-1)?
Prr(2) = —=e ) (1.1)
N3
1 —(z—-1)?
Pn (t)(Z) = —=€ . (1.2)
Q N

Such probability distribution for the in-phase and quadrature components trans-
lates to a variation of the received power due to the fading that is exponentially
distributed, and follows the law:

Pz (2) = e (1.3)

The Rayleigh fading model accounts for the distribution of the received signal
envelop during a particular time instant. The temporal characteristic of the fad-
ing process is instead influenced by the Doppler effect, which accounts for the re-
lative velocity between the transmitter and the receiver. The Clark model [1] is
usually considered as the classic approach for accounting for the time variation of
the fading process. Particularly, the Clarke model assumes that received signals
are uniformly distributed over the whole azimuth domain. Under such assump-
tion, the correlation between the in-phase components, and similarly between the
quadrature components of the fading values at two different time instants may be
expressed as:

E(hy (), by (t + 1)) = Jo(2mfqT), (1.4)
E(ho (1), ho(t + 1)) = Jo(21fyT), (1.5)

where J, is the zero-order unmodified Bessel function of the first kind and f; is the
Doppler frequency. The in-phase and quadrature components of fading values are
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1.1. The wireless channel

independent. Such correlation property between in-phase and quadrature signal
components translates to a correlation law between the power gains received in
different time instants that may be written as:

E(R@®I% 1h(t + DI*) = J§ 2rfa1). (1.6)

The time characteristics of the fading process depend on the value f;7. In the
case where f;7 << 0.1 the fading is referred to as slow fading, being the fading
values highly correlated over time. The opposite case is referred to as fast fading,
where fading values are less correlated over time.

1.1.2 THE EFFECTS OF FADING ON THE SYSTEM PERFORMANCE

Fading has a detrimental influence on the system performance. Particularly, it in-
creases the error ratio of digital transmissions over the channel. Consider, for ex-
ample, an uncoded transmission using the Binary Phase Shift Keying (BPSK) mode.
The Bit Error Ratio (BER) P,(y) of such system over an Additive White Gaussian
Noise (AWGN) channel, where the transmission is affected by noise, but the signal
does not experience fading and hence is received at a constant Signal to Noise Ratio
(SNR) v, is given by:
P =0 (V2r). (1.7)
When the signal is affected by Rayleigh fading, the SNR value y fluctuates over

time, and may be written as y = |h|*T, with I being its expected value. The average
BER of such system may be obtained as:

+o00
R0 = eh = [ Q(VET) pup(5)ds, (L8)
0
For a Rayleigh fading scenario, after some manipulations, one obtains:
P,(T) = ! 1 d 1.9
3( )_ 2 1 + 1—1 " ( . )

Figure 1.1 compares the BER performance of the uncoded BPSK system over the
AWGN channel and over the Rayleigh faded channel. It can be seen that the BER
performance is much worse in the faded scenario. Such observation is more gen-
eral, and it applies to both uncoded and coded scenarios [1].

The next section reviews techniques that allow mitigating the negative effects of
fading on the system performance. Particularly, adaptive and cooperative systems
are reviewed, since they are the main topics covered in the rest of this thesis work.
A complete review of the characteristic of the fading channel and techniques used
to overcome its negative effects may be found in [2].
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Figure 1.1: Comparison between the performance of an uncoded system using the
BPSK modulation mode in non-faded and faded environments.

1.2 ADAPTIVE TECHNIQUES

As detailed in the previous section, the fading phenomenon translates to a SNR
value that varies over time. Such variation of the channel quality is detrimental for
the system performance, and it ultimately may result in a failed transmission, when
the channel quality does not support the particular selected transmission mode.

Adaptive techniques, as the name suggests, try to adapt the transmission mode
to the instantaneous channel condition. In particular, they aim at selecting the
transmission mode (e.g. the modulation mode, the coding rate) that provides the
most prompt transmission and has a success rate higher than a target threshold
given the instantaneous channel conditions.

Many research works considered the problem of selecting the transmission
mode when knowing the instantaneous channel quality. These papers share the
base idea that using a higher modulation mode or a lower coding rate when the
channel condition is high, and reducing the modulation order or increasing the code
rate when the channel condition is low, provides an increased bandwidth efficiency
than using the same transmission technique independently from the channel state.
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Particularly, reference [3] considers an uncoded system operating on a fading
channel. This work shows using both theoretical and experimental means that se-
lecting the transmission characteristics according to an instantaneous channel pre-
diction allows the system designer to achieve an increased performance in terms
of error probability.

A different point of view is considered in [4], where the characteristics defining
the transmission of a user, including the transmission power and the bit rate, are
adapted to the particular service level that the user requires.

References [5, 6] consider instead a coded system, where the adaptive regime
matches the selected modulation mode and code rate to the instantaneous channel
quality. Again, the papers confirm that adaptive strategies are an efficient solution
for mitigating the negative effects experienced in time varying channels.

The introduction of turbo codes [7] and the rediscovery of Low Density Parity
Check (LDPC) codes motivated additional research on adaptive algorithms for ex-
ploiting the near capacity performance achieved by such coding techniques. Partic-
ularly, the works of [8, 9, 10] study adaptive techniques when turbo codes are used
for transmitting information on a time varying channel. LDPC codes are instead
taken into account in references [11, 12, 13, 14, 15]. Again, the above mentioned
works show that adaptive techniques, where the coding rate and other character-
istics of the encoding technique are adapted to the channel quality, are an efficient
and practical solution for addressing the variance over time of a faded channel.

1.3 DIVERSITY TECHNIQUES

The previous section shown that the time varying nature of the wireless channel
may be tackled by using transmission schemes that adapt their characteristics to
the instantaneous channel quality. However, such schemes typically require a feed-
back channel or either rely on estimation mechanisms for obtaining information on
the actual channel state.

Another approach for mitigating the negative effects of fading is diversity. Di-
versity techniques overcome the impairments imposed by the fluctuation of the re-
ceived signal by providing different replicas of the same information to the receiver
in a way such that the replicas experience independent fading. The idea behind di-
versity is that at least one among such replicas will be received with a sufficient
quality for supporting the communication.

1.3.1 THE EFFECTS OF ADOPTING DIVERSITY TECHNIQUES

Diversity techniques typically combine the different replicas, and the optimal com-
bining strategy is the Maximal Ratio Combining (MRC), where the replicas are re-



Chapter 1. Communications on a wireless channel

phased and weighted according to the fading that they experienced during trans-
mission. The end result of adopting MRC is that the recombined signal is character-
ised by a SNR value that is the sum of the SNR values of the single replicas. Partic-
ularly, denote the SNR of the [-th replica at a time t by y;(t). The SNR of the signal
obtained by using the MRC combination is:

r(®) = ) n®. (1.10)
=1

By calculating the probability density function of the SNR of the signal obtained
after the MRC combiner for a given fading statistic, one may observe that the ulti-
mate effect of such a combination technique is to reduce the variance of the SNR.
For exemplifying the effects of diversity and MRC combining on the received signal
quality, Figure 1.2 compares the probability of receiving a signal characterised by
a particular SNR value both for diversity aided scenarios and for the case where no
diversity techniques are used under Rayleigh fading. For the sake of having a fair
comparison, a transmit power that is L times less than the one used for the single
transmission without diversity is given to each replica of a scenario where diversity
with L replicas is considered. It can be seen that using diversity increases the prob-
ability of receiving a signal with quality closer to the average SNR value, while the
most likely SNR value when no diversity technique is adopted is the zero value. Fig-
ure 1.2 is obtained using Monte-carlo simulations, though analytic results may be
found in [1].

The effect of MRC on the SNR distribution influences the system performance.
In particular, having a higher probability of receiving a signal characterised by a bet-
ter quality translates to an improved BER performance. Figure 1.3 shows the BER
performance averaged over fading realisations of an uncoded transmission using
the BPSK modulation mode for the case where no diversity is provided and for the
case where L independently faded replicas are combined by the receiver. It can be
seen that diversity techniques significantly improve the BER performance of the
system, and hence are an effective way for mitigating the impairments of fading.

1.3.2 DIVERSITY USING MULTIPLE-INPUT MULTIPLE-OUTPUT
SOLUTIONS

Many approaches may be adopted for providing L independent replicas at the re-
ceiver for activating the benefits offered by diversity. The most common ones are
summarised in the following.

e Frequency diversity: The transmitter sends the same message on L differ-
ent frequencies, separated by a frequency value that must be equal or higher
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Figure 1.2: Probability density function of the received SNR after MRC combining,
forI'=10dB.

than the coherence band value characterising the channel. The main disad-
vantages of frequency diversity are its high bandwidth requirement and the
fact that the coherence band value is typically unknown a priori.

e Time diversity: The transmitter sends L replicas at different times, separated
by atleast 0.1/f; seconds, where f; is the normalised Doppler frequency. The
main drawbacks of time diversity are a throughput decrease and the correl-
ation between f; and the users' mobility: particularly, if the transmitter and
the receiver are not in motion, time diversity may suffer from high correlation
between replicas.

e Polarisation diversity: The signal is sent using both vertical and horizontal
polarisations, or with right and left circular polarisations. In order to employ
polarisation diversity the transmitter has to collaborate. Furthermore, for
polarisation diversity, L may only assume the value of L = 2.

e Antenna diversity: The receiver is equipped with L antennas, separated by a
distance equal at least to 1/2, being 4 the wavelength value. The main disad-
vantage of antenna diversity is that it increases the receiver complexity.
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Figure 1.3: Comparison between the performance of an uncoded system using the
BPSK modulation mode and receiving a different number of independ-
ently faded replicas.

A modern way to interpret antenna diversity was proposed by Alamouti [16]
and refined by Tarokh et al. [17] with the introduction of Space-Time Block Codes
(STBCs). The diversity schemes proposed by Alamouti and Tarokh et al. target
Multiple-Input Multiple-Output (MIMO) channels. A MIMO channel is a network
scenario where both the transmitter and the receiver are equipped with multiple
antennas. The key idea of Alamouti's work was to spread the symbols at the trans-
mitter over successive time instants and map them in a particular way to transmit
antennas. Such mapping over the temporal and spatial domains, which in Alam-
outi's work was limited to two antennas at the transmitter, was shown to obtain
the same degree of diversity of the classic two-antenna receiver diversity [16]. Tar-
okh et al. extended Alamouti's findings by providing schemes for different values
of transmit antennas [17]. These mapping schemes over time and antennas are re-
ferred to as space-time block codes. The work of Tarokh et al. further proved that
a STBC aided transmission system operating on a MIMO scenario where the trans-
mitter is equipped with N, transmit antennas and the receiver is equipped with Ny
receive antennas achieves a diversity gain equal to Ny X Ny [17].
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The main advantage of diversity MIMO systems is that they move the complex-
ity required for activating diversity from the receiver to the transmitter. Partic-
ularly, in many scenarios the receiver suffers from limited spatial characteristics
and computational capabilities, such as when dealing with handsets in downlink
transmissions in mobile networks. In such scenarios, shifting the complexity to the
transmitter is beneficial, since it allows resource limited receivers to benefit from
a diversity gain and hence to experience an improved decoding performance. One
may also note that MIMO diversity systems may allow achieving a higher diversity
gain in the case where both the transmitter and the receiver are equipped with mul-
tiple antennas, compared to the traditional receiver based antenna diversity.

Despite being a practical way for achieving diversity, STBC and MIMO diversity
based solutions suffer from a major disadvantage. Particularly, they require ac-
commodating multiple antennas on a single device, with the additional constraint
of adequately separating such antennas for providing independently faded paths
between the transmit and receive radiating elements. Such constraint may be very
limiting when tiny devices are considered, such for example for mobile phones.

1.4 THE COOPERATIVE APPROACH

The previous section shown that diversity techniques mitigate the BER downgrade
experienced in fading channel. Furthermore, among diversity solutions, STBCs
were introduced as a practical way for providing independently faded replicas at
the receiver. However, MIMO solutions require accommodating multiple antenna
elements both at the transmitter and at the receiver. Hence STBC aided solutions
are limited by space constraints on tiny devices.

Recent studies on cooperative communications overcame the problem of ac-
commodating multiple antennas on a tiny device by letting nodes equipped with
a single antenna to share their information in order to form a virtual antenna ar-
ray, achieving the same spatial diversity provided by a standard co-located MIMO
design, without employing multiple radio frequency frontends in every device.

In a cooperative communication the signal transmitted from the source station
is received and forwarded by one or more relays. Since the direct and the relayed
signals typically arrive via completely different paths, the correlation between
these signals is small, hence a diversity gain is provided. A cooperative scenario
is shown in Figure 1.4.

As one can see, cooperation is typically divided into two phases. During the ini-
tial phase, represented using dashed lines, the source station transmits its inform-
ation to potential helpers. Such transmission is also received by the destination
station, which stores the signal and later combines it with the information gleaned
from relays. After potential relays received the signal transmitted from the source
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********************************* destination

Figure 1.4: Data transmission in a cooperative scenario including || available re-
lay stations.

station, they initiate a second phase, represented using solid lines, where they for-
ward information to the destination station. Finally, the destination combines sig-
nals received by relays with the information gleaned from the source station and
performs its decoding algorithm.

1.4.1 POSSIBLE RELAYING STRATEGIES

Cooperation techniques differ in the way information is forwarded by relay sta-
tions. Particularly, a potential relay can forward data in three different ways,
namely amplify-and-forward, decode-and-forward and coded cooperation [18].
These forwarding schemes are summarised in the following:

» amplify-and-forward: each relay receives a noisy version of the signal trans-
mitted from the source to the destination, amplifies it and finally forwards it
to the destination. The drawback of using amplify-and-forward techniques is
that by amplifying the signal transmitted by the source station, relay stations
also amplify noise;

e decode-and-forward: each relay receives a noisy version of the signal trans-
mitted from the source to the destination, decodes it and then retransmits

12
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a new noise-free replica; decode-and-forward achieves better performance
than amplify-and-forward schemes as noise is not amplified, however it as-
sumes that each relay is able to decode the received information (i.e. decode-
and-forward requires having a high SNR source-relay link) and forward it on
time;

» coded cooperation: each relay receives a noisy version of the signal trans-
mitted from the source to the destination, decodes it and then retransmits
an re-encoded message that contains different information than the one pre-
viously transmitted by the source station, i.e. coded cooperation integrates
channel coding into cooperation.

Among these forwarding solution, Hunter et al. [19, 20] shown that coded co-
operation provides efficiency improvements over amplify-and-forward and
decode-and-forward schemes as it benefits from advanced coding techniques
and hence attains a higher throughput together with a lower BER at the des-
tination.

1.4.2 DISTRIBUTED COOPERATIVE CODING TECHNIQUES

The findings of Hunter et al. [19, 20] fostered research on distributed channel cod-
ing techniques, where cooperation among the encoders used at the source and re-
lay stations allows increasing the decoding performance at the destination. Par-
ticularly, noting that the optimal performance in cooperative scenarios is attained
if new information is forwarded by the relay, instead of simply retransmitting the
information gleaned from the source station, researchers studied efficient distrib-
uted coding schemes where relays add new information or invoke an additional
coding layer for improving the performance of the overall cooperative link. A brief
review of distributed coding techniques proposed in the literature is presented in
the following paragraphs.

1.4.2.1 COOPERATIVE SPACE-TIME BLOCK CODES AND LINEAR DISPERSION CODES

As shown in the previous section, STBCs were proven to be a promising coding
technique in a co-located scenario. Distributed space-time block codes [21] extend
STBCs to a cooperative scenario, where the joint transmissions of the source and
relay stations form a space-time block coding technique, providing a diversity gain
at the destination.

Distributed STBC schemes are a subset of Cooperative Linear Dispersion Codes
(CLDCs) [22], which provide a general framework comprehending a wide variety
of cooperative coding schemes. The co-located version of CLDCs, namely Linear
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Dispersion Codes (LDCs), use a matrix-based linear modulation, where the space-
time transmission matrix is obtained by a linear combination of so-called disper-
sion matrices [23]. The performance of LDCs and CLDCs over a channel affected by
Rayleigh fading was summarised by Hanzo et al. in [22], assuming that the source-
destination Channel State Information (CSI) was perfectly known at the receiver.
Particularly, Hanzo et al. shown that LDCs outperform their cooperative counter-
part in a Rayleigh fading channel, due to the time used in the latter to spread the
original signal to all the relays. However, when the channel is affected by shadow
fading, the achievable throughput severely downgrades and CLDCs obtain better
results as they use multiple relays which experience different shadow fading.

1.4.2.2 DISTRIBUTED TURBO CODES

Aiming to benefit from the performance increase using coded cooperation prom-
ised by Hunter et al. [19, 20], Valenti and Zhao proposed an efficient distributed
coding scheme in [24]. The technique proposed by Valenti and Zhao mimics the
behaviour of turbo codes [7] by adapting Berrou et al. codes to a cooperative scen-
ario, and hence is referred to as a distributed turbo code.

Valenti and Zhao divide the transmission sequence into two phases. During the
initial phase, the source station transmits a signal that was previously encoded us-
ing a Recursive Systematic Convolutional (RSC) code. This signal is received and
decoded by the designated relay. During the second phase, the relay interleaves the
bits obtained by decoding the signal gleaned from the source station during the first
phase and re-encodes their interleaved version using again an RSC. The destination
obtains both the non-interleaved and the interleaved encoded bit sequences by re-
ceiving the signals transmitted by the source and the relay stations during the two
successive phases, and hence may activate the iterative algorithm that is typically
employed for decoding co-located turbo codes. The BER and outage performance
of distributed turbo codes were shown to be close to the capacity of a relay-aided
link, with the provision of having an error-free decoding at the relay of the signal
transmitted by the source station during the initial phase.

1.4.2.3 CAPACITY APPROACHING DISTRIBUTED CODING TECHNIQUES

The limit of the distributed turbo code scheme proposed in [24] by Valenti and Zhao
and of the CLDC of [22] was to adopt the simplifying assumption of having a perfect
source-relay link. However, in a realistic scenario, the signal decoded by the relay
may potentially contain errors, which are then propagated to the destination. Fur-
thermore, the CLDCs of [22] were designed with the aim of eliminating the effects
of antenna-element correlation typically imposed on co-located antenna elements
of space-time codes, where the virtual array antenna elements were constituted by

14



1.4. The cooperative approach

the mobiles' single antennas; however no attempt was made to jointly decode the
source's and relay's transmissions at the destination. These issues are addressed in
recent papers, where an imperfect source-relay communication is considered and
an efficient joint decoding strategies for the source's and relay's signals are pro-
posed.

In [25] Uddin Butt et al. adopt an Iteratively-Decoded SEIf-Concatenated Convo-
lutional Code (SECCC-ID) [26] at the source station and an additional RSC encoder
at the relay. An EXtrinsic Information Transfer (EXIT) chart analysis is performed
for guaranteeing the possibility of decoding the signal with an infinitesimally low
BER at the relay. Finally, a novel decoder architecture is adopted at the destination
and its design is aided by an EXIT chart analysis. The new decoding architecture
jointly decodes the SECCC encoded signal transmitted by the source station and
the RSC encoded signal forwarded by the relay. The scheme of Uddin Butt et al. is
shown to attain a remarkable decoding performance at very low SNR values.

A similar approach is considered by Kong et al. in [27], where again an addi-
tional layer of coding is introduced at the relay, and the whole scheme amalgam-
ates STBC codes for additionally obtaining a diversity gain. More particularly, the
distributed coding scheme of Kong et al. adopts a combination of an IRregular Con-
volutional Code (IRCC) and a STBC at the source station and at the relay. The ir-
regular code at the source station is designed for attaining an infinitesimally BER
at the relay during the initial phase, for mitigating the propagation of errors. In
turn, the encoder used at the relay station is optimised using an EXIT chart match-
ing technique for guaranteeing a vanishingly BER performance at the destination
when performing a joint decoding of the signals gleaned during the two successive
transmission phases. A novel three-stage iterative decoder is used at the destina-
tion, which allows performing an efficient joint decoding of the received signals.

The previous schemes are provided as examples of physical layer systems where
cooperative communications are carefully considered, taking into account both the
performance at the relay and at the destination stations. Many schemes following
the design guidelines of the above-mentioned works have been presented in the
literature. An overview of distributed iterative systems for MIMO channels may be
found in [22].

The previous presented schemes adopt concatenations of convolutional en-
coders at the source and relay stations. However, other solutions have been pro-
posed for cooperative links. Particularly, given the promising performance of LDPC
codes in the single-link scenario, many research efforts were devoted at extending
such coding technique to the cooperative channel.

A parallel concatenation of rate-compatible punctured LDPC codes is used
in [28] for transmitting information with the aid of a relay. The authors show that
the proposed scheme provides significant performance gains for a wide variety of

15



Chapter 1. Communications on a wireless channel

channel conditions while simultaneously offering a high degree of flexibility.

The work of [29] considers the design of LDPC codes that achieve optimal per-
formance both over the Gaussian and the faded channels. Codes are proposed for
cooperative communications, and the paper shows that the universal design out-
performs previous solutions.

Hybrid automatic repeat and request systems are considered in [30], where the
authors propose a novel retransmit strategy that relies on LDPC codes. It is shown
that the novel strategy outperforms previous cooperative solutions, even in the case
when it is artificially limited to activating a single rely, while classic cooperative
systems are allowed invoking multiple helpers.

An overview of distributed techniques adopting LDPC codes is presented
in [31], together with a discussion of different design strategies an their resulting
performance. The paper shows that distributed techniques that rely on puncturing
solutions outperform schemes that adopt an additional layer of coding at the relay,
when the relay station is located in the proximity of the destination station. An op-
posed result is found for scenarios where the relay station is instead closer to the
source stations.

Two-way relaying scenarios are considered in [32], which derives the optimal
degree distribution for an LDPC code adopted in such systems. Particularly, the
degree distribution is optimised for situations where the different segments within
the distributed codeword have been transmitted through different channels and
experience different SNRs. The paper relies on density evolution techniques and
on a multi-edge type LDPC design for contriving codes which provide the lowest
decoding threshold as possible.

Finally, LDPC are amalgamated with STBCs for contriving high performance
solutions for cooperative systems operating on MIMO links [33]. The authors ad-
optasoft-relay solution and include a low-complexity decoding algorithm, showing
that the proposed scheme outperforms previously published solutions.
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THE IEEE 802.11 STANDARD FOR
WIRELESS NETWORKS AND ITS
COOPERATIVE EXTENSIONS

This chapter presents a brief review of the IEEE 802.11 standard family, which is a
widely popular solution for supporting wireless communications between networked
stations. The chapter focuses on the medium access control layer aspects of the stand-
ard, and in particular it summarises literature works trying to enhance the perform-
ance of an IEEE 802.11 based network by adopting a cooperative approach. The
chapter also briefly pictures the main limitations of cooperative medium access con-
trol solutions that have been proposed by the research community.

2.1 WIRELESS LOCAL AREA NETWORKS

Recent years have seen a significant demand of communication technologies that
provide an increased users' mobility. Particularly, users want to be able to commu-
nicate withoutlocation constraints imposed by wired solutions. This trend affected
Local Area Networks (LAN), where wireless solutions extended and in many situ-
ations replaced cabled networks. Today, Wireless Local Area Networks (WLANSs)
are widespread in people's homes, in business environments and in public places,
since they are a practical way of allowing users to communicate without sacrificing
mobility and without requiring a cabled architecture.

Among different solutions for creating a WLAN infrastructure, the most popu-
lar one is represented by the IEEE 802.11 standard [34]. The IEEE 802.11 standard
allows defining both centralised and distributed WLANSs, and devices that mount
IEEE 802.11 compliant modules include laptop computers, smartphones, tablets
and more recently even home appliances. The ubiquitous diffusion of [EEE 802.11
networks attracted a wide research effort aimed at analysing the performance of
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such networks and at contriving enhanced schemes which may provide an in-
creased user experience. Among the diverse ideas proposed for extending [EEE
802.11, cooperation has been shown lately to provide a throughput and outage
performance increase. Particularly, extending the IEEE 802.11 by introducing co-
operation is one of the core contributions of this thesis work. This chapter briefly
reviews the [EEE 802.11 standard and its cooperative extensions presented in liter-
ature works, for providing a background to later chapters which address the design
of cross-layer cooperative medium access control solutions based on this standard.

2.2 THE IEEE 802.11 STANDARD FOR WIRELESS
NETWORKS

The IEEE 802.11 is the most diffused standard for wireless networks. The IEEE
802.11 was originally proposed in 1997 [34], and later extended by diverse task
groups that provided a set of enhanced standards, that are typically referred to
as 802.11x and aim at increasing the network performance in terms of through-
put [34, 35, 36], Quality of Service (QoS) [37] and security [38]. The 802.11 stand-
ard specifies both PHYsical (PHY) layer and Medium Access Control (MAC) layer as-
pects that define the behaviour of the WLAN. The 802.11 standard family may oper-
ate on the 2.4 GHz and 5.8 GHz frequency bands, and supports multiple nominal bit
rates, that vary between 1 Mbits/s and 11 Mbits/s in the I[EEE 802.11b amendment,
between 6 Mbits/s and 54 Mbits/s in the IEEE 802.11a and IEEE 802.11g amend-
ments and between 6.5 Mbits/s and 600 Mbits/s in the IEEE 802.11n amendment.
These different transmission rates are obtained by varying the combination of mod-
ulation mode and code rate adopted for the channel encoder, as well as using ad-
vanced transmission techniques such as MIMO schemes and Orthogonal Frequency
Division Multiplexing (OFDM) solutions.

2.2.1 THE IEEE 802.11 MEDIUM ACCESS CONTROL SCHEME

The IEEE 802.11 MAC scheme for distributed scenarios, where there is not a cent-
ral controller, is the Distributed Coordination Function (DCF). The DCF algorithm
is based on the CSMA scheme, where sensing is performed by stations before they
send their own data frames. More explicitly, when a packet is ready for transmis-
sion, a station senses the channel for assessing if other stations are currently trans-
mitting information. In the case where there are not other ongoing communica-
tions, the station waits for a Distributed InterFrame Space (DIFS) time and checks
the channel again. If the medium is still free the station transmits its informa-
tion using a DATA frame. Finally, if the destination station correctly receives the

18



2.2. The IEEE 802.11 standard for wireless networks

information transmitted by the source station, it confirms the success of the data
exchange with an acknowledgement (ACK) frame after waiting a Short InterFrame
Space (SIFS) time. In the opposite case, that is when the station senses ongoing
communications, it waits a random time, referred to as the backoff time, for redu-
cing the likelihood of colliding with other active transmissions. The backoff time is
regulated by a random process, which sets a backoff counter to a random number
that is selected uniformly between zero and an integer value referred to as the sta-
tion's contention window. At the beginning of the following slot, the station senses
the channel again. If the medium is free for a DIFS duration, that is if the station
does not sense communications from other nodes during a DIFS time, the node de-
creases its backoff counter, otherwise it waits until the beginning of the next slot.
When the counter reaches the zero value the station transmits its packet.

If the destination cannot decode the signal transmitted by the source station
(either because data is corrupted due to impairments imposed by the communic-
ation channel or because a collision occurred), or if the source station does not
receive the ACK frame, a retransmission is scheduled and a backoff procedure is
initiated after doubling the value of the station's contention window and increas-
ing the retransmission counter.

Particularly, the value of the contention window varies from a minimum value,
referred to as the minimum contention window, to a maximum value, referred to as
the maximum contention window, which is obtained by multiplying the minimum
contention window value times the value of two to the power of the maximum back-
off stage. The contention window update is regulated by the following rules:

» every time a packet is successfully transmitted a station resets its contention
window to the minimum contention window value;

¢ when a transmission is unsuccessful or when the medium is found busy trying
to transmit, the contention window is doubled, until it reaches the maximum
value.

The access scheme described in the previous paragraph is referred to as the
basic access scheme of the DCF. The problem of the basic access is that in congested
situations there might be a high number of collisions, resulting in a significant time
waste, since collided DATA frames may be very long. The DCF algorithm offers a
way for mitigating the probability of collisions that is based on collision avoidance
techniques.

2.2.2 THE DCF COLLISION AVOIDANCE MECHANISM

The collision avoidance solution adopted by the DCF consists of a four-way hand-
shake mechanism for transmitting DATA frames. This four-way handshake relies
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on exchanging additional frames before the actual DATA frame transmission takes
place. Particularly, when a station wants to transmit a DATA frame, it initiates the
communication by sending a small Ready-To-Send (RTS) frame. If this frame is suc-
cessfully received (i.e. no collision occurs), the destination replies with a Clear-To-
Send (CTS) frame. Both the RTS and the CTS frames contain a field which indicates
the duration of the future DATA/ACK exchange. Every other station which receives
the RTS frame or the CTS frame knows that a DATA transmission is being initiated
and hence defers its transmission to a later time, for avoiding collisions. Particu-
larly, the station records the DATA/ACK exchange duration by setting its Network
Allocation Vector (NAV) to a value that matches the transmission duration indicated
in the RTS and CTS frames. While the NAV is set, the station waits before sending its
packet, in order to avoid colliding with the ongoing transmission. Figure 2.1 shows
the data exchange when adopting the RTS/CTS frames exchange aided access solu-
tion.
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destination : : : t
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Figure 2.1: Data exchange when adopting the RTS/CTS frames exchange aided ac-
cess solution.

The RTS/CTS mechanism is very effective in terms of system performance when
large packets are considered. Particularly, as previously noted, when adopting the
basic access for large DATA frames a collision leads to a considerable waste of time.
By contrast, when employing the RTS/CTS mechanism the collision only involves
the shorter RTS/CTS frames and hence less time is wasted.

2.3 COOPERATIVE MAC sCcHEMES FOR IEEE 802.11
WLANS

The previous chapter introduced the cooperative approach for mitigating the per-
formance downgrade incurred in faded scenarios and reviewed distributed coding
techniques proposed for the PHY layer in the literature. However, cooperative solu-
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tions are not limited to the PHY layer, and may be adopted at the MAC layer for in-
creasing the performance of wireless networks in terms of throughput and outage.

Particularly, the works of [39, 40] shown that a performance downgrade is
incurred in IEEE 802.11 networks because of slow stations, which occupy the
channel for long periods of time and hence prevent faster nodes from transmit-
ting their DATA frames, ultimately limiting the network throughput. These works
also shown that a cooperative approach may be beneficial for reducing such per-
formance downgrade by allowing multi-hop communications through faster relays
when the direct link may only operate at a slow speed because of a low channel
quality. The outage performance may be also improved by noting that, when chan-
nel impairments reduce the link quality to the point that a direct communication
may not take place, the source station can still transmit its DATA frame to the des-
tination by invoking the aid of an appropriate partner.

The following parts review the cooperative solutions for IEEE 802.11 networks
proposed in the literature, with a particular emphasis on the requirements and the
issues that characterise the design of a cooperative MAC protocol for WLANSs.

2.3.1 COOPERATIVE MAC PROTOCOLS OVERVIEW AND DESIGN ISSUES

Cooperative MAC control protocols based on the IEEE 802.11 standard modify the
access scheme of station and the following frame exchange by intrinsically allowing
multi-hop transmissions where data is transmitted to the destination with the aid
of a relay station. Diverse proposed solutions differ in the particular way in which
they enable cooperation, in the algorithm adopted for selecting the relay and in the
actual frame exchange strategy. Despite showing significant differences in stations'
behaviours, all the cooperative MAC protocols proposed in the literature address
some of the following design questions, which may be seen as fundamental issues
characterising the design process of a cooperative MAC scheme [41]. Such ques-
tions are:

e whether to cooperate or not to cooperate;
» if cooperation is invoked, how should the helper be identified and selected;

e how to address hidden and exposed terminal problems in a cooperative scen-
ario;

e whether cooperation should be used for improving throughput, for minim-
ising the number of retransmissions (obtained achieving a better BER at the
destination) or for reducing interference.

The following paragraphs provide more literature background on the first two
design issues.
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2.3.1.1 To COOPERATE OR NOT TO COOPERATE

A design choice that is of paramount importance for defining the behaviour of a
cooperative MAC is to decide whether cooperation should be invoked for the up-
coming transmission or if a direct communication is to be preferred, and in the
case where a cooperative approach is adopted how the particular transmission se-
quence should develop. Particularly, cooperative MAC protocols are divided into
two categories based on how they interpret cooperation, namely proactive and re-
active schemes.

In proactive schemes, the decision if cooperation should be invoked is taken be-
fore transmitting, while in reactive schemes cooperation is adopted only when the
transmission on the direct link fails. In particular, proactive schemes aim at maxim-
ising the throughput by selecting the most prompt transmission before it actually
takes place. Such systems may in fact select to transmit to a relay with a high order
modulation mode, which is not supported on the source-destination link, and let
the relay forward the information to the destination, if such transmission sequence
requires less time than the one using the modulation mode supported on the dir-
ect link. Conversely, reactive schemes aim at reducing the error probability at the
destination by providing an additional transmission that experiences independent
fading and shadowing characteristics than the one from the source to the destina-
tion, in the case that the latter was unsuccessful.

These two design strategies are the common base for a wide range of cooperat-
ive solutions that are found in the literature. Particularly, the works of [41, 42, 43,
44,45,46,47] take a proactive approach, while the schemes proposed in [48, 49, 50]
base their transmission strategy on reactive cooperative solutions.

2.3.1.2 RELAY SELECTION MECHANISM

Another design choice which differentiates cooperate MAC protocols is the relay
selection mechanism. Particularly, the relay selection mechanism defines the met-
ric that is used for selecting the adopted relaying partner, the mechanism that per-
forms the actual selection and also the particular strategy that is used for informing
the stations involved in the communication about the identity of the chosen relay.
The typical metric that is used for selecting the adopted relay station relies on
channel qualities [41, 43, 44], which are in most case identified with SNR values
on the source-relay and relay-destination links. Such metric choice is motivated
by noting that channel qualities determine whether the relay may understand the
transmission made by the source station and later the success of the relay to des-
tination transmission. Hence, selecting a relay with satisfactory channel quality
characteristics translates to selecting a relay which will successfully receive and
forward information to the destination. Furthermore, higher channel qualities also
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support higher data rates. Hence, selecting relays having high channel qualities to-
wards the source and the destination may provide more prompt transmissions due
to the adoption of higher order modulation modes. Many works were motivated by
the above-mentioned considerations, and relay selection schemes based on chan-
nel qualities for achieving faster transmission rates may be found in [42, 45, 46].

Even though SNR is the metric that is typically used for selecting the communic-
ation partner, other metrics were considered in the literature. Particularly, another
metric that was adopted for discriminating between possible relay stations is en-
ergy. The work of [51, 52] provide relay selection schemes that takes into account
the amount of energy that is used for performing a cooperative transmission for
identifying the most appropriate partner. A further metric considered for the relay
selection problem is spatial reuse. Particularly, the works of [53, 54] select the re-
lay which provides a better spatial reuse, in the sense that it allows minimising the
number of nodes that may not transmit because their are in the collision avoidance
range of the adopted partner.

Cooperative protocols also differ in the practical way of selecting the relay and
notifying its identity to other stations involved in the communication. Particularly,
some cooperative protocols rely on a contention mechanism between possible re-
lay stations [41, 44, 50, 52] for determining the actual partner. A contending re-
lay typically transmits an additional frame for informing the source and destina-
tion stations about its identity, its willingness to cooperate and its network charac-
teristics. Some protocols also introduce busy tones [41, 44], that are transmitted
by contending relays for reserving a time window where they send the additional
identifying frame. Busy tones are typically very short, and are detected by stations
located farther away, since decoding a busy tone is simply achieved by noting that
there is power on the channel, while decoding a frame requires understanding the
bit sequence that it contains and hence is only supported by higher channel qualit-
ies [41].

A different set of cooperative protocols assumes that the adopted partner is de-
cided by the source station before initiating the frame exchange procedure [42, 43,
46]. In such scenario, the source station typically addresses the relay station using
a modified RTS frame, and the relay station replies using an additional frame for
confirming its willingness to cooperate.

One may note that when the relay is chosen by the source station, other stations
do not need to pay attention to the frame exchange. By contrast, when contention
between relays that successfully decoded the signal transmitted from the source is
chosen as the strategy for selecting the partner, every station that may serve as a
potential relay has to decode the source station's transmission. Hence, adopting a
mechanism where the identity of the adopted relay station is decided at the source
station may help reducing the energy usage in the network. However, such choice
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comes with some drawbacks. Particularly, the source station may only decide to
rely on a particular relay station based on information about past communications.
Such information may be outdated, particularly in scenarios where channel qualit-
ies vary quickly. By contrast, schemes where relay stations contend to be the active
partner typically rely on more accurate channel state information. This is because
relays stations receive the RTS and CTS frames, and in some cases even the DATA
frame transmitted by the source station, before they are asked to contend for ad-
vertising their willingness to cooperate. Hence, potential relay stations may obtain
information of their current channel state towards both the source and destination
stations from these frames, and ultimately make a more informed guess at their
ability to serve as a good relay for the upcoming transmission sequence.

2.3.2 REVIEW OF COOPERATIVE MEDIUM ACCESS PROTOCOLS
PROPOSED FOR WIRELESS NETWORKS

This section reviews some of the most popular cooperative MAC schemes presented
in the literature. Between these schemes, the CoopMAC protocol is of particular
interest, since it will be used as a base for designing cross-layer cooperative MAC
schemes in the following of these works.

2.3.2.1 THE CoopPMAC PROTOCOL

CoopMAC [42, 45] is a proactive cooperative MAC protocol, in which high data rate
stations assistlow data rate nodes in their transmissions by forwarding their traffic.
CoopMAC provides both a higher throughput and a lower interference level in a
wireless network than the [EEE 802.11 DCF scheme.

For enabling cooperation between 802.11 stations, the CoopMAC protocol mod-
ifies the access scheme. Particularly, when a source node has a new packet ready
to send, it decides if cooperation is needed and which will be the helping relay. If
cooperation is invoked and a relay is available, a modified RTS message is used by
the source node to inform the chosen helper. Besides the standard DCF control
packets, CoopMAC introduces a new message, called Helper ready-To-Send (HTS),
which is used by the selected relay to confirm its willingness to cooperate after it
receives the RTS message from the source. If the destination hears the HTS, it sends
a CTS message to reserve the channel for the source-relay and the relay-destination
transmissions. When the source station receives both the HTS and the CTS, it trans-
mits the packet to the relay, which will then forward it to the destination. If the
source node does not receive an HTS, a direct transmission takes place. A normal
ACK is used by the destination station to confirm a successful reception, regardless
of whether the packet was forwarded by the relay or was directly transmitted by
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Figure 2.2: Frame exchange in a network based on the CoopMAC protocol.

the source station. Figure 2.2 shows the data exchange in a network based on the
CoopMAC protocol.

A major part of the CoopMAC protocol consists in obtaining information about
possible helpers. Each station maintains a table for every destination, called Coop-
Table, where all possible helpers are listed. This table can be populated by pass-
ively listening to all ongoing transmissions. Every entry of the table corresponds
to a possible relay and contains its MAC address, the latest time at which a packet
from the relay is received by the station and the potential data rate between the
relay and the destination and between the station and the relay. This information
can be obtained listening to an RTS/CTS exchange between the particular relay and
the destination.

When a station wants to transmit a packet, it searches for possible helpers in its
CoopTable. If more helpers are available the helper selection criterion invokes the
relay that provides the most prompt transmission.

2.3.2.2 THE RDCF PROTOCOL

The relay-enabled Distributed Coordination Function (rDCF) scheme [43] is an-
other popular proactive MAC scheme, which adopts an approach that is very close
to the one used in the CoopMAC protocol.

In rDCF every station passively listens to RTS/CTS exchanges between other
stations. By extracting the transmission rate from a CTS packet a station may know
the channel condition between the sender and the receiver. The station may also
measure the channel conditions between itself and both the CTS source, let it be
node A" and the CTS destination, let it be node " B". If the station finds out that a
faster transmission would have been possible by invoking cooperation and propos-
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ing itself as a partner; it adds the association A — B into its willing list. Periodically
every station transmits its willing list to its neighbours. When a station receives a
willing list, it searches for associations where it is listed as a frame source. If atleast
one association is found, then the station from which the willing list originates is
inserted into a relay table.

When a node A" has a packet ready to be transmitted to a destination "B", it
first searches in its relay table an A — B row. If such row is not found the transmis-
sion continues using the legacy IEEE 802.11 DCF. Otherwise, A chooses the relay
node “r" that corresponds to the match in the relay table and starts a cooperat-
ive transmission. More explicitly A sends a new frame, called Relay Ready-To-Send
(RRTS1) to the relay. The relay replies with another RRTS2, directed to A. The
destination node B overhears the both the RRTS1 and RRTS2 frames, obtaining in-
formation about the possible data rates between A and r, A and B and r and B. If
the multi-hop transmission via the relay is faster, B sends a Relay Clear-To-Send
(RCTS), which tells A to transmit the DATA frame to r, who will forward it. Other-
wise B sends a standard CTS packet and a direct transmission from A to B takes
place. Further enhancements are provided in rDCF concerning multi-rate use and
rate calculation for the sake of attaining a better performance in particular scen-
arios [43].

2.3.2.3 0OC-MAC, AN OPPORTUNISTIC MAC PROTOCOL

The Opportunistic Cooperative MAC (OC-MAC) protocol proposed in [46] provides
relay-aided transmissions with automatic relay selection. OC-MAC also allows to
determine if cooperation should be used or not, basing this decision on a through-
put maximisation criterion. In OC-MAC a novel idea of throughput is used, which
takes into account the probability of successful reception at the receiver and not
only the data rates available on the direct and on the relay-aided channels. A more
detailed analysis on the throughput definition and maximisation in OC-MAC will be
given in the next paragraphs.

The relay selection in OC-MAC is done by the source station. Each station in
the network keeps a table listing all the possible relays it could use. The rows of
this table contain the MAC addresses of the relays, the channel gains between the
node and each relay, and the last time a packet is received from every relay. When
a source station “A'"' has to transmit data to a node “B", it firstly checks if a relay
is available in its relay table. If there are many, the best relay is chosen (i.e. the one
which has the maximum channel gain). Then the station checks if the channel isidle
and after completing its backoff it transmits a modified RTS frame that contains the
MAC address of the chosen relay. The relay addressed by the modified RTS decides
whether he wants to cooperate or not. In the first case, after waiting a SIFS time, it
sends a Relay Confirmation (RC) frame to A. The destination node receives both the
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RTS and the RC frames, and decides if the relay should be used, as further detailed
in the following. When a relay aided transmission is invoked, B sends a CTS frame
specifying that the station listed in the modified RTS should be used for relaying
data, otherwise a standard CTS with no confirmation is sent to A, which begins a
direct communication.

In OC-MAC the decision on whether to cooperate or not is made by the destin-
ation and is based on a throughput maximisation criterion. This is achieved not
only using the fastest channel among all the possible relays, but also taking into ac-
count the probability of a successful reception at the receiver. More explicitly, the
throughput for the direct link is defined as:

_ Ds
Sair = T’
where T4 is the communication duration using the direct link and pg represents
the probability of having a successful direct transmission. By contrast, when a co-
operative communication is invoked, the throughput is defined as:
ps | (1 —Dpsps

SCOOP = Tdir + TT ’

where T s again the transmission duration when the direct transmission is suc-
cessful, T" is the transmission duration using the relay aided multi-hop link and pg
is the probability of having a successful cooperative communication. The destina-
tion node invokes cooperation sending a modified CTS only if §¢,0p > S gir-

2.3.2.4 A REACTIVE MEDIUM ACCESS CONTROL PROTOCOL PROPOSED BY LI YI AND JI
HoNG

A reactive MAC protocol is proposed by Yi and Hong in [50]. This protocol further
improves both the Cooperative communication MAC (CMAC) [48] protocol and the
Node Cooperative Stop and Wait (NCSW) [49] Automatic Repeat and reQuest (ARQ)
protocol.

In the scheme proposed by Yi and Hong each neighbour of both the source node
and the destination node can help relaying the message. The basic algorithm de-
velops as follows. At first, the source station tries to transmit its data to the destin-
ation. If the direct communication fails, the relay accesses the channel and retrans-
mits the information. In order to select the actual relay, potential partners undergo
through a contention phase. The contention mechanism is priority driven, where
relays having higher channel conditions are given a higher change of being selected
as the actual partner.

Finally, the scheme improves previous solutions by introducing both frame
numbering and traffic categories:
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e frame numbering is used to distinguish between original frames and relay
retransmitted frames. In this way multiple-cooperation is avoided (multiple-
cooperation consists in retransmitting already relayed packets) as only
source originated data could be forwarded.

« traffic categories are introduced in order to prioritize transmissions of own
data or retransmissions of other stations' data.

2.3.2.5 A DISTRIBUTED COOPERATIVE MAC PROTOCOL BY SHAN ET AL.

In [41] Shan et al. proposed a new MAC protocol for multi-hop wireless networks.
The protocol is based on a proactive approach, however a reactive one can be integ-
rated when retransmissions are considered. Shan et al. address questions as when
to cooperate, whom to cooperate with and provide an automatic relay selection rule
which gives higher priority to the best relays.

The protocol adopts an helper selection method where each possible relay mon-
itors the instantaneous channel conditions towards the source and the destination
using as information RTS and CTS frames. Multiple rates are allowed, hence the
helpers can provide a higher transmission rate than the one available on the source-
destination link. A source initiates its transmission by sending a RTS frame, which
is acknowledged by the destination with a CTS. Each of the common neighbours
of the source and the destination stations hears both the RTS and the CTS frames
and finds out the potential maximum cooperative data rate. Every neighbour who
is able to provide a better rate than the one available on the direct link contends to
be the helper as follows.

Firstly, the potential helper sends a Helper Indication (HI), which is similar to
a busy tone and its purpose is to inform the source and the destination of the re-
lay's willingness to cooperate. If there is no HI the source starts a direct transmis-
sion. After sending the HI each potential relay transmits a Ready-To-Help (RTH)
frame after a backoff time that prioritises stations with higher maximum cooper-
ative data rates. After receiving the RTH, the destination sends a Clear-To-Receive
(CTR) frame to notify all helpers to stop contention and to inform the source node
to send data. When two relays collide trying to access the channel the destination
does not send any CTR, and the helpers will resend their RTH frame in a random se-
lected minislot from M minislots, where a minislot duration is equal to the symbol
duration.

When a Negative ACK (NACK) frame is received from the destination, indicating
that the previous exchange was unsuccessful, data has to be retransmitted. Usually
the helper has better channel conditions than the source, hence a retransmission
by the helper should be chosen. However, when the helper is quickly moving, it
is possible that its channel condition has become worse, thus sometimes a source
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retransmission could be the best solution. To deal with this situation, the helper
and the source station contend to retransmit as follows. The helper increases its
contention window by steps within [1, 2), while the source node doubles it. In order
to avoid multiple-helpers retransmissions, only the prearranged helper (i.e. the
one who won the contention to become the chosen relay) can retransmit data. A
reactive approach could be introduced by letting the helper to cooperate only when
a NACK is received, and not before.

Finally, the protocol provides a way to automatically decide whether to co-
operate or not. The choice is based on channel conditions and on payload length,
and adopts a time minimisation criterion, similarly to solutions proposed for the
CoopMAC and rDCF protocols [42, 43].

2.3.2.6 STUDIES THAT CONSIDER AN IMPERFECT KNOWLEDGE OF THE NETWORK
PARAMETERS

As previously mentioned, many cooperative schemes rely on the assumption that
some stations have a perfect knowledge of some network characteristics, with the
most typical example being channel qualities of links composing the network. Such
assumption is very limiting in a wireless scenario, where mobility and multipath
influence the received signal, which shows a time varying behaviour.

Research studies hence considered scenarios where the knowledge of network
parameters is not ideal, but night be corrupted. However, the majority of such stud-
ies idealises either the cooperative protocol description, or dispenses with includ-
ing a detailed physical layer into their analysis, and particularly did not account for
multiple data rates or signal combining at the destination.

A cooperative system using realistic imperfect CSI knowledge is considered
in [55], though the paper does not include multiple rates for transmissions or con-
sider benefits from channel coding techniques. The temporal characteristics of re-
active relaying are identified in [56], which also discusses the impact of the over-
head involved in setting up a cooperative link on the network performance. The
drawback of [56] is that its analysis again supports only single rate transmissions
and a simple Gilbert-Elliot [57] channel model is adopted. The work of [58] ana-
lyses the performance of a cooperative sensor network, with the drawback of again
dispensing with adaptive modulation systems and with a detailed cooperative MAC
protocol description.

One may hence observe that research on cooperative systems for the medium
access control layer is limited on the protocol side by assuming an unrealistic know-
ledge on physical layer quantities, such as SNR values, and on the physical layer side
by dispensing with considering higher layer techniques, such as adaptive solutions
and combining at the destination.
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MOTIVATIONS AND CONTRIBUTION

This chapter summarises the major limitations of works presented in the literature
that address cooperative transmissions, limitations which motivate the research ef-
forts behind this thesis. The chapter also summarises the actual contribution of this
work and outlines the novel results that are presented in the following chapters.

3.1 RESEARCH GOALS

From the overview of cooperative systems presented in the previous chapters one
may identify some areas of potential research which could improve the results ob-
tained in the reviewed literature papers.

A first interesting topic would be analysing the performance of efficient cod-
ing techniques over cooperative links for a wide set of retransmission schemes and
channel qualities. Particularly, literature works are mainly focused on obtaining
asymptotic results by determining the channel capacity of a distributed wireless
system. These works tough are not suited for benchmarking cooperative schemes
that adopt multiple retransmission solutions, both because they assume a poten-
tially infinite frame length and because calculations involved in determining the
capacity of complex relaying systems are typically challenging.

Secondly, distributed channel coding techniques proposed in the literature typ-
ically target a particular network scenario, where the relay is located at a specific
point between the source station and the destination station. Hence, the code layer
used at the relay and the decoder adopted by the destination are typically optimised
for the fixed network situation; if such systems were to be used in other network
environments the design strategy would have to be modified, or at least run again
for adapting to the new network characteristics.

Cooperative MAC layer protocols may also be further enhanced. Particularly, it
seems interesting to study the performance of cooperative access solutions relying
on advanced physical layer techniques, since literature works typically assume that
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the access scheme sits on the top of an ideal physical layer. Furthermore, the phys-
ical layer should consider a joint decoding at the destination of the signals gleaned
from the source station and the relay station for the sake of enabling real cooper-
ation. Finally, studies that analyse the behaviour of cooperative access schemes
under imperfect knowledge of the system state might be enhanced for including
rate adaptation and an appropriate relay selection scheme, for the sake of closely
matching the behaviour of existing cooperative MAC protocols.

As afinal note, it could be also interesting to evaluate other solutions for increas-
ing the network performance of WLANs, which may be complementary to cooper-
ation, or even be amalgamated with it in order to contrive MAC schemes that are
capable of providing a better user experience when a high throughput is required.

3.2 MAIN CONTRIBUTIONS OF THIS THESIS

This thesis work is motivated by the considerations presented in the previous sec-
tion, and presents novel results that aim both at analysing the performance of the
cooperative PHY and MAC layers techniques and at developing novel solutions cap-
able of outperforming existing ones.

Particularly, this thesis starts with proposing an estimator for the performance
of cooperative retransmission systems relying on efficient codes. The proposed es-
timator does not target the asymptotic performance, but rather it aims at being a
benchmark for practical coding schemes, and hence it considers quantities such
as the block length and the modulation mode for an arbitrary retransmission se-
quence.

Once having obtained a benchmarking tool for evaluating the performance of
distributed coding techniques, the thesis addresses the design problem of finding
practical schemes that are capable of approaching such limiting performance for a
wide range of network scenarios. Particularly, the thesis proposes a design strategy
that may be used for contriving codes with arbitrary rate that perform close to the
bounding performance for a large set of channel qualities.

The PHY layer contributions mentioned in the previous paragraphs are then
included into a cross-layer designed MAC scheme. Such scheme removes ideal as-
sumptions of literature solutions on the PHY layer, and it shows that relying on ad-
vanced distributed coding techniques may be of benefit for the network perform-
ance when a cross-layer design strategy and optimisation is taken into account.

The thesis also addresses the problem of estimating the performance of a co-
operative access scheme that relies on imperfect channel knowledge. Furthermore,
novel schemes that are capable of mitigating the performance downgrade caused
by relying on outdated and corrupted channel estimates are also presented.

Finally, the thesis considers the design of MAC protocols that allow achieving
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a better network performance by equipping single nodes with multiple antenna
radiating elements. The work shows that a throughput and delay increase may be
achieved when nodes may benefit from beamforming capable antenna systems and
hence may be able to reduce interference allowing multiple communications at the
same time. Along this line, the work also proposes guidelines for designing prac-
tical systems that extend the IEEE 802.11 DCF access scheme for enabling multiple
simultaneous transmissions.
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PART 11

ORIGINAL RESULTS
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PERFORMANCE EVALUATION OF
COOPERATIVE CODING SCHEMES

This chapter presents an analytic method for assessing the performance of efficient
cooperative channel coding schemes. The method is based on the sphere-packing
bound, and does not rely on the choice of a particular encoding scheme. This chapter
details the analytic model, and shows preliminary results of actual code simulations
for verifying the analysis. Further discussions on the choice of efficient codes and on
the influence of the code design on the performance will be shown in the following
chapters.!

4.1 INTRODUCTION

From the literature overview presented in previous chapters, one may see that co-
operation may be used for enhancing the decoding performance in wireless net-
works. Cooperation may be improved in faded scenarios by using a combination of
ARQ and Forward Error Correction (FEC) techniques. Furthermore, an additional
performance increase may be guaranteed by incremental redundancy and adaptive
modulation systems [20, 59].

Despite the recent interest in cooperation, only few papers aimed at theoretic-
ally assessing the performance coded cooperation schemes. The analysis of refer-
ences [60, 61, 62] is based on capacity considerations which do not consider adapt-
ive or incremental redundancy systems. An evaluation of the Bit Error Rate (BER)
performance of a decode-and-forward system is presented in [63] considering the
mutual information of bits received from the source and the relay. The drawback
of [63] is that the analysis relies on simulations of a particular code to relate the mu-

IThe content of this chapter is based on F. Babich and A. Crismani, “Cooperative coding schemes:
design and performance evaluation", IEEE Transactions on Wireless Communications, vol. 11, pp.
222-235,]Jan. 2012,
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tual information to the BER. This chapter presents a novel estimator for assessing
the limiting performance of coded cooperation schemes in wireless scenarios. The
analytic framework is based on the Sphere-Packing Bound (SPB) [64] and allows
one to estimate the limiting performance of cooperative incremental redundancy
systems over a fading channel. The approach is not limited to a specific code struc-
ture, instead it relies on some general characteristics of the transmission, such as
the block-length, the modulation mode and the coding rate.

The chapter considers a general cooperative scenario, that involves transmit-
ting with different modulation modes at the source and relay stations and accounts
for multiple retransmissions, as proposed for Hybrid ARQ (HARQ) systems. The
chapter shows that the limiting performance is closely approached by the actual
performance obtained by simulations, provided that efficient coding schemes are
used both at the source and at the relay stations. Hence, the theoretical analysis
may be seen as a benchmark for the adopted channel code.

4.2 THE SPHERE-PACKING BOUND

The SPB is an analytic method that allows assessing the limiting performance of
an encoding technique over a communication channel, for a finite length of the en-
coded bit sequence. More particularly, the SPB relies on general characteristics of
the transmission scheme, such as the coding rate, the modulation mode adopted,
the length of the encoded sequence and the channel quality, rather than focusing on
a particular channel encoding technique, for determining the probability that the
received sequence contains corrupted information [65].

Such a general approach has the advantage of dispensing with ad-hoc and time
consuming simulations of specific encoding schemes for obtaining their BLock Er-
ror Ratio (BLER) performance. The SPB analysis is briefly reviewed in the following
of the section.

Consider a digital transmission system, where a sequence of U information bits
is encoded into a sequence of B encoded bits using a channel encoder having a rate
of R, = U/B. These encoded bits are modulated into A complex symbols using
a linear modulation mode M and are then transmitted over the communication
channel. Consider the case of an AWGN channel characterised by a SNR value of y.
The SPB formulates a relation between the coding rate R, the SNR y, the modula-
tion mode M, the length of the symbol sequence A and the block error ratio P;. The
SPB relation may be expressed as [66]:

Py > 27 HEsp®I+o@)] (4.1)
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where the sphere-packing exponent E, is [67] is obtained as:
Egp(R) = max [Ey(p) — R?], (42)
p=0

with p being an optimisation parameter and the value E,(p) calculated for a D di-
mensional modulation mode consisting of M input symbols s,, by a D-fold integra-
tion as follows:

1+p

Folp) =~ log, | Z - Z [i D (f(y|sm)>$] dy, (43)

where p,, is the probability of the m-th symbol, and, for an AWGN channel, the prob-
ability that the received signal is y given that s,, was transmitted is:

D 2
1 _bisy)
f(yls) = 1_[ Moo, (4.4)
j=1

w/nNOe

An upper bound to the error probability is given by:

Py < 27AE(RS), (4.5)
where
E(R;) = max [Eo(p) — Re|. (4.6)

One can observe that, as long as the optimising value of p is between 0 and 1, the
two bounds are asymptotically equivalents. In the following of this chapter, for an
improved clarity of exposition, the value of (4.1), when neglecting the effect of the
term o(4), and of (4.5) will be denoted as:

PB = PB(V: RC’M:/’{)- (47)

One may note that any of the parameters contained in (4.7) may be calculated
once a value is assigned to the others. In particular, Equation (4.7) allows one to
analytically determine the BLER versus SNR curve P; = P;(y) for a fixed coding
rate-modulation pair and length of the symbol sequence. This analytic curve is a
steep function, as shown in Figure 4.1. A similar steep shaped curve is character-
istic of efficient channel encoding techniques, such as turbo codes [7] and LDPC
codes [68, 69], that are capable of performing within 1 dB from the curve obtained
using the SPB. Hence, one can assess the system performance by approximating the
BLER curve of efficient coding techniques for different values of SNR using a step
function [65]. More explicitly, one can define a success threshold y,, that represents
the SNR value that guarantees achieving a target BLER performance. The success
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Figure 4.1: Block error ratio versus SNR curve as obtained using the SPB for the
BPSK and 16QAM modulation modes and codes having rates of R, = é

()R =Zand ()R, = 2 (+)

threshold may be used for determining whether a transmission is successful or not.
Particularly, a transmission is considered successful if the SNR satisfies the inequal-
ity y > y,, while it is considered unsuccessful otherwise. The threshold y, may be
evaluated using the SPB and is calculated as the SNR yielding:

Py(y) = 1077, (4.8)

as proposed in [70].

Another system parameter may be determined by considering a given SNR in-
stead of a given code rate. Particularly, consider a transmission at a fixed SNR value
of y, using a modulation mode M and transmitting a number of symbols equal to A.
The relation of Equation (4.7) allows obtaining the maximum code rate that guaran-
tees a target BLER. This code rate is referred to as the equivalent rate of the system,
and will be used in the following sections for assessing the performance of cooper-
ative scenarios.
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4.3. The performance of cooperative coding schemes

4.3 THE PERFORMANCE OF COOPERATIVE CODING
SCHEMES

The previous section briefly summarised the sphere-packing bound theory, show-
ing that the performance of a coding scheme over an AWGN channel having a chan-
nel quality that does not vary over time may be obtained using an analytic ex-
pression. However, a cooperative scenario involves multiple communications over
channels having different qualities that may vary because of fading.

Particularly, a cooperative communication consists of a sequence of many single
transmission attempts, carried out either by the source station or by the chosen re-
lay, that ends when the destination successfully recovers the transmitted inform-
ation or the maximum number of attempts is reached. The transmission attempts
occur at different times, and hence they may experience different channel condi-
tions. Finally, the different attempts may or may not contain the same coded bits,
and in the more general case a coded bit may be transmitted only in a single at-
tempt, in a subset of all the transmission attempts, in every attempt, or may not
even be transmitted at all.

Given the significant difference between the single transmissions composing a
cooperative communication, the simple relation between the block error ratio and
the channel code characteristic of (4.7), which assumes having a single encoded
sequence where every bit is transmitted once and experiences the same channel
quality as other bits, may not be used in a straightforward fashion for determin-
ing the performance of a cooperative scheme, whose evaluation requires a more
general approach.

The following subsections present a general framework, that is again based on
the SPB, for evaluating whether a cooperative communication is successfully re-
ceived at the destination. The analysis is divided into two parts. Firstly, the SPB
theory is extended to account for a repetition cooperative scenario, where the des-
tination receives two versions of the same encoded sequence, being one version
gleaned from the source station and the other from the relay. Secondly, the analysis
is extended to account for cooperative schemes composed of many attempts and
relying on incremental encoding techniques, where different bits are transmitted
in each attempt.

4.3.1 REPETITION COOPERATIVE SCHEMES

Consider a repetition decode-and-forward cooperative scheme, where the destin-
ation station receives two copies of the same B bits encoded with a rate R.. The
two copies are transmitted by the source station and by the relay, using possibly
different modulation schemes Mg, and M, and hence obtaining sequences con-
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taining Agp, and Az, symbols, respectively. Furthermore, note that the qualities of
the two copies may be significantly different, given that they are received from dif-
ferent sources, and that in a typical cooperative scenario the quality of the relay-
destination link is higher than the one of the source-destination link, otherwise co-
operation would not be helpful. Particularly, denote the instantaneous SNR values
on the source-destination, source-relay and relay-destination links by yp, ysg and
Yrp, Fespectively.

The reader may recall that the purpose of this section is to assess the perform-
ance of a cooperative scheme. Hence it is assumed that the relay can successfully
decode the signal transmitted by the source station, i.e. the value y¢ is chosen to
support an error-free decoding. A more detailed HARQ system, where the relay
station might not be able to decode the signal broadcasted by the source station,
is thoroughly analysed in Section 4.3.4. Furthermore, the modulation modes M,
and Mg, are chosen independently by the source station and by the relay, and this
section dispenses with an in-depth analysis of the adaptive modulation scheme.
A simple adaptive scheme that maximises the throughput of a cooperative com-
munication scheme is presented and analysed in Section 4.3.3. A more detailed
discussion on adaptive schemes for cooperative communications may be found in
Chapters 6 and 7, which analyse the adaptive scheme from a MAC layer perspective
and account for the relay selection algorithm and for the case where the channel
information may be corrupted or outdated.

The performance of the repetition scheme may be defined in terms of the suc-
cess thresholds of the source-destination and relay-destination links. Particularly,
one may note that the single transmission on the source-destination link sees a
channel quality that does not vary over time. Hence, one can use the SPB for de-
termining the SNR value that guarantees the target BLER performance of 1071
Such SNR value is referred to as the success threshold y,  for the selected cod-
ing rate-modulation mode pair on the source-destination link. That is, the success
threshold y, is the SNR value obtained using the SPB that satisfies:

107" = Pa(¥eypr Res Msp, Asp). (4.9)

Similarly, considering the relay-destination link where the transmission is carried
out over a channel of constant quality yrp, one can define the success threshold y,
for the selected coding rate-modulation mode pair as the SNR that satisfies:

107 = PB()/tRDJRc'MRD'ARD)' (4.10)

The two success thresholds may be combined for determining whether the
whole cooperative communication may be correctly decoded at the destination sta-
tion.
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Assume at first that the same modulation is used for both the copies transmitted
by the source and the relay stations. In such a scenario, the success thresholds for
the source-destination transmission and for the relay-destination transmission are
the same, i.e. ¥, = V¢, = Vu given that the two transmissions are characterised
by the same coding rate, encoded bits, modulation mode, and target BLER of 1071

When the same modulation mode is used for the copies, the cooperative com-
munication may be seen as a single transmission using the same coding rate and
modulation mode of the two cooperative attempts that takes place over a channel
characterised by an SNR value of 5, + yzp- Hence, one can compare the SNR value
of the equivalent system with the success threshold y; that characterises the de-
coding behaviour of such a transmission scheme, and the combined transmission
is considered successful if the value of y5, + yp satisfies the inequality:

Ysp T VYrp = Ve (4.11)

By recalling that y, represents the success threshold of both links, the above in-
equality may be also seen as a linear interpolation between the success thresholds
of the two links. More explicitly, (4.11) may be rewritten as:

Yrp > Ye —Vsp =Vt (1 - @) (4.12)
Vi
The above linear expression may be extended to approximate the success per-
formance of a combined transmission in a decode-and-forward scheme where the
source and relay stations use different modulation modes. In particular, a combined
transmission is assumed to be error-free if the following condition is met:

YrD > Vigp (1 — yﬂ). (4.13)
Vtsp

One can observe that the condition expressed by Equation (4.13) reduces
to (4.11) if the same modulation modes are used on the source-destination and
relay-destination links. Hence, in such situation, the bound of (4.13) is exact. Con-
versely, when different modulation modes are used, the inequality of (4.13) is an
approximated expression for the limiting performance.

Such approximation is justified in the following paragraphs both by providing
simulated results that confirm its accuracy and by comparing it with the Informa-
tion Outage Criterion (I0OC) proposed by Valenti in [71].

The information outage criterion is an analytic technique proposed by Valenti
in [71] for determining whether a single transmission is successfully decoded or
not. More particularly, the mutual information criterion considers a single trans-
mission to be successful if the mutual information between the B received Log-
Likelihood Ratio (LLR) values and the corresponding transmitted bits is higher that
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the coding rate of that transmission. The mutual information I(x; X) between an
LLR ¥ and its corresponding bit x, where x takes the values +1, —1 with the same
probability of 0.5, is defined as:

_ 2f:(X|x) 5
I(x; %) = Ex-z_uf Fa(E) log, e S s, (4.14)

where f; is the probability that the real valued LLR is X given that the bit x was
transmitted. It can be shown that, if f; is a Gaussian distributed random variable

. o2 . . . .
having mean of /:" and variance ¢Z, the mutual information may be rewritten as:

I(x; %) = J(0z), (4.15)

where the function J is a monotonic crescent function and is defined as:

J(o)=1- \/_ log,[1+e ~*]dx (4.16)

It can be shown that applying the mutual information criterion to a cooperative
communication yields a linear formulation for the success threshold that parallels
the SPB predicted threshold of Equation (4.13).

Particularly, consider at first a non-cooperative scenario using the BPSK mode
for transmitting information. The received signal may be expressed as:

y =X+n, (4.17)
where n is the noise Vector, whose elements n; are distributed according to n; ~
N (O, ) and N, =

Ysp
The LLRs that are produced by the soft demapper for the sequence of received
BPSK encoded symbols y are:
4 4
X=—y= —(x +n) (4.18)
Ny

One can note from (4.18) that the LLRs are Gaussian distributed with variance o/ =
—, as further detailed in [72], and hence the mutual information I(x; X) between

the LLRs and the transmitted bits depends only on the noise power density N, and
may be obtained as:

1668 =J (Vof) = jNE =7 (V8rso). (4.19)
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as shown previously.
The information outage criterion of [71] considers the non-cooperative trans-
mission to be successful if:

Re <I(x;%) =J(y8Ysp)- (4.20)

The system's limiting performance may be then obtained by substituting the in-
equality with an equal operator, and the minimum SNR supporting an error free
decoding is found to be y¢, = é[]‘l(Rc)]z. Note that the previous analysis's only
assumption is that the LLRs X are Gaussian distributed.

Consider now the repetition cooperative system under study. Denote the LLRs
pertaining to the bits received by the destination from the source station with Xg,
and, similarly, denote the LLRs pertaining to the bits received from the relay with
Xgrp- Considering again a BPSK modulated system, the LLR sequences Xgp and Xgp
are Gaussian distributed, similarly to the non-cooperative scenario. Particularly,
let the variance of the LLR sequence pertaining to bits received from the source
station be a,%SD and the variance of the LLR sequence pertaining to bits received from
the relay be a,%RD. The MRC decoder operates using the sum of the LLRs pertaining
to each encoded bit. Hence, the information outage criterion considers a decoded
sequence to be error free if

R, < I(X; %sp + Kgp)- (4.21)

It was shown in [73] that, for the case where Xg;, and Xz, are Gaussian distrib-
uted, the mutual information I (x; X5 + Xzp) may be expressed as:

I(X; Xsp + Xgp) =/ <\/U_1 U (x; iSD))]Z + [t U iRD))]Z) (4.22)

Recalling that I(x; Xgp) = ]( ’ xSD> and I(X; Xgp) = ]( / xRD>' Equation (4.22)

can be rewritten as:

55+ 5 - ( ()] O ()
(==

]< O-)%SD + O-XRD>' (4'23)
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Hence, the information outage criterion bound formulates a linear relation
between the quantities a,%SD and a,%RD, provided that Gaussian distributed LLRs are
fed to the decoder. It is known that using a BPSK or a QPSK modulation mode
provides Gaussian distributed LLRs, while the LLRs of bits received using higher or-
der QAM modulation modes are not Gaussian distributed [74]. Nonetheless, a Gaus-
sian distribution has been used for approximating the probability density function
of LLRs of higher order QAM modulation modes in order to analyse the perform-
ance of bit-interleaved coded systems [75]. The Gaussian approximation of [75]
motivates the use of Equation (4.13) as an approximation of the bound for higher
order QAM modulation sets.

Figure 4.2 compares the bound calculated using the SPB and the proposed linear
interpolation with the bound based on the information outage criterion. Particu-
larly, Figure 4.2 plots the SNR y, required on the relay-destination link for achiev-
ing the target BLER at the destination for a given value of SNR yg, on the source-
destination link. B = Ri = 10° bits are transmitted by the source station and then

forwarded by the relay,cand the bounds are plotted for different modulation mode
couples and coding rates.

It can be seen that the cooperative bound based on the SPB and on the linear
approximation is very close to the information outage criterion for the BPSK-QPSK
modulation couple, when LLRs are Gaussian distributed. A good degree of agree-
ment is also found using modulation mode couples that do not have Gaussian dis-
tributed LLRs. Finally, it has to be noted that the information outage criterion as-
sumes an infinite block length, while the proposed SPB based bound correctly ac-
counts for a finite length encoding.

For further verifying the accuracy of the SPB based estimator, Figure 4.3 com-
pares the limiting value of y, for a given SNR y,,, obtained using Equation (4.13)
with the actual performance of a systematic turbo code for a system adopting a
code rate of R, = g. [t can be seen that the SPB accurately predicts the actual per-
formance of the coded system, both in the case where the same modulation mode
is used on the source-destination and on the relay-destination links and in the case
where the modulation modes on the two links are different.

Finally, consider now a scenario where the channel qualities Y5, and yz, on
the source-destination and relay-destination links are fixed. Assume also that the
modulation modes M, and M, and that the number of encoded bits B are given.
In such case, the success thresholds y, , and y,, only depend on the code rate used
by the source and by the relay stations for generating the encoded bit sequence.
Hence, similarly to the non cooperative case, one can determine the maximum code
rate that guarantees a target BLER at the destination by substituting the inequality
in Equation (4.13) with an equal operator. The coding rate r, that yields success

46



4.3. The performance of cooperative coding schemes

10 20
15 —
ElO —
4 5
Q
<5 -
i . 1: |
_5 )
5 -10 -5 0 5 10 15
Ysp[dB]
(a) BPSK-QPSK (b) 16QAM-64QAM

Figure 4.2: Comparison between the information outage criterion of [71] and the
limiting performance obtained using Equation (4.13).

thresholds y, ., and y,, that satisfy:

Vs
YrD = Vigp (1 _D>- (4.24)

Yesp

is defined as the equivalent rate of the repetition cooperative system.

4.3.2 INCREMENTAL COOPERATIVE SCHEME

The previous section shown that the SPB theory may be used for obtaining an es-
timator of the limiting performance of a cooperative coded system where the relay
decodes and forwards the same bit sequence transmitted by the source station, al-
beit possibly using a different modulation mode.

This section extends the analysis to the general case where the source station
and the relay station may transmit multiple times and each transmission may con-
tain a different set of encoded bits. Particularly, this section considers an HARQ
system [76, 77], where a transmission sequence consists of multiple attempts, that
may be carried out either by the source station or by the relay. Each of these at-
tempts may contain a different set of encoded bits, where the set is obtained by ap-
plying a particular puncturing scheme to a mother code. Again, since the purpose
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Figure 4.3: Comparison between the SPB limit (solid) and the actual simulated
performance of a turbo coded system () using different combinations
of modulation modes for the source-destination and relay-destination
links in a repetition cooperative scheme.

of the section is to evaluate the performance of a cooperative incremental trans-
mission, it is assumed that the relay is able to perform an error-free decoding of
the signal transmitted by the source station.

Consider the K-th step of an incremental forwarding scheme, consisting of [
attempts transmitted by the source station and /] = K — I attempts transmitted by
the relay. Denote the decoding rate obtained after receiving the joint transmission
sequence composed by the K attempts by RCZ.

The key idea for analysing the success of such step is to divide the L bits that
have been transmitted within the first K attempts into groups containing bits that
are received the same number of times and from the same paths. Particularly, As-
sume to divide the L bits transmitted within the first K attempts of the incremental
process into N segments of respective lengths [,, (1 <n < N, 25:1 [, = L). All the
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bits contained in the n-th segment have been received a number i* (0 < i* < I)
of times from the source station with the modulation mode My, and a number j*
(0 < j* < ]) of times by the relay station with the modulation mode M. The
SNR of the i-th of the i* attempts received from the source station is denoted by y;,
(0 <i <i"). Similarly, the SNR of the j-th of the j* attempts received from the relay
is denoted by yz3 (0 < j < j*).

Each of the N segments contributes to the success of the incremental scheme.
Particularly, each segment may be characterised by two SNR values, namely y ¢, and
YRrp, that aggregate the qualities of the bits contained in the particular segment over
the i* different attempts transmitted on the source-destination link and over the j*
different attempts transmitted on the relay-destination link, respectively. These
SNR quantities are obtained as:

i
Vh= ) Vi and v =) vi (4:25)
i=0 7=0

The two quantities yg, and ygp, together with the modulation modes M, and
Mp, completely characterise the contribution of the n-th segment. Particularly,
as shown in the previous section, y¢, and yz, allow one to calculate the equivalent
coding rate r¢q for the n-th segment. The equivalent rate r¢, represents the max-
imum coding rate that may be used by the source station and by the relay for the
n-th segment.

The success of the whole incremental scheme may be determined by weighing
the contribution of the single segments. In particular, one can obtain an estimate of
the maximum code rate that the system supports by averaging the equivalent rate
values of the single segments, after scaling such values according to the length of
the segments. If the actual code rate is less than the maximum allowed rate, the
incremental scheme is successful. Using a more formal notation, define as sustain-
able rate r,; the maximum code rate for the whole transmission that provides an
error-free decoding. The sustainable rate is obtained as the weighted average of
the equivalent rates of the N segments:

N
Tous = 2 WpTeqs (4.26)
n=1

where w,, = [,,/L is the weight factor for the n-th segment. Recalling that the used
channel code has a rate equal to ch, the transmission is successful if:
Rep < Tsus. (4.27)
The analysis is validated by simulations in Figure 4.4, that shows the SNR re-
quired on the relay-destination link to achieve the target BLER of P, = 107! for
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Figure 4.4: Comparison between the SPB limit (solid) and the actual simulated
performance of a turbo coded system (¢) using different combinations
of modulation modes for the source-destination and relay-destination
links in an incremental cooperative scheme.

incremental systems that transmit two or three attempts and for different code
rates used for the single attempts. A slow fading scenario is considered, where the
channel quality values are constant over different attempts, i.e. y& = ygp and
YrRh = Yrp Vi, j,n. Hence, in the slow fading scenario the qualities characterising
each segment are given by y¢, = ysp and ygp = Vgp- The incremental coding
scheme used is a non-systematic distributed turbo code scheme, where each at-
tempt contains both information and parity bits. Its design is further detailed in
the following chapters, and in particular in Chapter 5, which addresses the design
problem of finding schemes that are capable of approaching the limiting perform-
ance.
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4.3.3 HOW TO COOPERATE

The proposed analytic framework may be used for identifying the best pair of mod-
ulations to be adopted by the source and the relay stations in a cooperative commu-
nication. This subsection exemplifies how to use the SPB as a tool for determining
the best cooperation mode for a system consisting of two transmission attempts.

Consider a scheme consisting of two attempts, the first transmitted by the
source station and the second forwarded by the relay. The modulation modes M,
and My, used respectively by the source and by the relay, are chosen between a
set of modulation modes consisting of the Binary Phase Shift Keying (BPSK), the
Quadrature Phase Shift Keying (QPSK), the Sixteen Quadrature Amplitude Modu-
lation (16QAM) and the Sixty-Four Quadrature Amplitude Modulation (64QAM).
Denote with n(M’) the number of bits mapped to each transmitted symbol by the
modulation mode M. Furthermore, assume to consider modulation modes couples
consisting of the same modulation mode or of adjacent modulation modes for the
source and the relay stations' transmissions, where the relay uses the higher order
mode in the case of different modulations. This choice is justified by noting that a
good quality on the relay-destination link allows one to use an high order modula-
tion on the source-destination link and hence to transmit less symbols, achieving a
faster communication, as can be seen later in Figure 4.6.

Since the purpose of this section is to evaluate the best way to cooperate, it is
assumed that the quality of the source-relay link guarantees an error-free decoding
at the relay of the signal transmitted by the source, independently of the chosen
modulation mode M.

Name as available mode pair a couple of modulations satisfying (4.13) for repe-
tition schemes or (4.27) for incremental schemes for a given sequence of SNRs on
the source-destination and relay-destination links. The number of symbols trans-
mitted by a cooperative scheme using a modulation mode couple (Mg, M zp) On
the source-destination and relay-destination links may be calculated as:

B + B
n(Msp)  n(Mgp)
The best modulation mode couple (M, M%) is the available pair of modu-

lations that transmits the least number of symbols. Formally, the best modulation
mode couple may be obtained as:

Acoop (MSD: MRD) =

(4.28)

(Msp, Mgp) = argmin {Acoop (MSD'MRD)} ’ (4.29)
(Msp.-Mrp)

subject to: (M sp, Mgp) satisfies (4.13) or (4.27).

Figures 4.5 and 4.6 show the available transmission mode couple providing
the fastest communication for different SNRs on the source-destination and relay-
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Figure 4.5: Best modulation mode couple for S's and R's transmissions of a two at-

tempts cooperative scheme under repetition forwarding for different
values of y5, and yzp.

destination links for repetition and incremental schemes consisting of two at-
tempts, respectively. Only values ys, < ygp are considered, since cooperation is
only helpful when the quality of the relay-destination link is higher than the one
of the source-destination link, while a direct transmission is to be preferred other-
wise.

4.3.4 PERFORMANCE OF THE COOPERATIVE HARQ SYSTEM

The previous section presented how to assess the success of a cooperative sys-
tem relying on HARQ techniques and how to select the best modulation modes
to be used by the source and by the relay stations. This section uses these res-
ults for determining the limiting throughput, delay and outage performance of the
cooperative scheme for diverse propagation conditions, including block and slow
fading. The section also presents results for an adaptive system that maximises the
throughput of the system.

Consider a scenario consisting of a source station, a destination and a relay loc-
ated between them. Denote the average SNR on the source-destination link by
['sp, the average SNR on the source-relay link by I's; and the average SNR on the
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Figure 4.6: Best modulation mode couple for S's and R's transmissions of a two at-

tempts cooperative scheme under incremental forwarding for different
values of y, and ygp.

relay-destination link by I'y,. The results provided consider average SNRs values
of FRD|dB = F5R|dB = F5D|dB + 4.51 dB. These values correspond to a network
topology where the relay is located half-way between the source and the destina-
tion stations and the source-relay path forms an angle of value = with the source-
destination path, and to a propagation environment characterised by a path loss
value of a = 3.

The single transmissions are affected by fading. Particularly, name with yg, =
hep Usp, Ysi = hgrTsg and ygp = hgp [gp the instantaneous SNR values on
the source-destination, source-relay and relay-destination links, respectively. The
quantity h represents the fading envelope. Results are provided for a Rayleigh
faded scenario, hence h is exponentially distributed with mean and variance equal
to unity.

Finally, this section considers the performance of schemes composed by codes

having arate of R, = g. Similar results have been obtained using schemes formed

by codes having rates of R, = S and R, = %.

Consider a slow fading scenario, where the instantaneous link qualities remain
constant over a transmission sequence, i.e. the values yp, ysz and yz, are the same
for all the transmission attempts. A number B = 1800 of encoded bits is transmit-
ted in each attempt, where the encoded bit sequence is generated from U = 1600
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information bits.

The transmission sequence develops as follows. The source station transmits
the first group of bits, which is received both by the relay and by the destination.
If the relay successfully decodes the received information it forwards the following
group of bits, which is otherwise transmitted by the source station. The transmis-
sion sequence ends when the destination successfully decodes the received inform-
ation or when the maximum number of attempts has been reached.

The transmission sequence may be modelled by using two indexes, namely s
and t. The index s denotes the attempts transmitted by the source, while the index
t denotes all the transmitted attempts. Hence, at the stage (s,t) the destination
received the first s attempts from the source station with SNR y ¢, and the following
t — s attempts from the relay with SNR yp.

Name with y£_ the SNR required on the source-destination link to correctly de-
code at the destination the information received in the first s attempts from the
source station. Similarly, name with y¢_ the SNR required on the source-relay link
to correctly decode at the relay the information received from the source station
after it transmitted the first s attempts. Finally, name with yf;fD the minimum SNR
on the relay-destination link supporting an error-free decoding at the destination
at the stage (s, t).

The success thresholds y¢, v{,, and yfl’fD introduced before may be evaluated
using the SPB, as shown in the previous subsection. Particularly, these threshold
values may be obtained by considering the particular HARQ system obtained at
the (s, t) stage and evaluating for such scheme the SNR values that satisfy (4.13)
or (4.27) with an equal operator.

Note also that when bits are received from both the source station and the relay
(i.e. t > s), the destination combines their LLRs and performs a joint decoding.
Hence, the relay to destination threshold yﬁIfD depends on ygp,.

The probability that the destination successfully decodes the information at the
(s,t) stage may be obtained by averaging over fading the probabilities that the in-
stantaneous SNRs are higher than the thresholds y{_, v{, and yf;fD. The mathem-
atical formulation is presented in the following.

Denote the cumulative distribution function of an SNR value with E,(y) =

%(1 - e_%) and assume y;, = y¢., = V¢,, = +. The probability p5* of having a
successful transmission at the stage (s, t) may be calculated as:

(1- FVSD(VESD) s=1
[Frep (i) = Fyoy )] PF (s = 1) t=s5>1

pst =4 (Vi _
T e = Fr i)
0

L pE(s)dysp

(4.30)
t>1
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In (4.30), pX(s) is the probability that the relay successfully decodes the signal
transmitted by the source station at the s-th stage and is equal to:

p.§ (S) = F)/SR(ygs_Rl) - FVSR (ytSSR)’ (4'31)

while p}‘? (s) is the probability that the relay could not decode the signal transmitted
by the source station after receiving the first s attempts, which may be obtained as:

pR(s) = 1- ) pEQD. (4:32)
=1

Finally, the probability p,(t) that a transmission sequence successfully com-
pletes after t attempts may be calculated as:

p(t) = ) pit. (4:33)

Conversely, the probability p((t) that the information bits are not correctly de-
coded after receiving the first t attempts is obtained as:

t

PO = 1= ) py(s). (4:34)

The outage probability P, represents the probability that all the J4x attempts
are unsuccessful and can be obtained as:

Pout = PfUMAX)- (4.35)

For assessing the throughput and the delay performance of the system, one has
to calculate the average number of bits that are transmitted by the HARQ scheme
within the attempts that form a particular stage. The detailed procedure for obtain-
ing such value is as follows.

Consider the t-th transmission attempt. Denote with Ag,(t) = B/n(Mgp) the
number of symbols transmitted in the case where the B encoded bits are trans-
mitted by the source station. Similarly, the value Az, (t) = B/n(Myp) denotes the
number of symbols transmitted in the case where the attempt is sent by the relay.

The average number of symbols transmitted at the t* attempt can be obtained
as:

ASD(t)P]}S(t — 1) + Agp(t) (1 - p}? (t - 1)) t>1

A0 =1, t=1’

(4.36)
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while the average number of bits transmitted within the first t attempts may be
obtained as:

At) = Z AQ0). (437)
=1

Finally, the throughput efficiency of the considered system is given by:
S = (1—=Pou)U
AQ) + T APt~ 1)
and the average normalised delay is given by:

D _ it Ps(DAC)
B (1 - Pout)U

(4.38)

(4.39)

The analysis may be extended to correlated or block fading models by quant-
ising the fading values. The interested reader is referred to [65], which fully covers
the correlated and block fading regimes for non-cooperative systems and whose
analysis may be extended to a cooperative system as shown in the previous sec-
tions for the slow fading scenario. The accuracy of the quantised model depends
on the number of quantisation levels considered for the fading envelope variables,
as detailed in [78].

Results for different fading regimes and an incremental system scenario con-
sisting of two attempts (i.e. Jyax = 2) are provided in Figures 4.7 and 4.8. The
analysis is also validated comparing the theoretical evaluation with the actual per-
formance of a HARQ system obtained using punctured turbo codes. Different mod-
ulation modes couples are considered for the source station's and the relay's trans-
missions, namely the BPSK-QPSK, QPSK-16QAM and 16QAM-64QAM couples. It can
be seen that the theoretical estimator closely predicts the actual performance of the
turbo coded system.

Note again that the purpose of this chapter is to assess the limiting performance
of a cooperative system and to show that the analysis captures the performance of
carefully designed schemes, and not to detail how to obtain practical systems that
approach such limit. Further details on the code design algorithm and on how it in-
fluences the actual performance of a system will be given in the following chapters.

The proposed framework may also be used for quantifying the perform-
ance increase offered by cooperation and by incremental forwarding over a non-
cooperative transmission scheme, as detailed in the following for a simple adaptive
system. Particularly, the following results compare a non-cooperative scheme with
a cooperative scheme. In the non-cooperative scheme, the source station may use
a modulation mode chosen from a set containing the BPSK mode, the QPSK mode
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Figure 4.7: Theoretical (solid) and simulated (c) outage probability and through-
put performance of a coded cooperation system consisting of two at-
tempts (Jyax = 2) using incremental encoding and different modula-
tion couples over a slow fading channel.
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Figure 4.9: Theoretical (solid: cooperative incremental, dotted: cooperative repe-
tition, dashed: non-cooperative) and simulated (o: cooperative with
incremental forwarding, »: cooperative with repetition forwarding,
o: non-cooperative with repetition transmissions) outage probability,
throughput and normalised average delay performance of an adaptive
coded cooperation system consisting of three attempts (Jy;ax = 3) over
a slow fading channel.

and the 16QAM mode. The cooperative system is capable of using different modu-
lation mode couples for the transmissions of the source and relay stations. These
modulation mode couples are the BPSK-QPSK pair, the QPSK-16QAM pair and the
16QAM-64QAM pair.

Assume a block fading scenario, where the instantaneous link qualities ysp, Y5z
and yzp, change in every attempt and are independent from previous values. As-
sume also that the source station and the relay know the mean SNRs quantities I';,
and I'y,, of the source-destination and relay-destination links, while the destination
knows the instantaneous quantities ygp and yp.

Consider an adaptive system where modulation adaptation is used for maxim-
ising the network throughput. Such adaptive scheme may be obtained in a co-
operative scenario by letting the source and relay stations choosing the modula-
tion mode couple which offers the highest throughput, obtained using to (4.38),
for given values of 'y, ['sg, and ['p. Similarly, consider a non-cooperative adaptive
scheme that maximises the throughput value obtained using the non-cooperative
performance analysis formulation of [65], which is a particular case of the analysis
presented in this chapter. Finally, consider an adaptive scheme that transmits three
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tition, dashed: non-cooperative) and simulated (o: cooperative with
incremental forwarding, *: cooperative with repetition forwarding,
o non-cooperative with repetition transmissions) outage probability,
throughput and normalised average delay performance of an adapt-
ive coded cooperation system consisting of three attempts (Jyax = 3)
over a block fading channel.

attempts using either repetition or incremental forwarding.

The presented adaptive algorithm has to be considered as an example to valid-
ate the theoretical framework since it uses only three modulation modes and does
not consider different coding rates. However, the results may be easily extended
to select the best modulation mode pair-coding rate couple from a predetermined
set by choosing the couple that offers the highest throughput calculated according
to (4.38).

Results for the considered adaptive scheme without cooperation and with co-
operation are shown in Figures 4.9 and 4.10 for slow and block faded regimes, re-
spectively. More explicitly, Figures 4.9 and 4.10 compare the theoretical perform-
ance of the repetition non-cooperative and cooperative schemes and of an incre-
mental cooperative scheme transmitting the maximum number of previously punc-
tured bits in each attempt (i.e. attaining the lowest code rate at the destination for
each attempt).

Results confirm previous studies showing that cooperation may be used for in-
creasing the network performance, even in the block faded scenario, where all the
considered schemes have the same diversity gain. Finally, the analysis confirms

60



4.4, Conclusions

and quantifies that among cooperative coded techniques the one offering the best
performance is the incremental forwarding. In particular, the incremental scheme
uses a more efficient channel code, and attains a lower coding rate at the destina-
tion, hence compensating the fact that some bits are received less times than using
a repetition scheme.

Figures 4.9 and 4.10 also compare the theoretical outage, throughput and delay
values with the actual simulated performance. One can see that the performance
of the turbo coded system is very close to the analytic prediction, proving that the
theory is capable of capturing the performance of carefully designed schemes and
that such schemes exist.

4.4 CONCLUSIONS

This chapter analysed the limiting performance of coded cooperation schemes over
a faded channel. The analytic framework is not limited to a particular encoding
and decoding scheme, rather it is accurate for every efficient distributed encoding
technique. Furthermore, the estimator takes into account the general case where
many transmission attempts are sent by the source and relay stations, possibly us-
ing different modulation modes and incorporating different encoded bits. It was
shown that the limiting performance may be seen as a benchmark tool for assess-
ing whether a particular code scheme is efficient.

The following chapter will be focused on the design of turbo code schemes that
approach the limiting performance, such as the benchmark system used through
this chapter for validation purposes.
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DESIGN OF EFFICIENT DISTRIBUTED
TURBO CODE SCHEMES

The previous chapter analysed the limiting performance of a HARQ system for a co-
operative channel. This chapter addresses the problem of designing schemes that are
capable of approaching the limiting performance. More particularly, the chapter con-
siders the design problem of finding sets of puncturing patterns for turbo codes for
composing HARQ systems that perform close to the limiting performance. The chapter
addresses both the problem of assessing the performance of a particular scheme and
that of selecting well performing schemes from all the possible distributed coding sys-
tems relying on punctured turbo codes.

5.1 INTRODUCTION

The previous chapter shown that the limiting performance of a coded cooperation
scheme over a fading channel may be approached by efficient codes, though it dis-
pensed with the design of such coding schemes. This chapter considers such design
problem, and proposes a novel algorithm based on genetic optimisation techniques
for contriving punctured turbo code systems that are suited for cooperative scen-
arios.

Punctured turbo codes [79] are selected among different candidate coding tech-
niques, namely over Low Density Parity Check (LDPC) codes [68, 69] and rateless
codes [80], since they are capable of obtaining a capacity approaching performance
for many coding rates and for different attempts using a single decoding engine.
Particularly, rate compatible LDPC codes have a waterfall performance loss com-

IThe content of this chapter is based on F. Babich, A. Crismani and R.G. Maunder, “EXIT chart
aided design of periodically punctured turbo codes", Electronics Letters, vol. 46, no 14, June 2010,
and on F. Babich and A. Crismani, “Cooperative coding schemes: design and performance evalu-
ation", IEEE Transactions on Wireless Communications, vol. 11, pp. 222-235, Jan. 2012.
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pared to turbo codes under heavy puncturing. A performance at 1 dB from capa-
city at a rate of 0.9 transmitting more than 10° bits and using a mother code of rate
0.5 is reported in [81]. Rateless codes are better suited to erasure channels, where
it is possible to design a single code capable of approaching the capacity for every
erasure probability. However, rateless codes are not able to approach the capacity
of different symmetric channels without changing the encoding and decoding en-
gine [82].

Among turbo codes, non-systematic codes, where the information bits are
spread over different attempts, are selected in order to obtain balanced schemes
whose performance does not depend on the particular quality of different trans-
missions. The literature on punctured turbo codes aimed to optimise their error
floor performance [83, 84], due to the computational difficulties found when dir-
ectly addressing the waterfall behaviour [85]. Conversely, the design procedure
presented in this chapter directly targets the waterfall performance by proposing a
novel Genetic Algorithm (GA) for designing non-systematic punctured turbo code
schemes for the source's and relay's attempts of a coded cooperation algorithm.
The GA relies on a novel tri-dimensional (3D) EXIT chart technique for predicting
the decoding behaviour of non-systematic periodically punctured turbo codes and
allows one to contrive code schemes consisting of attempts optimised for the wa-
terfall region for both the source and the relay. The chapter shows that the codes
designed by the 3D EXIT chart aided GA closely approach the analytically estimated
limiting performance and outperform previously proposed systematic and comple-
mentary schemes.

5.2 HYBRID AUTOMATIC REPEAT AND REQUEST SYSTEMS
USING PUNCTURED TURBO CODES

The chapter considers the same coded cooperation system studied in the previ-
ous chapter. Namely, the scenario under study consists of an HARQ system where
successive attempts are transmitted either by a source station or by a relay. Fur-
thermore, this chapter considers coded cooperation systems that rely on punctured
turbo codes for encoding the information bits in each attempt. More particularly,
assume that the B encoded bits that are sent in each transmission attempt are ob-
tained by puncturing the encoded bits produced by a mother code fed with U in-
formation bits. The mother code is a parallel concatenation of two convolutional
encoders having the generator polynomial (1 5)g and the feedback polynomial
(1 3)g that are separated by a random interleaver = with length equal to the in-
formation bit sequence size. Among turbo coded systems, the parallel concaten-
ation architecture is chosen since it was shown to perform exceptionally well at
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Figure 5.1: Encoder structure of the punctured turbo code under consideration.

low SNRs [86], where cooperative communications and ARQ techniques operate.
Conversely, serial concatenations are best suited to applications requiring a lower
error floor [87].

The encoder's structure is shown in Figure 5.1, where a, ¢ and d represent the
information bits sequence, the parity bits sequence produced by the upper convo-
lutional encoder and the parity bits sequence produced by the lower convolutional
encoder, respectively. The sequences of bits a, c and d are punctured by puncturers
P,, P. and Py, respectively, and the B bits that are preserved after the puncturing
operation are sent on the channel.

The decoder for a single attempt operates on the LLR sequences 4., € and d_,
pertaining to the sequences a, ¢ and d, respectively. The zero value is used to rep-
resent the LLR value of punctured bits in the sequences 4., €. and d.. The operation
of adding the zero values in the positions of punctured bits is denoted by P;*, P.*
and P;?, respectively for the sequences 4., ¢, and d.. The joint decoding of mul-
tiple attempts collects the LLRs received in each transmission and adds the LLRs
pertaining to the same bit for obtaining the sequences ., €. and d..

The turbo decoder operates in an iterative fashion [7], where the two Soft-
Input Soft-Output (SISO) decoders, based on the Bahl-Cocke-Jelinek-Raviv (BCJR)
algorithm [88] that is used for obtaining the maximum a-posteriori probability of
the bits fed to the two RSC in the encoder, exchange their information until conver-
gence is reached or a maximum number of iterations is performed. In particular,
the upper SISO decoder uses the sequences of LLRs a. and ¢, and a sequence of
a-priori LLRs &, for the bits a for producing a sequence of extrinsic LLRs a.. The
extrinsic LLRs &, are interleaved and fed as a-priori information to the lower SISO
decoder. The lower decoder, in turn, uses such a-priori information, together with
the sequence b, that is obtained by interleaving the sequence of LLRs 4. and the se-
quence d,, for producing a new sequence of extrinsic LLRs b,, which is interleaved
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Figure 5.2: Decoder structure of the punctured turbo code under consideration.

and fed back to the upper decoder as a-priori information, continuing the iterative
process. The decoder structure is shown in Figure 5.2, where a, represents the se-
quence of a-posteriori LLRs that is produced at the end of the iterative process and
is used for estimating the transmitted bits. A reader that is interested in the turbo
decoding principle may find further details in [7, 89].

The HARQ system under study is obtained by using different puncturing
schemes for each attempt, in order to operate with a lower code rate. Assume to
adopt a periodic puncturing scheme for the k-th attempt. More explicitly, the in-
formation and parity bit sequences generated by the mother code are partitioned
in sub-blocks of length equal to the puncturing period T. The sets U¥, U¥ and U
specify the positions of unpunctured bits transmitted at the k-th attempt for each
sub-block of sequences a, ¢ and d, respectively. Similarly the punctured bit posi-
tions are enumerated by the sets P¥, P¥ and P¥. The coding rate of the k-th attempt
is given by:

P U

R. = = —, 5.1
k= TUEI  [UE| - [UE| B G-1)

Denote the sets containing the positions of information bits, upper and lower par-

ities that have been transmitted at least once within the first k attempts by 7¥ =

Uk_ Ul 7k = UF_, Ut and T} = UF_, UL, respectively. The code rate at the des-

tination after receiving the first k attempts is equal to:
P

| Tk | + 1T+ 1T

D _
R, =

(5.2)
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Finally, assume to adopt the same coding rate R,, = R. Vk € [1,]yax] for
each attempt, where Jyax is the maximum number of attempts of the cooperat-
ive scheme. Again, this chapter provides results for a set of coding rates chosen for

exemplifying the design procedure, namely the coding rates of R, = g, R, = g and

16

R, = L Similar results are obtained for different coding rates.

5.3 THE INFLUENCE OF THE PUNCTURING PATTERNS ON
THE PERFORMANCE OF THE TURBO CODED SYSTEM

As introduced in the previous section, the distributed coded scheme under consid-
eration is completely characterised by specifying the positions of punctured bits for
all the attempts that compose the HARQ system. It is then expected that the system
performance significantly depends on the particular set of puncturers under use.
This section briefly analyses the performance of the classic systematic incremental
puncturing solutions and details why they are not suited for cooperative scenarios.
The following sections will address the problems identified in this section, propos-
ing methods for evaluating the performance of a generic non-systematic punctured
turbo code and for obtaining puncturing sets that perform close to the network fig-
ure values predicted by using the SPB estimator of Chapter 4.

Consider classicincremental HARQ schemes used for non-cooperative scenario,
where the first attempt, transmitted by the source station, preserves all the inform-
ation bits and some parity bits, while later attempts transmit either only parity bits
or a wide set of parity bits complemented by few information bits. The quality re-
quired on the relay-destination link for achieving a target error ratio at the destin-
ation for a given value of SNR yg, on the source-destination link in a system that
follows this puncturing rule is compared with the performance predicted using the
SPB in Figure 5.3 for different values of code rate used for each attempt. The spe-
cific puncturing schemes used are listed in Table 5.1. Such puncturing schemes will
be referred in the following of this thesis as systematic schemes, given that a sys-
tematic code that transmits all the information bits is used in the first attempt.

One can see from Figure 5.3 that the simulated performance of the system ap-
proaches the theoretical analysis when the quality of the source-destination link is
high, while a severe performance downgrade occurs for low values of ys,, where
the system operates at the target error rate only for values of y,, that are signific-
antly higher than the ones predicted by the SPB.

Such downgrade may be explained by looking carefully at the distribution of
information and parity bits across the transmission attempts of the scheme under
consideration. Particularly, it was shown in [90] that information bits are critical
for the waterfall performance of turbo codes. Looking carefully at the classic HARQ
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Figure 5.3: Comparison between the SPB limit (solid) and the actual simulated per-
formance of a systematic incremental system (dashed x) using differ-
ent combinations of modulation modes for the source-destination and
relay-destination links.

scheme one may note that when transmitting two attempts only, all the informa-
tion bits are sent by the source station, while the relay forwards parity bits. Hence,
the information bits are received with low quality when y), is low, and since their
quality is of paramount importance for the decoding performance in the waterfall
region the system requires a much higher value of y,,, which ultimately means that
the system requires having very reliable parity bits for compensating the low qual-
ity of the more important information bits in order to achieve the target error ratio.

One may note that the performance downgrade does not affect the system trans-
mitting three attempts. This is because the third attempt, which is transmitted by
the relay, contains some information bits. Hence, there are information bits re-
ceived from the relay, and therefore with high quality, and the decoder is capable of
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Figure 5.4: Comparison between the simulated outage probability (dashed ) of a
systematic incremental system consisting of two attempts (Jyax = 2)
using and the performance predicted using the SPB (solid) in a slow
fading regime.
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Figure 5.5: Comparison between the simulated outage probability (dashed ) of a
systematic incremental system consisting of two attempts (Jyax = 2)
using and the performance predicted using the SPB (solid) in a block
fading regime.

correctly decoding the transmitted signal at channel qualities close to the limiting
performance predicted using the SPB.

The performance downgrade translates to the system performance and partic-
ularly to the outage probability. Figures 5.4 and 5.5 compare the simulated outage
performance of the classic HARQ scheme with the SPB analysis for slow and block
faded regimes, respectively. One can see again that the simulated performance does
not follow the theoretical analysis, and it exhibits a floor behaviour when the value
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['sp increases.

One can finally conclude that the performance of an HARQ scheme based on
punctured turbo codes significantly depends on the particular set of puncturers
used. Particularly, the classic incremental schemes used for non-cooperative scen-
arios, where the quality of different attempts is likely to be similar, are not suited
for cooperative systems, where different transmissions are characterised by qual-
ity values that may differ significantly, given that the transmissions are carried out
by different stations.

5.4 DESIGN OF BALANCED TURBO CODED HARQ SYSTEM
FOR COOPERATIVE SCENARIOS

The previous paragraph shown that a careful design of the puncturing sets com-
posing a distributed turbo coded system is needed for approaching the perform-
ance predicted using the SPB. More explicitly, unbalanced systems, where different
attempts contain different quantities of information and parity bits and hence have
different decoding performance, cannot operate close to the predicted values.

It is then of interest to design balanced HARQ systems, where each attempt has
the same decoding performance. Particularly, balanced schemes allow the des-
tination to decode the received information independently of the quality of each
attempt, and hence avoid transmitting the attempts that contribute the most to
the decoding performance on links having a very low SNR, as may happen in un-
balanced schemes. Balanced turbo coded HARQ schemes necessarily use non-
systematic puncturers for each attempt, given that the information bits must be
spread across all the transmissions since they significantly contribute to the de-
coding performance of the single attempt.

The design procedure for contriving balanced non-systematic punctured
schemes for cooperative scenarios consists of two steps. Firstly, one needs to evalu-
ate the performance of single non-systematic turbo codes, in order to compare dif-
ferent punctured solutions. Secondly, one needs to explore the search space com-
posed by all possible non-systematic punctured turbo codes and select solutions
that optimise the performance of the whole HARQ system.

This section details these design steps, where a novel tri-dimensional EXIT chart
analysis is used for assessing the waterfall performance of a non-systematic punc-
tured turbo code and a genetic algorithm based optimisation technique is adopted
for selecting HARQ schemes that are capable of performing close to the analytic
prediction.
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5.4.1 ANALYSIS OF PERIODICALLY PUNCTURED NON-SYSTEMATIC
TURBO CODES USING TRI-DIMENSIONAL EXIT CHARTS

Coding schemes suited for cooperative scenarios should be optimised to provide
a satisfying waterfall behaviour, noting that cooperation operates in this region.
This goal is opposed to previous literature works that optimised the error floor
performance of punctured turbo codes [83, 84]. The performance of a turbo code
in the waterfall region may be quantified by identifying the decoding threshold that
characterises the scheme. The decoding threshold is defined as the lowest SNR
value that allows the decoding engine to achieve a vanishingly low BER, and it may
be estimated by using EXIT charts. In particular, EXIT charts have been proved to
be an effective tool for predicting the waterfall performance of iteratively decoded
schemes without relying on BER simulations [72, 91].

An EXIT chart depicts the iterative mutual information exchange between a par-
allel concatenation of two SISO decoders. In particular, the a-priori information I,
provided to the upper decoder by the lower decoder is quantified by the mutual
information I(a; a,) between the systematic bit sequence a and the a-priori LLR
sequence a, of Figure 5.2. In response, the upper decoder generates the extrinsic
LLR sequence a,, whose mutual information I is obtained as I(a; a.). The relation
Fypper between the value of mutual information /, of the a-priori LLR sequence and
the value of mutual information I of the extrinsic LLR sequence produced by the
upper decoder is referred to as the EXIT function, or EXIT curve, of the upper de-
coder. Hence, one may write:

IE = I(a; ﬁe) = Fupper[l(a; E~la)] = Fupper(IA)- (53)

The extrinsic LLR sequence a, generated by the upper decoder is provided to
the lower decoder as a-priori information. The lower decoder produces in turn
an updated sequence of LLRs a,, that is fed back to the upper decoder as a-priori
information in an iterative fashion, as detailed in the previous section and pictured
in Figure 5.2. Similarly to the upper decoder,; the operation of the lower decoder
may be characterised by an EXIT function. Particularly, one may write:

IA = I(a; £~la) = Flower[l(a; ﬁe)] = Flower(IE)- (54)

An EXIT chartjointly plots the two EXIT functions of the concatenated decoders.
The concatenated scheme is capable of attaining an infinitesimally low BER, when
the two EXIT curves do not intersect, allowing the stair-case-shaped decoding tra-
jectory to reach the (1, 1) point of perfect decoding convergence.

Consider the transmission of a single attempt of the HARQ system using the
BPSK modulation mode over an AWGN channel having SNR equal to y. Figure 5.6
plots the EXIT chart of the code used in the first attempt of the classic systematic
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Figure 5.6: Classic EXIT charts of a periodically punctured systematic turbo code
for different values of SNR.

incremental scheme having a rate of R, = g for different SNR values. The complete
listing of punctured and unpunctured bits is given in Table 5.1.

It can be seen that the EXIT chart shows an open tunnel at an SNR value of about
2.9 dB, which is referred to as the decoding threshold of the scheme. Hence, the
turbo code scheme is capable of attaining a vanishingly low BER for SNR values
that are higher than 2.9 dB, as validated by BER simulations shown in Figure 5.7.
Figure 5.6 also plots the actual stair-shaped decoding trajectory, showing that the
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Figure 5.7: BER versus SNR curve of a periodically punctured systematic turbo
code.

real decoding procedure is closely predicted by the EXIT chart analysis.

The same EXIT chart analysis is shown in Figure 5.8 for a non-systematic peri-
odically punctured code of rate R, = g, where only 8 information bits are preserved
from the 16 information bits collected in each puncturing period. The listing of the
particular puncturing scheme used may be found in 5.1, where the code is labeled
as “Genetic Algorithm aided designed". It can be seen that the EXIT chart analysis
fails to model the performance of the coded scheme. Particularly, the actual decod-
ing trajectory is not predicted by the two EXIT curves, and it can be seen that the
actual decoder is capable of reaching the (1, 1) point of perfect convergence even
when the two EXIT curves do intersect. Hence, one may conclude that a classic EXIT
chart cannot be used for analysing the convergence behaviour of non-systematic
periodically punctured turbo codes. It is then necessary to modify the EXIT chart
analysis for accounting for the effect of periodic puncturing.

The mismatch between the EXIT chart and the actual performance originates
from a reduction in the amount of extrinsic information for the neighbouring ex-
trinsic LLRs in the sequence a.. This reduction is produced by the puncturing of
bits in the sequence a. The effect is exacerbated if consecutive systematic bits in
the sequence a are punctured, which happens consistently for periodic punctur-
ing.

Hence, when periodic puncturing is employed, the extrinsic LLRs in the se-
quence a, can be divided into two categories, those in the vicinity of punctured
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Figure 5.8: Classic EXIT charts of a periodically punctured non-systematic turbo
code for different values of SNR.

bits and those not in the vicinity of punctured bits. Since the former category has
a higher mutual information than the latter one, there is an uneven distribution
of information within a,. However, the classical EXIT chart analysis models the
extrinsic LLR sequence a, using a single mutual information value of I(a; a.) and
hence with an even distribution of information. Since the lower decoder is sensit-
ive to the distribution of information in the extrinsic sequence a,, the mutual in-
formation I (a; a,) of the a-priori sequence of LLRs @, provided by it is not correctly
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predicted.

Note also that the classic EXIT chart analysis is able to correctly obtain the upper
decoder's EXIT function. This is because the interleaver = randomises the periodic
uneven distribution of information within the LLR sequences a, and a. before they
are provided to the lower decoder, as shown in Figure 5.9, which explicitly pictures
LLR sequences having even or uneven distributions of mutual information. As a
result, the LLR sequence a, provided by the lower decoder has an even distribution
of information, which is correctly modelled in the classic EXIT chart analysis.

In order to correctly model the behaviour of periodically punctured codes, the
classical EXIT chart analysis is modified for taking into account the uneven distribu-
tion of mutual information in the LLR sequence a,. Particularly, a tri-dimensional
EXIT chart analysis is proposed, where the artificial LLR sequence &, is divided into
two categories.

The first category a8 corresponds to the punctured bits a? of the sequence a,
while the second category ay corresponds to the unpunctured bits a*. The two
categories of LLRs a5 and aY that are fed to the lower decoder as a priori in-
formation are generated separately and have distinct mutual information values of
I¥ = I(aP;ak) and I¥ = I(a%; aY), respectively. Such distinction allows separately
accounting for the contributions of punctured and unpunctured bits. Particularly,
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Figure 5.10: Tri-dimensional EXIT charts of a periodically punctured non-
systematic turbo code for different values of SNR.

the behaviour of the lower encoder is now characterised by the EXIT function:
IA = I(a; ﬁa) = Flower[I(a; ﬁg),l(a; E~llel)] = Flower(IEp'Ig)' (55)

which represents a surface in the tri-dimensional space. Conversely, the behaviour
of the upper decoder is characterised by two EXIT functions, one for the punctured
bits and one for the unpunctured bits, that are obtained as:

12 = 1(a%;a8) = FloperlI (@ 3,)] = Fipper (1) (5.6)
I¥ = 1(a% Y) = Fltyperl1 (@ 8)] = Fltpper (1) (5.7)

The proposed tri-dimensional EXIT chart analysis jointly plots the EXIT curves

Fiower» Fiipper and F upper- The analysis is exemplified for the non-systematic code

under consideration in Figure 5.10, which pictures the tri-dimensional EXIT chart
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Figure 5.11: BER versus SNR curve of a periodically punctured non-systematic
turbo code.

for different values of SNR. It can be seen that the proposed tri-dimensional ap-
proach allows one to correctly model the behaviour of the non-systematic scheme,
while the classic EXIT chart analysis fails. The decoding threshold for the con-
sidered scheme is equal to 3.1 dB, as can be seen from the open tunnel appearing in
Figure 5.10. Such threshold is validated by BER simulations shown in Figure 5.11,
which again confirm the accuracy of the proposed EXIT chart method.

For visualisation purposes and for facilitating the user at identifying an open
tunnel, the tri-dimensional EXIT chart of a non-systematic code may be projected
into a bi-dimensional space. Particularly, the bi-dimensional projection may be ob-
tained by weighting the contributions of punctured and unpunctured bits with real
quantities w,, and w,;, representing respectively the fractions of punctured and un-
punctured information bits. The upper decoder is characterised by the single EXIT

. rojected .
function Fipper - (I,) obtained as:

IE = I(a; ée) =Wy ngper[l(a; éa)] +wy Fllllpper [I(a; 5a)]
=Wy FEPPeF(IA) +wy, F:llpper(IA)
= Fipper ~ (o). (5:8)
The lower decoder may also be characterised by a single EXIT function that depends
only on the value I. Particularly, one may model its behaviour by defining the EXIT

77



Chapter 5. Design of efficient distributed turbo code schemes

projected
lower

1) = 1((24,)) = Flymer W, - (a?;82) + w,, - [(@%; &%)]

curve F (W, - If +w, - I}) as:

lower

= Froectedy, 12 + w, - 1Y), (5.9)

lower

for the values of IZ, I¥ and I, at which Fipper(I,) and Fipper(I4) intersect, i.e. for the
values that contribute at matching the actual decoding trajectory.

The projections on the bi-dimensional space of the tri-dimensional EXIT charts
pictured in Figure 5.10 are shown in Figure 5.12. It can be seen again that the pro-
posed analysis allows one to correctly model the decoding behaviour and to ob-
tain the decoding threshold value that characterises the coding scheme. Hence,
opposed to the classic EXIT chart analysis, the proposed tri-dimensional approach
may be used for evaluating the decoding behaviour of periodically punctured
schemes in the waterfall region.

5.4.2 GENETIC AIDED DESIGN OF PERIODICALLY PUNCTURED CODES
SUITED FOR HARQ SYSTEMS

The previous sections shown that a balanced HARQ system consisting of non-
systematic punctured coding schemes is required for approaching the system lim-
iting performance and proposed an analytic method based on tri-dimensional EXIT
charts for assessing the performance of the single attempts composing such HARQ
system. Hence, the previous sections identified a suited HARQ structure and pro-
posed a tool for evaluating how well one particular HARQ scheme performs. The
next design step consists in finding balanced HARQ schemes that are capable of
approaching the limiting performance predicted using the SPB.

Particularly, the design problem consists in finding HARQ schemes where the
single attempts have the same performance in the waterfall region, this perform-
ance is as close as possible to the limiting one obtained by using the SPB and, finally,
the coding rate at the destination when combining the received attempts is as low
as possible. It has to be noted that, opposed to previous literature works that op-
timised the error floor performance of punctured turbo codes [83, 84], the waterfall
performance is considered, since cooperative scenarios operate with low SNRs.

The design problem is addressed by proposing a novel code design technique,
based on a genetic optimisation algorithm, that allows finding efficient punctur-
ing schemes for the source's and relay's transmissions. More explicitly, a GA aided
design tool is constructed for obtaining non-systematic punctured codes that com-
bined at the destination provide a low code rate and whose performance in the
waterfall region is capable of approaching the limiting one predicted by the SPB.

The choice of a GA is based on previous literature works where genetic optim-
isation techniques have been used as heuristic tools for selecting suitable coding
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Figure 5.12: Bi-dimensional projections of tri-dimensional EXIT charts of a peri-

odically punctured non-systematic turbo code for different values of
SNR.

schemes [92]. This section shows that the GA allows efficiently exploring the set
of possible punctured codes, opposed to performing an exhaustive search as pro-
posed for turbo trellis coded modulation schemes in [93], which may be unfeasible
for the considered design problem [85].

The GA operates in steps. The i-th step contrives codes for the i-th transmis-
sion attempt. More explicitly, the i-th step operates on a search list C formed by
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candidate coding schemes. The generic code scheme C is composed by i punctur-
ing patterns {Cj}j-=1, one for each attempt.

At each step, the GA tries to obtain codes that achieve the best waterfall per-
formance for the target attempt. In order to select the schemes offering the best
waterfall performance, the GA compares candidate codes in terms of their de-
coding thresholds. The decoding thresholds I'gx;r(C;) are predicted using the tri-
dimensional EXIT chart analysis presented in the previous section, assuming to
transmit a BPSK modulated signal over an AWGN channel. In particular, given that
non-systematic codes are considered for the single attempt and that the classic
EXIT chart analysis cannot correctly model the behaviour of such codes, the pro-
posed tri-dimensional EXIT charts are of paramount importance for the GA as they
allow selecting the best code candidates with a reduced computational cost than
BER plots. More explicitly, the tri-dimensional EXIT chart analysis provides the
means for comparing the waterfall performance of candidate codes that are con-
sidered during the GA operations in an efficient way.

The novel GA not only allows designing code schemes with satisfying waterfall
performance for each attempt, but also prioritises code schemes that repeat less
bits, in order to achieve a low coding rate at the destination. Particularly, the pro-
posed cost function for the i-th step decreases for schemes formed by punctured
codes performing closer to the channel capacity and takes into account the coding
rate at the destination after receiving all the i attempts. Hence, the GA allows one to
contrive coding schemes which repeat the least number of bits while guaranteeing
a satisfying waterfall performance for each attempt.

The cost function for the i-th step is expressed as:

C) = ) (Texir(C)) ~T.) + AR, (5.10)

j=1

where I, is the SNR providing a channel capacity equal to the code rate R, of the
single attempt. The real valued quantity £ is used to weight the contribution of per-
forming near the channel capacity or achieving a lower code rate at the destination.
More details on the influence of the parameters that control the behaviour of the
GA will be provided in the following of the section.

In each step, the GA operates in stages. Particularly, at each stage the GA gen-
erates 10 mutations. Each mutation derives from a randomly chosen code scheme
C* € C. Among the 10 mutated codes, a new code scheme C' is appended to the
search list only if its cost function Q(C") is lower than the one of the originating
code scheme, Q(C*). When 20 codes are already in the search list, C' substitutes
the scheme with the highest cost function. The search loop for the particular step
stops when a code scheme with a target cost function is found or when a maximum
number of iterations without improvements is reached.
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A mutated code scheme C’ is generated by performing a set of Q operations on
the i-th puncturing pattern C;, where P,{Q} = 27¢. A decreasing probability is
chosen to facilitate the convergence of the GA, however many operations are per-
mitted to explore the search-space sufficiently densely. The operations applied for
mutating a puncturing pattern are the following:

1. move an element from U to P}, and, viceversa, move an element from P} to
U, where x € {a,c,d};

2. move an element from U. to P/, and, viceversa, move an element from ?di to
UL;

3. move an element from P/ to UL, and, viceversa, move an element from U}, to
Fa;

In order to facilitate the convergence to a low code rate at the destination, the
candidate bits to be moved between sets when mutating a code scheme are not
selected randomly.

Denote with x € {a,c, d} either the sequence containing systematic bits, up-
per parities or lower parities. For achieving a lower code rate at the destination,
bits that have already been transmitted many times are more likely to be selected
when choosing the bit to be punctured (i.e. when moving a bit from the set U%, of
unpunctured bits to the set P} of punctured bits). Viceversa, bits that have been
transmitted less times are better candidates when choosing the bit that has to be
unpunctured (i.e. when moving a bit from the set ! of punctured bits to the set U’
of unpunctured bits).

More explicitly, denote with R’ (U%) the set enumerating the positions of bits of
UL that have been transmitted j times within the first i attempts. Similarly, R’ (P})
enumerates punctured bits. The probability P{R’(U.)} of puncturing one of the
bits from the set UL that have been transmitted j times within the first i attempts is
proportional to a’. Hence, bits transmitted more times are preferred. Conversely,
the probability P{R’ (P})} of unpuncturing one of the bits in the set P} that has been
transmitted j times is proportional to @~/ and prioritises less transmitted bits.

It may be noted that all the operations preserve the coding rate, while some of
them change the code's structure, in the sense that different numbers of upper and
lower parity bits are transmitted after applying operations 2) and 3). Conversely,
the number of transmitted information bits is fixed and the mutations only change
the positions of unpunctured information bits. This is to prevent the GA from trans-
mitting many information bits in the first step. In particular, codes which preserve
many information bits exhibit a better waterfall performance, however they lead to
repeated bits in the following attempts and do not facilitate the design of balanced
schemes.
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Figure 5.13: Average decoding threshold and average coding rate at the destination
at different stages when running the second step of the proposed GA.

Figure 5.13 shows the average decoding threshold and the coding rate at the
destination at different stages of the second step of the proposed GA with different
values of @ and f.

It can be seen that prioritising the choice of bits to be punctured and unpunc-
tured by using an higher value of a effectively reduces the coding rate at the destin-
ation. More explicitly, when the bits to be punctured and unpunctured are chosen
randomly (i.e. using a = 1), the candidate code schemes repeat many bits and the
GA does not converge to a low rate solution. Conversely, a value a = 5 allows one
to obtain schemes that do not repeat any bit after only few GA stages.

The value of § is used to weight the contribution of the coding rate with respect
to the decoding threshold on the cost function calculation. A lower # means that
codes performing nearer to the channel capacity are preferred over codes having a
lower rate at the destination.

This behaviour is confirmed by Figure 5.13, that shows that running the GA
with lower values of 8 allows obtaining codes with satisfying waterfall behaviours
after fewer steps. The results presented in the following of the section have been
obtained using the values @ = 5 and f§ = 5, which provide a good compromise
between the coding rate convergence and the decoding threshold performance.

The best code schemes generated by the GA for different coding rates of the
single attempt are listed in Tables 5.1, 5.2 and 5.3 along with the 3D EXIT chart
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Figure 5.14: BER versus SNR curves for the codes composing the GA designed
(dashed) and the reviewed schemes (solid: systematic, dotted:
scheme of [70]). The curves are shown for the codes composing the

three single attempts of the HARQ scheme (first attempt: ¢, second at-
tempt: e, third attempt: «).

predicted decoding thresholds for each attempt.

Note that the presented GA aided design procedure is optimised for obtain-
ing incremental schemes that rely on successive transmissions. Particularly, even
though the schemes obtained are robust to erasures, since each attempt is invert-
ible, they are not symmetric, in the sense that the decoding performance after re-
ceiving the first and the second attempt is different than the decoding performance
achieved combining the first and the third attempts, or the second and the third
attempts. This behaviour results from the particular structure of the GA, which op-
timises the performance of codes relying on the transmission of the whole attempt
sequence, and does not account for erasures. Though the design problem of finding
code schemes that satisfy the requirements listed in this chapter and, additionally,
are symmetric is of interest, it is left for future works.

Finally, Tables 5.1, 5.2 and 5.3 also show the patterns of systematic incremental
schemes and of the complementary scheme of [70] for a scenario where R, = g

Consider now the particular case of R, = 2. It can be seen that each attempt
of the GA aided designed code scheme performs within 0.3 dB from the system-
atic punctured code, that offers the best waterfall performance. The predicted per-
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Scheme

Puncturing patterns

l—‘EXIT

Coding rate atD

GA designed code

UL: {135910 14 15 16}
UL: {34578910}
UL: {6 8 10}

3.17dB

R.? =0.889

UY: (24678111213}
Ul {21112 13 14 15 16}
Ul {1216}

3.14dB

R.) = 0.444

UM {136781015 16}
UM (156791011}
U {9 13 15}

3.12dB

R.J =0.39

Code of [70]

U:{3456910111315 16}
UL: {12781314}
uL: {123

3.67dB

R.? = 0.889

Ul:{125678111213 15}
UY: {3491015 16}
Ul {6 73

3.65dB

R.) =0.516

UM {1347891013 14 15}
UM {12561112})
Ul {1112}

3.67dB

R.) = 0.42

Systematic code

Uul:{1..16}
Uul: {9y
Ug: {1}

2.88dB

R.? = 0.889

ul: o
Uul:{13457111315}
UY:{24689101213 14 16}

non
invertible

RP =0.444

UM {1591012 13}
UM {2681012 14 16}
UM (3571115}

4.95dB

R.J = 0333

Table 5.1: GA aided designed and reviewed coding schemes for a code rate of the

single attempt equal to R, = g

formance of the codes shown in Table 5.1 is validated by BER curves shown in Fig-

ure 5.14.

It can be seen that the codes employed in each attempt of the scheme designed
using the GA have a satisfying waterfall behaviour, while the codes composing the
complementary scheme of [70] show a noticeably performance downgrade and re-
quire additional 0.5 dB to achieve a low BER. The scheme of [70] also transmits
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Scheme Puncturing patterns [exir Coding rate at D

UL: {12348}

UL: {234} 1.57dB R.7 =08

UL: {23}

Ul {15678}

Ul {178} 1.57dB R.) = 0.444

Ul {7 8}

UM {23456}

Ul {156} 1.64dB R.) = 0.364

ul': {15}

ul: {1..8}

UL: {5} 1.57dB R.? =08

UkL: {1y

Ul o

Ut {12347}

Uuy: {13568}

uM: {147}

UM: {1568} 2.66dB R.J = 0333

Uy': {247}

Table 5.2: GA aided designed and systematic schemes for a code rate of the single
attempt equal to R, = %.

GA designed code

non

D _
invertible Re, =04

Systematic code

more information bits and hence suffers from a higher coding rate at the destina-
tion.

Finally, the performance of the second and third attempts of the systematic in-
cremental scheme is not shown since only parities or few information bits are sent
and hence the codes are either not invertible or exhibit a poor waterfall behaviour.

Similar considerations apply to schemes designed using the GA for coding rates
of R, = g andR, = 1—:. It can be seen again that the performance of the GA designed
codes is close to the optimal one of the correspondent systematic solutions.

To evaluate the computational complexity of the proposed GA, the number of
candidate codes examined before obtaining a satisfactory scheme is compared with
the number of possible punctured code configurations. Consider again the example
case of R, = g. The first step of the GA was stopped after around 200 stages, i.e.
after evaluating around 2000 codes. An average decoding threshold of 3.23 dB was
obtained. In comparison, the number N4, of possible punctured schemes trans-
mitting e = 18 encoded bits per puncturing period, where u = 8 are information
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Scheme Puncturing patterns [exir Coding rate at D

UL: {123567891014 15 16

212326 29}

UL:{356912151619202123 4.29dB R.? =0.941
2426 27 28 29}

uy: {2 23}

UY: {41112 13 17 18 19 20 22

242527283031 32)

UY: {124781011131417 18 4.35dB R.D =047
2225303132}

uy: {1131}

UM: {34691012151617 2122

24 2526 27 30}

UM: (56910111516 182123 4.36dB R.J =045
2627283132}

UM {5715}

uL: {1..32}

UL: {17} 4.29dB R.2 =0.941
Uy: {13

Ul o
UY:{123568111215182022
2325282932}

UY: {234791013 141619 21
22242627 30 31}

UM: {617 27}

UM {24791013141619 2124
2627 30 31}

UM {356811121517 1820 22
2325282932}

Table 5.3: GA aided designed and systematic schemes for a code rate of the single
attempt equal to R, = %.

GA designed code

non b _
invertible Re, =0.47

Systematic code

non D _
invertible Rey =0.33

bits, is:
e—u—1

P P P 11
Neoges = <u> : Z <p1> : (8 —u— p1) ~8-10 (5.11)

p1=1
Hence, the GA reduces the number of EXIT chart simulations of a 10® factor com-
pared to a deterministic full search.
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Figure 5.13 also shows that running only 50 stages of the proposed GA allows
one to contrive code schemes having no repeated bits in the first two attempts (i.e.
obtaining a coding rate of ch = 0.444) that perform within 0.7 dB from the channel
capacity, achieved at I, = 2.51 dB, and within 0.3 dB from the optimal systematic
code. Hence, the GA is capable of obtaining satisfactory code schemes requiring a
reasonable computational cost, opposed to the unfeasible full search required by a
deterministic approach.

To further quantify how remarkable the results given by the GA are, the obtained
codes are compared with the best ones obtained adopting a random search. Ran-
dom searches are low complexity algorithms that have been used to obtain satisfy-
ing individuals from large search spaces [94].

After simulating 5000 schemes consisting of one attempt, none obtained a bet-
ter decoding threshold than the one of the GA aided designed code. In particular,
only 2 and 21 schemes performed, respectively, within 0.15 dB and 0.5 dB from the
GA aided code.

Finally, 5000 codes formed by two attempts were randomly selected and their
performance compared to the GA aided designed one. Again none performed better
than the one designed by the proposed GA. Adding more, only 12 codes, represent-
ing the 0.24% of the searched schemes, had the same coding rate and decoding
thresholds within 0.5 dB from the ones of the GA aided designed scheme.

Hence, the GA outperformed the random search, even considering that the latter
required an higher computational complexity, since it evaluated a number of codes
2.5 and 10 times higher than the first and second steps of the GA, respectively.

To further elaborate on the computational complexity, simulating a stage of the
proposed GA requires around 15 minutes when run on a 2.5 GHz Intel i5 CPU.
Hence, the proposed GA is not suited for real time operations. Note that this is not
a limitation, since the aim of the GA of designing capacity-approaching punctured
codes is well fulfilled by an off-line operation.

Note also that the complexity of the search algorithm is of paramount import-
ance due to the high number of possible solutions. More explicitly, it would be un-
feasible to perform an exhaustive search to derive the optimum punctured scheme
in a reasonable amount of time, particularly when the puncturing period increases.

Finally, it can be shown that the genetic aided designed codes are capable of
performing close to the theoretical system limit obtained using the SPB. Particu-
larly, the simulated curves that were shown in Chapter 4 were obtained using the
code having rate of R, = S and designed using the GA, that is listed in Table 5.1.
It was shown that such code approached the limiting performance, and the results
are shown again for clarity purposes in Figures 5.15 and 5.16, where the actual per-
formance of the HARQ system transmitting three attempts and using the GA aided
designed code is recorded over slow and block fading scenarios, respectively.
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Figure 5.15: Comparison between the simulated performance of the HARQ system
transmitting three attempts and based on the GA aided designed code
of rate R, = g (o) and the theoretical values predicted using the SPB
(solid) in a slow faded regime.
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Figure 5.16: Comparison between the simulated performance of the HARQ system
transmitting three attempts and based on the GA aided designed code
of rate R, = g (o) and the theoretical values predicted using the SPB
(solid) in a block faded regime.
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5.5. Conclusions

Again, one can note that the proposed code scheme closely parallels the lim-
iting performance of the system, showing that the GA aided code scheme design
algorithm is capable of contriving efficient HARQ systems for the cooperative chan-
nel.

5.5 CONCLUSIONS

The chapter considered the design problem of finding practical distributed channel
coding techniques that are capable of approaching the system limiting perform-
ance. The chapter proposed a novel genetic algorithm aided design approach for
contriving punctured turbo codes for the transmissions of the source and relay sta-
tions. Furthermore, for selecting punctured codes that compose balanced schemes
and provide remarkable waterfall performance, the chapter introduced a novel
tri-dimensional EXIT chart analysis that correctly predicts the behaviour of non-
systematic periodically punctured turbo codes. The chapter shown that the novel
code design algorithm allows contriving distributed schemes that closely parallel
the limiting performance predicted using the SPB.
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DESIGN AND ANALYSIS OF COOPERATIVE
MEDIUM ACCESS CONTROL PROTOCOLS

The cooperative approach is not limited to the physical layer, and it may be used as
a base for designing cooperative MAC schemes where the transmission of a source
station is aided by a relay. This chapter presents the design procedure of a novel co-
operative MAC protocol. The novel protocol is designed using a cross-layer approach,
where the PHY and MAC layer are jointly considered for the sake of exploiting the
benefits of distributed channel coding at the MAC layer. The chapter also details a
theoretical formulation for assessing the performance of the novel cross-layer pro-
tocol.*

6.1 INTRODUCTION

A cooperative design approach allows nodes equipped with a single antenna to
share their information forming a virtual antenna array in order to exploit the spa-
tial diversity provided by independently faded antenna elements. As shown in the
previous chapters the literature on physical layer cooperative techniques is rich.
Recently, a cooperative approach has been used for designing novel MAC protocols.
Cooperative MAC schemes reduce the negative effects on the throughput of slow
802.11 stations [39, 40] by enabling faster multi-hop communications using relays
with better channel conditions.

Cooperative MAC schemes may be found in [41, 42, 43, 45,47,50,95]. The main
limit of the above-mentioned references lies in adopting an ideal channel model

IThe content of this chapter is based on F. Babich, A. Crismani and L. Hanzo, “*Cross-Layer solu-
tions for cooperative medium access control protocols', presented at the IEEE Vehicular Technology
Conference, Taipei (Taiwan), May 2010, and on F. Babich and A. Crismani, " Incremental and com-
plementary coding techniques for cooperative medium access control protocols', presented at the
IEEE Vehicular Technology Conference, Budapest (Hungary), May 2011.
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and over-simplified assumptions for the physical-layer. In particular, the theoret-
ical analysis performed in [45, 95] considers a simplified adaptive regime, where
data rates are fixed on each link and are based on the distance between stations,
while outage is not taken into account. Furthermore, the works of [45, 95] fail to
take into account the contribution of the signal gleaned by the destination from
the source station and are not able to exploit the benefits offered by distributed
physical-layer techniques. The cross-layer designed protocol of [42] considers a
joint decoding at the destination of signals received from the source and the relay.
However its benefits are not exploited by the adaptive regime algorithm and the
analysis is based on idealised conditions which do not take into account channel
coding.

This chapter investigates the effects of different channel coding schemes and
provides adaptive regime rules to exploit their benefits at the MAC layer. A novel
cooperative MAC protocol is designed extending the popular CoopMAC [42, 45] pro-
tocol in a cross-layer design fashion.

The novel protocol incorporates the benefits of PHY layer distributed coding by
allowing the relay to forward different information than the one transmitted by the
source station. Different forwarding coding schemes are investigated to address
HARQ design issues, which are exacerbated in distributed scenarios.

The performance of the studied cooperative protocols are also analytically de-
rived, extending the theory of [96, 97, 98] by introducing a more realistic channel
model which accounts for fading impairments, adaptive modulation schemes, out-
age situations and channel coding. More explicitly, a finite state Markov chain mod-
els the backoff behaviour of a contending station while the ON-OFF approximation
based on the SPB theory of Chapter 4 is used for assessing the performance of the
selected channel code and modulation pair.

6.2 EXTENDING THE COOPMAC PROTOCOL FOR INCLUDING
DISTRIBUTED CHANNEL CODING

As introduced and reviewed in Chapter 2, the CoopMAC protocol is a popular ac-
cess scheme which extends the [EEE 802.11 DCF for enabling cooperative commu-
nications. The main drawback of the classic CoopMAC scheme is that the source
and relay stations transmit the same information, while incremental schemes were
shown to achieve a higher performance in previous chapters. Furthermore, in the
CoopMAC protocol, the destination does not combine the signals gleaned from the
source and relay stations, and rely only on the information received from the relay
for decoding the frame. It is then of interest to extend the CoopMAC protocol in a
cross-layer fashion using distributed channel coding techniques for improving the
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decoding and ultimately the network performance.

6.2.1 THE CONSIDERED NETWORK SCENARIO

Consider a normalised scenario, where |V'| stations equally spaced on a circle with
radius R = 1 transmit to an access point placed in the middle of the circle. The
normalised scenario allows a fair comparison among different schemes, although
the analysis may be easily extended to different topologies.

Assume that a station checks the channel conditions when it attempts a packet
transmission. Block non-dispersive Rayleigh fading is considered, hence the in-
stantaneous SNR of every frame's transmission between two stations “A'" and " B"'

is given by:
r
Yag = hap Lap, = hap d°(a.b)’ (6.1)

where h,p is an exponentially distributed random variable with unity mean and
variance, ' 5 represents the average SNR characterising the AWGN, a = 3 is the
path-loss exponent, d(a, b) is the distance between A and B and T is the average
SNR at a distance equal to d = R = 1, i.e. the average SNR on the link between a
station and the access point. Since block fading is assumed, the instantaneous SNR
remains constant over a packet transmission, while it changes during the access
period and when a station finishes its backoff the channel state is independent from
previous values.

This chapter assumes that the source station has a perfect knowledge of the
channel conditions of every link in the network. Even though this assumption is
strong, it allows one to assess the limiting performance of the considered proto-
cols. The performance of cooperative MAC protocols relying on imperfect channel
knowledge is analysed in the next chapter.

6.2.2 THE PROPOSED ADAPTIVE REGIME FOR INCREMENTAL ENCODING
AIDED PROTOCOLS

Assume to extend the CoopMAC protocol by allowing the relay station to forward
different bits than the ones transmitted by the source station, in order to operate
with a lower coding rate at the destination.

Particularly, consider a scenario where the relay decodes the information trans-
mitted from the source station, re-encodes it using an incremental scheme and
forwards it to the destination. The destination in turn combines the information
gleaned from both the source and the relay stations performing a joint decoding.
Furthermore, assume that the distributed encoding technique used is efficient, in
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the sense that it operates near the limiting performance of the cooperative chan-
nel. The consequences of the coding scheme selection are thoroughly investigated
in the following of the chapter.

Previous chapters shown that performing a joint decoding at the destination
yields an improved error performance. Such performance increase may be ex-
ploited for selecting higher order modulation modes and for compensating the
higher SNR required in order to meet a target error performance at the destina-
tion. Hence, incremental schemes may be used for enabling more aggressive adapt-
ive strategies, obtaining faster transmissions whilst maintaining a target decoding
performance. Particularly, the cross-layer protocol proposed exploits the benefits
of the joint decoding at the destination, which decreases the SNR required on the
relay-destination link for a successful transmission, by introducing a novel adaptive
algorithm at the relay station.

The adaptive scheme selects the transmission mode from a finite set containing
K available modulation modes. Opposed to recently published works mentioned
in Chapter 2, where the transmission rates are decided using distances between
stations or simulations of the used channel codes, the proposed adaptive regime is
based on the SPB and on an ON-OFF approximation of the channel code, as detailed
in Chapter 4. Relying on the SPB allows obtaining a limiting performance and avoids
tying the protocol to a particular channel coding scheme.

Consider at first the transmission of the source station. This transmission may
be either adapted to the SNR of the source-destination link, in the case of a direct
communication, or to the SNR of the source-relay link in the case where cooperation
is invoked. In both situations, the SPB is used for assessing the switching threshold
)/tlf_lB that allows selecting the i-th transmission rate R¢, which derives from using a
specific modulation mode M". '

Particularly, the threshold yt|;B is obtained as the SNR value, augmented by an
offset | ,;, that satisfies Equation (4.7) with an equal operator. If the actual SNR

on the link is higher than thfm' then the i-th modulation mode may be used for
transmitting the information. The offset value i, accounts for the performance
gap that separates the actual behaviour of the used channel code and the limiting
block error ratio value derived using the SPB. Furthermore, an additional offset
¢4z = 0.5dB is considered for selecting the modulation mode between the source
station and possible relays in order to avoid the error propagation phenomenon of
decode-and-forward and coded cooperation schemes.

The switching thresholds for the six considered modulation modes are shown
in Table 6.1. A coding rate of R, = g, a packet length of P = 9000 bits and a tar-
get BLER of B; = 107! are considered in the following of the paper as an example
and without any loss of generality, given that the analysis, the protocol design pro-
cedure and the considerations presented apply to any coding rate and number of
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transmission rate R modulation mode M switching threshold y;| ,;

1 Mbps BPSK 2.8dB
2 Mbps QPSK 5.6 dB
3 Mbps 8-PSK 10.2dB
4 Mbps 16QAM 12.1dB
5 Mbps 4-12-16APSK 14.9dB
6 Mbps 64QAM 17.7dB

Table 6.1: Used modulations and corresponding rates and thresholds for |, =
0dB, B = 9000 bits, R, = - and P, = 107",

encoded bits. Furthermore, the analysis may be easily extended to incorporate code
rate adaptation by considering different rate-modulation pairs among the available
transmission modes and by denoting with y, {113 the switching threshold for the j-th
code rate-modulation mode pair.

The SPB is also used for the novel adaptive algorithm at the relay. More expli-
citly, when adopting a joint decoding of the signal transmitted by the source and
relay stations, the switching thresholds used for selecting the modulation on the
relay-destination link depend on both the modulation M’ chosen on the source-
relay link and on the value ygp.

The novel thresholds yt§2|]\/[ J¥sp are calculated according to the SPB analysis
presented in Chapter 4, and particularly are obtained as the SNR value on the relay-
destination link required for satisfying Equation (4.27) with an equal operator.
Again, the thresholds y; , include the offset {| ;; for accounting for the gap between
the limiting error performance and the actual behaviour of the used channel code.

6.2.3 THE SELECTION OF USED TRANSMISSION MODE

The source station decides whether to transmit directly to the destination or to
invoke cooperation before initiating its communication, in a proactive fashion. The
decision is based on a transmission duration minimisation criterion.

More particularly, the source station selects the transmission mode and the re-
lay that provide the most prompt transmission for the given channel conditions y g,
{yfR}heg{ and {thD}hej{, where H is the set that enumerates all available relay sta-

tions. Assume to use the i-th transmission mode M on the source-destination link
and denote the duration of the direct transmission using the mode M* with T4,
Similarly, consider a particular relay h € H and assume to transmit using the mod-
ulation modes M’ and M, respectively on the source-relay and relay-destination
links. Denote the duration of the cooperative communication through the relay h
using the modulation modes M7 and M with T7,.
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The duration of the direct transmission depends on the modulation mode M*
and may be obtained as:

Hpypy + Hyac + E[P]

T = Tres + Ters + R1 R

+ Tack + 3 SIFS + DIFS.  (6.2)

Similarly, the duration of the cooperative transmission depends on the modula-
tion modes M’ and M and may be calculated as: and

Hpyy  Hyac + E[P]  Hyac + E[P]
R + R + R +
Tack + 5 SIFS + DIFS. (6.3)

Tjrhz =Tgrrs + Turs + Ters + 2

Denote the duration of a direct communication using the available transmission
mode that provides the most prompt transmission with T4". A mode M is said to
be available on the source-destination link if its enabling threshold y{ is lower than
the actual value of yp. The duration T%" may be obtained as:

T4 = argmin{TA"} subjecttoi: ¥ < ysp. (6.4)

Similarly, consider the h-th available relay and denote the duration of the co-
operative communication using the available modulation modes that provides the
most prompt transmission with T™. Such duration may be obtained as:

T = argmin{T7} subjecttoj,l: (¥ <¥sp) A WLIM7,vsp < vrp).  (6.5)

Finally, the source station decides to cooperate if a relay provides a transmission
having a smaller duration than the direct on, i.e. cooperation is invoked if:

Trw < Tdir, (6.6)

where h* indicates the relay in H that provides the most prompt transmission, ob-
tained as.:
h* = argmin{T"™}. (6.7)

hex

The transmission durations are related to the transmission rates derived using
the SPB and hence are likely to provide successful communications. Conversely,
when no transmission modes are available, the transmission is likely to be unsuc-
cessful. Hence, the source station believes to be in an outage situation when the
instantaneous SNRs on the source-destination link and on either the source-relay
or the relay-destination link for each relay are lower than the threshold enabling
the BPSK mode. When the source station is in outage, it defers the packet transmis-
sion procedure to a later time and resumes its backoff procedure, as if the packet
collided or was unsuccessfully received.
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6.3 ANALYTIC FORMULATION OF THE NETWORK
PERFORMANCE

For avoiding time consuming simulations, it is interesting to model the network
performance of the proposed protocol and to obtain an analytic formulation for the
throughput, the outage probability and the delay values. The analytic approach is
detailed in the following of the section.

The theoretical analysis is divided into three parts. The mean duration for a
successful transmission and the probability that a station defers the transmission
to a later time due to outage are derived in the first part for the DCF and for co-
operative schemes. The second part models the backoff process of a contending
station using a bi-dimensional Markov chain. The Markov model for the backoff
process of a station is obtained extending the results of [96, 97, 98] by accounting
for outage situations and coded adaptive modulation schemes. Finally, the mean
saturation throughput and the average packet delay are obtained by accounting for
all the diverse events that may occur during a single network slot.

6.3.1 AVERAGE SUCCESSFUL TRANSMISSION DURATION AND OUTAGE
PROBABILITY

Consider at first the legacy DCF access scheme used in the IEEE 802.11 standard
protocol. The DCF is a non-cooperative protocol and it only allows direct transmis-
sions from the source station to the destination.

As detailed in the previous section, the duration of the direct communication
depends on the particular modulation mode adopted, since it defines the trans-
mission rate. The probability of choosing the i-th modulation mode for a direct
communication may be obtained as:

P{M"} = P{y} <vysp <Vi*'}

Vi ) < ﬁ“)
=exp| — —exp| — , (6.8)
( l-‘SD l—‘SD
where M?° represents an outage situation, y? = 0 and yX*! = +oco. From the pre-

vious definition, one can also obtain the probability of outage for the DCF scheme
as:

Pt = P{ysp <¥i} = P{M°}. (6.9)

As previously detailed, each modulation mode M* (i € [1, K]) corresponds to a
transmission duration T2 calculated according to (6.2). From this consideration
follows that the average duration T of a successful transmission from the source
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station to the destination is:

2?21 TidirP{Mi}
1 - Poutdir

Ts = E[TY] = ) (6.10)
where, in order to consider only successfully received packets, the expected value
operator takes into account only transmissions which do not experience outage
situations.

Consider now the cross-layer cooperative MAC scheme relying on the modified
adaptive regime at the relay introduced in the previous section. The considerations
made for a direct communication using the DCF protocol still apply to the cooper-
ative scheme, when source to destination transmissions take place. It is however
interesting to consider a transmission that relies on cooperation.

The transmission duration in a cooperative scenario depends on the modula-
tion modes chosen on the source-relay and relay-destination links. In turn, such
modulation mode couple depends on the particular channel quality of the source-
destination link, given that a joint decoding procedure is used at the destination.
Particularly, given a value of SNR on the source-destination link y,, the probability
P{M’, M'|ysp} that the couple (M7, M?) is chosen for the source-relay and relay-
destination transmissions, respectively, using the h-th relay may be calculated as:

P{Mj'Mll)/SD} :P{M1|Mj'VSD}P{Mj}

_ [exp <Vtig|Mj; VSD> — exp (%?”Mj;VSD )l %
Tr.p Tr.p

j j+1
[exp (i re ) — exp (Eryt )] , (6.11)

where again choosing the modulation mode M? on a link means that the link is in
outage.

More explicitly, a cooperative link is in outage if at least one between the source-
relay link or the relay-destination link is in outage. Hence, the outage probability
Pgﬁt for the h-th relay may be obtained as:

K K
Piilvso = ) PO, MOlysp} + ) PO, MUysp).  (612)
=1

j=0

The overall transmission is in outage when the direct link is in outage, i.e. when
the value y¢p is lower than the threshold that enables the BPSK modulation mode,
and all the relay aided links are in outage, given the particular value of yg,. More
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particularly, the outage probability of the cooperative system P, . may be calcu-

lated as:
143

I'sp

Pout = f [ [Psctvso)freorso)vsn, (6.13)
0 heH

where fy(x) denotes the probability density distribution of a continuous random

variable X. Denote also the cumulative distribution function of a random variable

X with Fy(x).

As previously described, each modulation mode couple (M7, M%) (j,1 € [1,K])
corresponds to a transmission duration T]T’} when invoking the help of the h-th relay.
The duration is calculated according to (6.3).

Given that each modulation mode couple, and in turn each value for the trans-
mission duration, is selected with probability P{M’, M|y}, one may calculate the
probability F;r,(x) that the duration is less than a value x by summing the prob-
abilities of modulation modes that provide transmissions having durations smaller
than x. Similarly, one may calculate the probability Frair(x) that the direct com-
munication lasts less than x by summing the probabilities of selecting modulation
modes for the source-destination link that provide transmission having durations
that are less than x.

Recall now that, being Z = min(X,Y), where X and Y are independent random
variables, one has:

BZ)=1-0-FKx)-0A-FKEY). (6.14)

As detailed in the previous section, the transmission mode selection rule oper-
ates following a duration minimisation criterion. Particularly, the duration T of the
transmission made by a source station may be obtained as the minimum between
the duration of a direct transmission and the duration of each relay-aided commu-
nication, i.e.:

T = min(T", T™, ..., TTw), (6.15)

It follows from the previous equation that the probability F.(x) = P{T < x}
that an ongoing transmission lasts less than x may be evaluated as:

FT(x)=1- f (1= Frae ) | [ (1= Frn0) fronGspddysn,  (6.16)

hew
Finally, the average duration of a successful communication Tg may be obtained
as:

T, = el (6.17)

o N )
1- Poutl
where again only transmissions that do not experience outage are considered.
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6.3.2 MARKOV CHAIN BASED MODEL FOR THE BACKOFF PROCEDURE
OF A COOPERATIVE STATION

The average duration of a communication models the behaviour of a station when it
already accessed the channel and hence it is ready for transmitting its information.
For reaching such a state, a station has to undergo through a backoff procedure for
reducing the changes of colliding with another station that wants to transmit its
packet. The backoff procedure of the single station is analysed in the following of
the section.

Consider a discrete time scenario, where t and t + 1 mark the beginning
of consecutive time slots. Let b(t) and s(t) be the stochastic processes repres-
enting the backoff counter and the backoff state of a contending station. Refer-
ences [96, 97, 98] model the joint stochastic process {s(t), b(t)} with a finite state
Markov chain, assuming that the probability p, that a transmitted packet collides
does not depend on the backoff state. In the proposed protocol, however, a trans-
mission may also fail because of an outage situation.

The analytic results of [96, 97, 98] may be extended in order to account for
outage by noting that a transmission attempt fails either when a station estimates
an outage situation or due to a packet collision, when the station is not in outage.
Hence, the probability p, that an attempt fails may be expressed as:

Pr = Pout + (1 - Pout)pc' (618)

where P, is the outage probability derived in the previous part.

The finite state Markov chain modelling the backoff process of a station is shown
in Figure 6.1. The quantities included in Figure 6.1 are the following: m is the max-
imum retry limit, i.e. the maximum number of times a single packet is retransmit-
ted after its previous transmissions failed; m’ is the maximum backoff stage, i.e.
the maximum number of times that the contention window is doubled, W, is the
minimum contention window and, finally, I, is the contention window in the state
s(t) = i and is equal to:

2w, ifi<m’
i = ' . . . (6.19)
2MmW, ifm'<i<m
Denote the transition probability P{s(t+1) = i,b(t+1) = k|s(t) = h,b(t) = [}
with P{i, k|h, [}. The only non-zero probabilities that characterise the Markov chain
are:

P{i,kli,k+1}=1 e[0,W,;—2], i€[0,m]

P{0,k|i,0} = (1 — pp)/W, kE[O —1], i€[0,m—1] (6.22)

P{ikli—1,0} = pg/W, efow;—1], ie[1,m] ' '
€[

P{0,k|m,0} = 1/W, 0Wo—1]
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i e e e X =Dr
L7P 00 0,1 0, W, — 2 LW, —1
R T 5 =pr
L= 1,1 LW, —2 LW, —1
e R RS 5=

Figure 6.1: Markov chain used to model the backoff process of a contending station.

Consider now the evolution over time of the Markov chain. Particularly, let b;
denote the stationary chain distribution, i.e.:

by = llng {s(t) =1i,b(t) =k}. (6.23)
Noting that b; , = pr - b;_1 ¢ one can obtain:
bio = PF - bo,o- (6.24)
Then, the stationary probability for a generic state may be evaluated as:

W=k [(1=pp) X7y bjo +bmo =0

ik = , . (6.25)
* Wi (Prbi-10 i €[1,m]
and substituting the expression for b; , one has:
Wk
bix = W, Pr bo,o- (6.26)
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Finally, the stationary distribution is obtained imposing:

ZZ by = 1. (6.27)

Opposed to [96, 97, 98], where the source station tries to send a packet when
its backoff counter reaches zero, the proposed cross-layer protocol avoids trans-
mitting if the station is in outage. Hence, a transmission occurs only if the source
station has at least an available way of transmitting to the destination, either using
a direct communication or invoking cooperation. From this follows that the prob-
ability T that a chosen station transmits in a random time slot may be evaluated

as:
m+1

m
1-p
T= (1= Pow) ) big =~ (1 = Pou) by, (6.28)
i=0

F
Pr

A collision occurs when more than one station is transmitting in the considered
time slot, which happens with probability:

p.=1— (1 -1V, (6.29)

Equations (6.18), (6.28), and (6.29) represent a non-linear system which may
be numerically solved to obtain the values 7, p, and pg for a given number |N'| of
contending stations.

6.3.3 SATURATION THROUGHPUT AND AVERAGE PACKET DELAY

The backoff model of a station characterises the behaviour of the single node com-
posing the network. For obtaining the throughput and delay values itit necessary to
analyse how the single stations interact together and influence the events that may
happen in a time slot. Such analysis is detailed in the following part, completing
the theoretical model for the network performance of the cross-layer cooperative
protocol proposed in the previous section.

Consider a single time slot of duration a. The probability p,, that at least one
station is transmitting in the particular considered slot is:

P =1—(1—1)W (6.30)

Recalling that a packet that is transmitted will be successfully received if there
are no other active communications in the same slot, the probability ps that a trans-
mitted packet is correctly received by the destination in the time slot is given by:

V|z(1 —

p ) (6.31)
s Per

102



6.4. Network performance of the proposed cooperative protocol

From the previous considerations it follows that a randomly chosen time slot is
empty with probability (1 — p,.), hosts a successful transmission with probability
PuPs Or contains a collision with probability p..(1 — ps). From the previous slot
characterisation, and following the steps of [96], the average time between two
consecutive backoff decrements E; may be calculated as:

Es = (1 - ptr)o- + ptrpSTS + ptr(l - pS)Tcoll' (632)

where Ty is the average duration of a successful transmission for the considered
access scheme, which was derived in the first step of the analysis, and T is the
time wasted when colliding, obtained as:

Tcon = Trys + timeout. (6.33)

Denoting with p, = p*** the probability that a packet is dropped and recalling
that the backoff counter in the state s(t) = i is uniformly distributed between 0 and
W, — 1, the mean number of time slots required to successfully transmit a packet
E, is [98]:

W — 1 pl—
Esn=Z — 1 pk—pp

= 2 1-pp
1=
_ppWH+m+1-w2™ (m—m' +2)] N WI1 - 2pp)™*1]
2(1-pp) 2(1=pp)(1 — 2pf)

W 2™ (ot —pp) +pp — 1
2(1—=Pd)(1 —pr)

Finally, the mean saturation throughput § and the average delay D may be eval-
uated as [96, 98]:

(6.34)

E[P
s = PsPuEIP] (6.35)
Es
and
D = E, E,. (6.36)

6.4 NETWORK PERFORMANCE OF THE PROPOSED
COOPERATIVE PROTOCOL

This section presents simulated results for the performance of the proposed cross-
layer designed cooperative MAC protocol. The simulated results are compared
with the performance obtained using the CoopMAC protocol as well as with the
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Parameter Value
SIFS duration 10 us
DIFS duration 50 us
RTS duration 352 us
HTS, CTS, ACK durations 304 us
Hpyy 192 bits
Hyac 272 bits
W, 32

m, m' 5
Packet length P 9000 bits
Slot time o 20 us

Table 6.2: 802.11 Parameters used in MAC protocols simulations.

non-cooperative IEEE 802.11 standard DCF algorithm. Furthermore, the perform-
ance values are also compared with the analytic values obtained following the steps
shown in the previous section. Monte-Carlo simulations have been performed us-
ing a discrete-time custom made simulator written in the C++ programming lan-
guage with the aid of IT++ libraries [99].

Table 6.2 provides a summary of the parameters used in the simulations. Fur-
thermore, different distributed coding techniques are used at the PHY layer of the
cross-layer designed MAC protocol for assessing the influence of the channel coding
scheme on the network performance.

Figure 6.2 compares the theoretical saturation throughput, the mean packet
delay and the outage performance for the DCF, the CoopMAC and the proposed
MAC protocols. The first two attempts of the genetic algorithm aided designed
HARQ scheme having a rate of R, = g and listed in Table 5.1 of Chapter 5 are
used for the transmissions of the source and relay stations, respectively. Finally,
a value ¥|,; = 0.8dB is used for repetitive schemes and a less aggressive value
Yl = 1.3dB is used for the cross-layer scheme that relies on distributed cod-
ing. Furthermore, the additional offset §| ,; used for determining the thresholds of
source to relay transmissions is set to ¢ = 0.5 dB. The influence of the threshold
values will be analysed in the following of the section.

It can be seen from Figure 6.2 that the novel scheme offers the highest saturation
throughput as well as the lowest outage probability among the studied algorithms.
It also helps reducing the delay compared to the CoopMAC protocol and it achieves
the lowest delay value when the average channel quality I' is equal to 10 dB. Hence,
results confirm that the proposed cross-layer design, which benefits from using dis-
tributed channel coding techniques, is capable of providing an enhanced network
performance.

For assessing the influence of distributed channel encoding techniques, Fig-
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Figure 6.2: Theoretical (solid: cross-layer protocol, dashed: CoopMAC, dotted:
DCF) and simulated (o: cross-layer protocol, *: CoopMAC, ¢: DCF) sat-
uration throughput, outage and average delay performance of the MAC

schemes under study.
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Figure 6.3: Theoretical (solid) and simulated (o: genetic aided protocol, x: system-
aticincremental, s: complementary scheme of [70]) saturation through-
put performance of the cross-layer MAC scheme using different distrib-
uted channel coding techniques.

ure 6.3 shows the throughput performance of the cross-layer MAC using different
puncturing schemes for the source and relay transmissions. Particularly, the bench-
marked schemes are the genetic aided scheme, the systematic incremental scheme
and the complementary scheme of [70] listed in Table 5.1.

It can be seen that the only scheme that is capable of performing near the ana-
lytic values obtained following the steps shown in the previous section is the one
that relies on the genetic algorithm aided designed channel code. Conversely the
performance of the other forwarding schemes is not closely predicted by the the-
oretical analysis.

In particular, when using the systematic technique, the transmission of the re-
lay station contains only parity bits and hence does not perform close to the SPB,
used as a base for the theoretical analysis. Noting that a cooperative transmission
takes place when the source-destination link is severely corrupted by fading, the
decoding performance at the destination mainly depends on the bits received from
the relay. Consequently, the ON-OFF model does not correctly predict the decoding
performance of the systematic incremental scheme, where the relay station trans-
mission achieves a low error ratio only for SNR values that are much higher than
the one calculated with the SPB. More explicitly, higher switching thresholds should
be considered at the relay for the incremental scheme.

Conversely, when using the balanced complementary scheme of [70], the trans-
missions of the source and relay stations have the same decoding performance.
However, the codes defined by the puncturing patterns used in such scheme are
not optimised for the waterfall performance and do not closely parallel the SPB,
as shown in Chapter 5. Hence the scheme is less suited for cooperative scenarios,
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where the best performance is achieved by codes with the lowest convergence SNR.
Furthermore, since the ON-OFF model assumes that the decoding thresholds of the
channel code are closely predicted by the SPB, the theoretical analysis fails to match
the performance of the complementary scheme. More explicitly, a higher offset
should be added to the switching thresholds employed by both the source and the
relay stations for considering the gap between the channel code performance and
the SPB.

Finally, note that only the switching thresholds to be used at the relay station
are mispredicted using the systematic incremental scheme. Hence, the through-
put downgrade regards only cooperative communications and is more severe when
many stations are connected to the network and thus the use of a relay is facilitated.
Conversely, also the thresholds to be used at the source station are not correctly
predicted when using the scheme of [70]. Hence, this scheme experiences many
decoding errors also in direct transmissions, which reduce the throughput even for
a small number of connected nodes, when cooperation is less likely to be invoked.

The effect of the offset 1) on the throughput is shown in Figures 6.4 and 6.5
for the cross-layer and the CoopMAC schemes, respectively. A small offset leads
to many transmission errors and to a throughput downgrade, since the switching
thresholds are too close to the SPB and do not account for the convergence SNRs
gap characterising the used code. Increasing ¥ reduces the number of decoding
errors, since the analytically derived thresholds better approximate the code's be-
haviour. As a results, the ON-OFF model, which assumes that transmissions are
always successful, closely predicts the network performance. However, an unne-
cessary high value for 1 leads to a throughput decrease since the channel code's
decoding thresholds are overestimated.

It can be seen that the offset value that maximises the actual performance of
the proposed cross-layer protocol satisfies | ., € [1.2 dB, 1.4 dB], while for the
CoopMAC protocol one finds that the offset should be either 0.6 dB or 0.8dB, re-
spectively forI' = 5 dB or I' = 10 dB. These results justify the adoption of the
particular values of | ;; used in the chapter.

6.5 SUCCESSIVE RELAYING AIDED CROSS-LAYER PROTOCOL

The cooperative MAC scheme considered in the previous parts rely on a three-
terminal scenario, where a single relay aids the communication between a source
station and a destination. In such a scenario, a significant multiplexing loss is in-
curred compared to direct transmissions due to the half duplex constraint of sta-
tions.

To mitigate this time loss, a successive relaying aided extension of the proposed
cross-layer MAC protocol is presented in the following. The successive relaying ex-
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Figure 6.4: Theoretical (solid) and simulated (o) saturation throughput perform-
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Figure 6.5: Theoretical (dashed) and simulated (+) saturation throughput perform-
ance of the CoopMAC scheme for different values of | .

tension is based on the works of [100, 101]. In order to support successive relaying,
two relays are needed and the corresponding packet transmission sequence is de-
tailed in the following.

Assume to divide the packet to be transmitted into F segments, denoted by
{Tm}]Fc=1. The source station encodes each of the F segments separately and trans-
mits them in F consecutive phases. The complete transmission scheme takes place
in (F + 1) consecutive phases and ensues as follows:

« in the first phase the source station transmits F;; the first relay and the des-
tination listen to the source's transmission, while the second relay remains

idle;

* in the second phase the source station transmits ¥, and the first relay re-
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encodes and forwards F;; the second relay receives F, from the source station
and the destination receives F, from the source station as well as F, from the
first relay;

* in the third phase the source station transmits F; and the second relay re-
encodes and forwards F,; the first relay receives F; from the source station
and the destination receives F; from the source station as well as F, from the
second relay;

» this process continues in this way up to phase F;

e in phase (F + 1) both the source station and the first relay (or the second
relay) remain silent, while the second relay (or the first relay) re-encodes and
forwards F,.

Note that segments forwarded by the relay stations may contain the same in-
formation as the ones transmitted by the source station, as in repetition schemes,
or may include new information, using incremental encoding techniques.

Using the above-described successive relaying technique the multiplexing loss
is reduced to the value of %, which approaches unity, if F is sufficiently high.

In order to use the above-mentioned successive relaying scheme the source has
to address in its RTS message the two highest-SNR relays stored in its CoopTable.
For supporting feedback from each relay, an additional HTS message is introduced,
where the two HTS frames are issued by both the relays in order to confirm that
they are willing to cooperate. The ensuing frame exchange of the successive trans-
mission regime is shown in Figure 6.6.

In order to decode the signal arriving from both the relay and the source during
the same phase, the destination has to perform Successive Interference Cancella-
tion (SIC). Given that defining a suited SIC algorithm is beyond the scope of this
work, perfect interference cancellation is assumed. A suited choice for the SIC al-
gorithm may be the low-complexity scheme of [101, 102]. In order to mitigate the
interference between the relays, it is assumed that they also employ a SIC algorithm
to recover the source frames.

To decide whether to invoke cooperation or not, the source station evaluates
the expected transmission duration of a direct transmission, of a classic cooperat-
ive communication adopting the fastestrelay, as well as of a successive transmission
using the fastest pair of relays. The time durations of direct and relay-aided com-
munications are calculated according to (6.2) and (6.3). The time required for a
successive relaying aided transmission using the relays h, and h, and adopting for
both the source-relays and relays-destination links the fastest available modulation
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Figure 6.6: Frames exchange in successive relaying aided cooperation; numbers in-
dicate the indexes of the packet segments, solid boxes represent trans-
mitted packet segments, while dashed boxes represent received ones.

modes, that correspond respectively to the rates RS®n, R5Rr2  RRmD RRRD jg:

Hppy + M+1 Hyac + E[P]
R1 2M | min(R5Rr, RRrD)

T"m"h2 =Tpps + 2 Tyrs + Ters +

M+ 1] Hyac +E[P
[ l mac + E[P] + T pex + 6 SIFS + DIFS, (6.37)

2M | min(RSRnz, RRw. D)

The two relays that minimise the time duration of the successive relaying pro-
cedure are chosen by the source station as candidate relays. Finally, the specific
scheme which provides the fastest transmission at the highest average rate is ac-
tivated.

The throughput of the successive relaying assisted protocol using incremental
forwarding and relying on the genetic algorithm aided designed incremental turbo
code is compared in Figure 6.7 with the performance of the single relay cross-layer
system and with the performance of the CoopMAC protocol. It can be seen that suc-
cessive relaying provides an additional performance increase compared to simply
adopting distributed coding techniques in a single relay aided system.
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Figure 6.7: Simulated saturation throughput performance of different cooperative
MAC protocols (c: single relay cross-layer scheme, »: CoopMAC scheme,
+: successive relaying cross-layer scheme).

6.6 CONCLUSIONS

This chapter presented a novel cross-layer designed cooperative MAC protocol
based on the popular CoopMAC scheme. It was shown that a cross-layer approach
allows contriving protocols that achieve a higher network performance, since they
benefit from distributed channel coding techniques at the PHY layer. Furthermore,
the chapter proposed a successive relaying aided scheme, which further enhances
the performance of the cross-layer MAC by invoking the cooperation of two relays
for mitigating the multiplexing loss incurred in the single relay scenario. Summar-
ising, the chapter shown that a cross-layer design approach should be considered
when designing MAC protocol schemes, since it provides benefits that enhance the
network performance.
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MEDIUM ACCESS CONTROL PROTOCOLS
RELYING ON IMPERFECT KNOWLEDGE

The previous chapter shown that adopting a cross-layer approach for the design pro-
cedure of proactive MAC protocols allows contriving schemes than enhance the net-
work performance, since they benefit from the distributed channel coding at the PHY
layer. However, the performance of such schemes was analysed under the assump-
tion that the source station knew the instantaneous channel qualities of each link
composing the network. Such assumption is very limiting in faded scenarios, where
the channel quality of a link fluctuates over time. This chapter studies the perform-
ance of both proactive and reactive MAC schemes when the relay selection algorithm
adopted by the source station relies on imperfect channel quality estimates. Further-
more, novel relay selection algorithms based on Markov techniques for predicting the
actual channel qualities from the imperfect estimates are proposed and are shown to
mitigate the downgrade incurred when the source station has to rely on outdated and
corrupted information.*

7.1 INTRODUCTION

The majority of cooperative MAC protocols found in the literature rely on idealised
simplifying assumptions for the physical layer. In particular, [41,45,47,52] assume
that either the source station or some of the relays benefit from instantaneous and
perfect CSI.

Partially Observable Markov Decision Process (POMDP) techniques have been
used for improving the performance of non-cooperative schemes, when the sys-

IThe content of this chapter is based on F. Babich, A. Crismani and L. Hanzo, “Relay selection
schemes relying on adaptive modulation and imperfect channel knowledge for cooperative net-
works", presented at the IEEE International Conference on Communications, Ottawa (Canada), June
2012.
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tem's state is characterised by a certain degree of uncertainty [103, 104].

A cooperative system using realistic imperfect CSI knowledge was considered
in [55], where the different relays employed a POMDP for selecting the cooperative
partner, though a transmission technique dispensing with adaptive modulation or
channel coding was assumed. Similarly, a POMDP based approach was used in [58]
for assessing the performance of a cooperative sensor network. Again, the authors
of [58] also dispensed with adaptive modulation systems and with detailing the co-
operative MAC protocol's procedures. As a further advance, a Markov formulation
was used in [105] for modelling the time instants of a cooperative communication
system, where the relay selection problem was treated as a “multi-armed bandit
problem".

This chapter models and compares the performance of both proactive and re-
active relay selection algorithms using realistic outdated and imperfect CSI know-
ledge. Furthermore, novel POMDP based relay selection algorithms are conceived
for mitigating the performance degradation introduced by the channel uncertainty.
A sophisticated physical layer is considered, which includes adaptive modulation
and incremental encoding. The SPB is used for assessing the attainable perform-
ance of efficient codes, as detailed in the previous chapters. The chapter shows
that the performance of a relay selection scheme employed for a cooperative MAC
protocol is sensitive to the quality of the CSI knowledge. It is also shown that MDP
based techniques allow one to mitigate the impairments imposed by the imperfect
CSI, hence effectively increasing the network performance.

7.2 PERFORMANCE OF COOPERATIVE MAC PROTOCOLS
RELYING ON IMPERFECT INFORMATION

Consider a cooperative MAC protocol where the relay selection algorithm is per-
formed at the source station. Such choice is opposed to other solutions were con-
tention between relays is used for enabling cooperation at the MAC layer [41, 52].

The particular choice where the source station selects the relay invoked for co-
operation is motivated by noting that it avoids time-consuming backoff procedures
and collisions at relay stations and at the same time it reduces the power consump-
tion of relay stations in reactive schemes, where the candidate partners have to de-
code the message of the source station even if they will not be the preferred helper.

Particularly, this chapter consider a scenario where the relay station is chosen
by the source station based on imperfect channel estimates that might be outdated.
Furthermore, since the scope of the chapter is to compare the performance of di-
verse relay selection techniques, rather than to analyse a particular MAC scheme,
the MAC overhead involved in setting up cooperation (e.g. the RTS/HTS/CTS frame

114



7.2. Performance of cooperative MAC protocols relying on imperfect information

exchange considered in the previous chapter) is not taken into account.

Similarly to the previous chapter, consider a scenario having a source station,
|| relay stations {R},},cs and a destination station. Denote the distance between
stations "A'" and “B'' normalised to the distance between the source station and
the destination station by d (4, B).

Time is discrete and divided into slots. Consider the n-th time slot ¢,,. Denote the
instantaneous SNR of the source-destination link by yon. Similarly, denote the in-
stantaneous SNRs of the link between the source station and the h-th relay-station
and of the link between the h-th relay station and the destination by yé’}qh and yf{;lD,
respectively.

Assume that the SNRs pertaining to different time slots are identically distrib-
uted and denote their average quantities on the corresponding links by:

Tsp = E[¥$H],
Tsr, = E[YSh,] = Tsp/d?(S, Ry),
Tr.o = €[V p] = Tsp/d*(Ry, D).

Assuming Rayleigh fading, ygg, {yg,)qh}heg{ and {ygzD}he}[ are exponentially dis-
tributed with means equal to [sp, {T'sg, }hesr and {T'g, p }nesr, respectively.

The values of SNRs on the same link in two time slots t,, and t,,,, are correlated
according to:

EXG Y™ = 8Q2rfy), (7.1)
where J, is the zero-order unmodified Bessel function of the first kind and f; is the
Doppler frequency. The channel qualities of the different links are independent.

Again, similarly to Chapter 6, consider an adaptive scenario, where {Ri}’,§=1
are the K available transmission rates corresponding to K different transmission
modes. This chapter considers the BPSK, QPSK, 16-QAM and 64-QAM modulation
modes, that provide rates of 1, 2,4, 6 Mbits/s, respectively. Denote the switching
threshold used by the source station to select the i-th transmission mode by y{. The
adaptive mode switching thresholds are analytically derived by using the SPB, as
already adopted for the cross-layer designed cooperative MAC protocol of Chapter 6
and discussed in Chapter 4.

Finally, note that the destination station combines the signal received from the
source station and from the activated relay station, performing a joint decoding.
Hence, as deeply detailed in previous chapters, the new success threshold )/t{2 of
the j-th mode on the relay to destination link depends both on the mode R' used
by the source station and on the SNR value yg,, of the source-destination link.

The purpose of this chapter is to assess the performance of different relay se-
lection schemes, rather than analysing the influence of the channel coding tech-
nique adopted. Hence the chapter does not consider a particular distributed cod-
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ing scheme, rather it is assumes that both the codes used by the source station and
by the relay station are near-capacity schemes and hence the SPB-based predicted
performance is accurate. Note however, that both the design procedure for con-
triving efficient distributed coding techniques of Chapter 5 and the considerations
about using diverse schemes of Chapter 6 apply to the considered scenario.
Assume now that the SNR values are quantised by the station and opt for the
SNR quantisation thresholds of (Q, = 0) < (9 = ¥¥) < (Qx;1 = ). The fading
envelope at a time instant ¢t,, is quantised to the value ¢, (0 < k < K) if it satis-
fies Q) < yé’; < Qy+1- Finally, denote the SNR value obtained after quantising the

quantity yf’; by )7?3

This chapter also considers the case where the channel state information values
obtained by the source station are not only outdated, but may be corrupted by noise.
More particularly, the source station observes potentially corrupted estimates y
of the quantised SNR values 7 .

Denote the probabilities of under-estimating and over-estimating the SNR value
by o, and o, respectively. The probability of observing a channel SNR value 7,

when the link quality is ) is given by:

1—-o0, i=j=K

Ctn tn ) o i=j+1
P(y()—ci|y()—cj)—< 1-o0, i=j=0 (7.2)

\ 0 otherwise.

The relay selection algorithms studied in the following follow a time minimisa-
tion criterion, similarly to the one presented in the previous chapter.

7.2.1 PROACTIVE RELAY SELECTION SCHEME

In a proactive relay selection scheme the source station chooses the relay station
providing the highest-rate transmission, and hence the most prompt communica-
tion.

Consider the n-th time slot and the h-th relay. Assume that the source station

knows the corrupted and outdated channel state information values )7 {ys'}?hf Iﬂfl

and {VRhD }h 1- Denote the highest-rate transmission mode available on the source-
relay link by:

Riy, = max{R) € [RY, -, R¥] v <747}, (7.3)
and the highest-rate transmission mode available on the relay-destination link by:

Ry,p = max {Rj € [R', -+, R¥] : VtR|Vs7Ll) *, Rsu, < VRhD (7.4)
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The relay station that achieves the highest transmission rate is selected accord-
ing to:

1 1\
chooserelay h® = argmax[( + > } (7.5)

nest  (\Rsm, R
Finally, cooperation is activated if one has:

1 1\
* + * > R* ) (7'6)
<:R'5Hh* ‘RHh*D> P

where Ry, is the highest attainable rate on the source-destination link and is ob-
tained as: '
Rip = max{R/ € [R, -, R¥] : y{ < 7557}, (7.7)

If Equation 7.6 is not satisfied, a direct communication provides a higher-rate
and hence is to be preferred.

Note that, since the CSI known at the source station is not the instantaneous one,
the specific transmission mode activated may result in an unsuccessful decoding at
the destination, especially when the CSI fluctuates rapidly.

Particularly, consider a direct communication and assume that the source sta-
tion chooses the i-th transmission mode based on the SNR value 725°. The trans-
mission is unsuccessful if we have y&3 < y!. Similarly, if the source station opts
for choosing the h-th relay station and the transmission modes R’ and R' on the
source-relay and relay-destination links, respectively, the cooperative transmission
is unsuccessful if ygy < viv Vi < ytﬁ?|y§’f,,32j.

7.2.2 REACTIVE RELAY SELECTION SCHEME

In reactive schemes, the source station opts for the specific relay station that
provides the most prompt retransmission to the destination, given that it should be
able to decode the source station's signal. More explicitly, the source station trans-
mits a packet to the destination choosing the highest attainable rate Rg,, obtained
as: '

Rip = max{R/ € [RY, -, RX] : y{ < y557). (7.8)

Assume to denote the index of the rate Rs, used for the direct communication
by i. If the direct transmission at rate R, fails, the source station considers as can-
didate partners all the relay stations capable of decoding the direct transmission.
Hence, the h-th relay station is a candidate partner if:

Psir = Vi (7.9)
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Denote the set containing the candidate relay stations at the time slot t,, by A c
H. Furthermore, denote the highest-rate attainable on the relay-destination link
for a candidate relay h € H by R}, p, which may be obtained as:

Rio = max{R) € [RY, -, R] : v, 755" Rep < i3} (7.10)

The relay station selection algorithm chooses the highest-rate relay station from
the candidate partners and proceeds according to:

choose relay h* = argmax{R}, ,}. (7.11)
heR
Naturally, transmission errors are imposed by the imperfect CSI knowledge. As-
sume again that the source station chooses to transmit at a rate of R;, = R' and
invokes cooperation by relying on the h-th relay using a rate of Ry, , = R/, in the
case of failure of the source-destination link.
The direct transmission fails if one has 5}, < y/, and hence cooperation is in-
voked. Then, the relay station's transmission may also fail if y;’;D < yt{;, lye, RL in
which case the packet has to be retransmitted.

7.3 PARTIALLY OBSERVABLE MARKOV DECISION
PROCESSES AIDED RELAY SELECTION SCHEMES

The previous section identified how to model the relay selection algorithm and how
to quantify the error events when the source station relies on imperfect channel
knowledge.

This section proposes novel relay selection algorithms that are capable of mitig-
ating the degradation introduced by the imperfect channel knowledge by predict-
ing the actual channel state information from the delayed and corrupted estimates.

Estimation is achieved using POMDPs. The section briefly reviews POMDPs
techniques and then details how the relay selection algorithm for cooperative scen-
arios may be formulated using a POMDP aided approach and how the source station
might benefit from using POMDPs for selecting the transmission mode.

7.3.1 PARTIALLY OBSERVABLE MARKOV DECISION PROCESSES

Markov Decision Processes (MDP) provide a mathematical framework for model-
ling decisions when the underlying system evolves according to a Markov probab-
ility law.

A MDP may be represented by a tuple (S, A, T,r). The set S enumerates the pos-
sible states of the system. Differentactions obeying a(sit”) € A may be chosen when
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the system is in a state sit” € S at the time instant t,,. The law T(sit”, a, s;”“), T:Sx%

AXS — Rrepresents the probability that the system moves from the state sl-t " to the
state s]t-"+1 upon taking action a. Finally, an immediate reward r(s;", a),r : SXA - R
is earned upon choosing action a when in the state sit”.

A stationary policy T : § = A is a function that selects an action based on the
current state of the system. The optimisation problem aims to maximise the dis-
counted reward [103]:

J(ms) = € [Z wkr(s:‘,a,T(sz‘))]. (7.12)
k=0

where v is the discount factor.

Define the expected reward earned by choosing the policy # when commencing
from state s; by V(m,s;). The Bellman equation of [106] may be used to find the
optimal expected reward as:

V*(s;) = max r(s;,a) + zpz T (s, a,s)V*(s;)]- (7.13)

sjES

The policy that achieves V*(s;) is the optimal policy 7*(s;) to be adopted when
in state s;, and may be expressed as:

n*(s;) = argmax [r(s;, a) + l/)z T(s,a,s)V*(s;)]- (7.14)

a€eA
SjES

MDPs require a perfect knowledge of the current state. When the state is not
perfectly known, the decision process may be aided by using POMDPs, which rely
on observations of the system gleaned after performing an action.

Denote the set enumerating all the possible observations by 0. The law Q(sit"),
Q:Sx A - I(0), where Il is a probability distribution, represents the probability
of observing 0;(t,,) € O upon taking action a when the system is in the state sf "

Denote the probability of being in a state sl-t” by b(sit“), which is referred to as
the state belief, and the vector enumerating the belief of every possible state by
b(t,). A stationary policy selects an action based on the probabilities b(t,,) of the
different states.

Diverse algorithms have been proposed for finding the optimal policy of a
POMDP [107]. However, these algorithms are typically suitable for problems as-
sociated with a small number of states.

When aiming for finding sub-optimal policies that guarantee satisfying a given
performance in more complex problems, typically heuristic algorithms have been
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proposed. The so-called Q-MDP [107] heuristic is used for solving the POMDP
based relay selection problem in this work, since it achieves better results com-
pared to other heuristics, such as the Most Likely State [108] and Action Vot-
ing [109] heuristics.

7.3.2 POMDP AIDED FORMULATION OF RELAY SELECTION SCHEMES

Consider the u-th link of the cooperative network. The evolution of the quantised
fading process on a specific link may be modelled using a Finite State Markov Chain
(FSMCQ), where transitions are governed by the first order Markov law:

Al

PG =clvey = c) =t (7.15)

~The transition process may be described by a matrix T, = [ f;j]. The values

.’ depend both on the Doppler spread as well as on the average SNR and may be
obtained for a Rayleigh fading process as detailed in [110]. The link is in state sit” at
atime t,, if ]7?3 = ¢;. The (K + 1) legitimate states on the u-th link are enumerated
by the set S,,.

The cooperative system may be modelled by using (1 + 2|H|) FSMCs. The
states of the cooperative network are obtained by enumerating all the combina-
tions between the single states of each of the (1 + 2|H|) FSMCs. Denote the set
enumerating all the states of the cooperative system by S = §; X 5, X ... X S 54
and the state at time t,, by s». The transition matrix T may be obtained as:

142|H]

. ‘ Sifn,ijnH
T(stn, stan) = 1_[ s (7.18)

u=1

The set of actions differs between the proactive as well as the reactive scheme
and characterises the behaviour of the source station.

In proactive systems the source station may opt for remaining silent, transmit-
ting directly or transmitting with the aid of cooperation. In the case of a direct
communication the action further divides into K actions corresponding to the K
transmission modes. In the case of a cooperative session, the action further divides
into K? actions given by the combination of the two transmission modes used on
the source-relay and relay-destination links. Hence, (1 + K + |H|K?) actions are
considered.

The reward is zero if the source station remains silent. In the case of a direct
transmission, the reward is:

k
Rk Cy = Ve

r(7sh = @ = Ri) = { 0 otherwise. (7.19)
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In the case that the h-th relay station is chosen for a cooperative communication,
the reward is obtained as:

7 ([75h = CorPsh, = G VR0 = G, a = (R, R1}) =
1 1 -1 j I i
N (mtrw) azdAczugle® (7.20)
0 otherwise

In reactive systems, the source station can choose to remain silent or to transmit
at any time instant. In the case of opting for transmission the action divides into
|H| X K? further actions corresponding to the transmission modes selected on the
source-destination and relay-destination links for each relay station.

The reward is zero if the source-station remains silent and is calculated accord-
ing to Equation (7.21) if the source station transmits, where the value « = 0.1 is
used to prioritise the activation of the highest-rate relay station in the case where
the direct communication might fail.

r([75h = ¢y Vsh, = CwnVRp = ¢l a = {RL,RY) =

-1 i . i
(%+%) Cy <VENCw Z Vi ACy 2 Vigle, R

_| R+aR o zviAc, ZyinG 2 ygle, R (7.21)
p 0= ¥ N (G <V €, < Hiblen R)
0 otherwise

Finally, similarly to acting relying only on imperfect channel state information,
the communication using the selected transmission mode may fail. Particularly,
the same error events enumerated for non POMDP aided schemes characterise the
success of a communication using a particular transmission mode.

Assume that in a slot t,, the source station observes an outdated and imperfect
SNR estimate on each network link. More explicitly, consider one of the (1 + 2|H|)
FSMCs modelling the network and assume that an observation 0;(t,_;) = )75'3* of
the state sf“‘f is obtained at the time instant t,,. The probability P(0;(t,—;) |Sl-t"") of
observing a state j while the system was in the state i is obtained using (7.2).

Since observations pertain to the past, an approach similar to that of [103] is
used for updating the belief, namely by introducing the initial belief b and the up-
dated belief b concepts. The initial belief at time t,,_, is obtained from the updated
belief at time t,,_,_; as:

K
b(si™) = P{s*} = Z P {s{""|sj" "} b(s;"" ). (7.22)
j=0

The updated belief E(sf ) = P{sf ""|loj(t,_.)} represents the probability of
being in a particular state at the time t,,_, after obtaining an observation o;(t,_,)
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and is obtained as:

P{0;(tnc)ls" " }b (5"

b = P,

(7.23)

The updated belief of the cooperative network b(s*»-+) may be obtained as the
product of the believes b(st»—) of the single links. Finally, the outdated belief is
projected into the actual time slot and the current belief is calculated as b(s**) =
P{stn} = b(str-7) - T,

Once one obtains the current belief, the Q-MDP heuristic may be used for finding
the transmission policy 7.

7.4 NETWORK PERFORMANCE RESULTS

This section compares the simulated performance of POMDP aided relay selection
schemes with their non-POMDP aided counterparts.

Figure 7.1 shows the throughput and the outage probability of both non-
cooperative and cooperative systems using a single relay station that is located
halfway between the source station and the destination. A perfect but outdated
CSI is considered. It can be seen that the performance rapidly degrades, when the
normalised delay increases (subsequent attempts become less correlated), due to
the errors introduced by the outdated CSI. The degradation is much more severe for
proactive protocols, where an aggressive adaptive regime is used for improving the
throughput. By contrast, reactive schemes are less sensitive to the outdated CSI,
and hence they are better suited for scenarios where the CSI uncertainty is high.
One may also observe that the POMDP framework efficiently improves the attain-
able network performance.

Figure 7.2 compares the throughput of cooperative systems subjected to imper-
fect SNR knowledge. Two relay stations are considered, both located at the same
distance from the source station and the destination, respectively. It can be seen
again that the POMDP aided relay selection techniques are the ones offering the
best throughput and that the reactive scheme is less sensitive than the proactive
one to the SNR uncertainty. Furthermore, the reactive scheme benefits less from
employing POMDP based decisions than the proactive one.

Figure 7.3 compares the throughput of the schemes under investigation in a
normalised scenario, where the relay stations are placed randomly between the
source station and the destination. A different number of candidate relay stations
selected from the set of 10 available ones is considered for the non-POMDP aided
schemes and their performance is compared. A scheme always uses the specific
relays closest to the source station. By contrast, the POMDP schemes rely on only
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Figure 7.1: Throughput and outage performance of the non-cooperative (solid) the
proactive (dashed), the POMDP aided proactive (dashed, m), the react-
ive (dash-dotted) and the POMDP aided reactive (dash-dotted, a) relay
selection schemes using outdated CSI estimates for I'g, = 10 dB.

0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4

2.6 I I I 2.6 I T |
24 & —
2.2 —
) =
> > 2
i) a
E i E 1.8
% %
1.6 =\ 1.6
14 — 1.4
1.2 : : : 1.2
0 0.1 0.2 0.3 0.4 0 0.1 0.2 0.3 0.4
0, 04
(@) o, = 0.1 (b) 0, = 0.3

Figure 7.2: Throughput performance of the proactive (o), the POMDP aided proact-
ive (m), the reactive (+) and the POMDP aided reactive (a) relay selection
schemes using corrupted CSI estimates for I';;, = 10 dB.

two relay stations, since the number of states of the underlying POMDP problem
grows exponentially with the number of helpers.

Again, one can see that the POMDP aided relay selection schemes attain the
highest performance. Furthermore, it is interesting to note that the attainable per-
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1

formance hinges on the relay station link SNRs of those closest to the source sta-
tion. More specifically, the performance of the schemes using the two relay stations
closest to the source station approaches that of the schemes using all the ten relay
stations. Finally, the POMDP aided schemes using only two relay stations clearly
outperform the schemes where the decision is only based on the outdated CSI and
not assisted by the Markov framework, even if all the ten relay stations are available
for cooperation.

The erratic fluctuation of the throughput curves of the POMDP based solutions
is caused by the quantised model adopted for the faded channel and by the finite
set of actions. Particularly, since the policy chosen by the POMDP aided schemes
remains the same for a set of under-estimation probabilities, the throughput curve
exhibits an oscillating behaviour across the entire probability domain.

7.5 CONCLUSIONS

This chapter investigated the performance of reactive and proactive relay selec-
tion schemes when the CSI is not perfectly known at the source stations. It was
shown that reactive schemes are less sensitive to the CSI inaccuracy, while proact-
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ive schemes exhibit a better performance when the CSI is accurate.

Novel relay selection selection schemes, using a POMDP aided framework, were
proposed for predicting the CSI and hence for mitigating the errors introduced by
imperfect CSI. It was shown that the POMDP aided schemes clearly outperform
their non-POMDP based counterparts. More specifically, proactive schemes exhibit
a significant performance improvement when POMDP aided relay selection is con-
sidered. Even though reactive schemes exhibit less substantial improvements, the
POMDP approach may still be used for increasing the attainable performance.
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DESIGN OF SMART ANTENNA AIDED
MEDIUM ACCESS CONTROL PROTOCOLS

The previous chapters shown that a cooperative approach may be used for increas-
ing the performance of a wireless network. However, in the cooperative network only
one station may be active at a single time, since multiple simultaneous transmissions
fail because of collisions due to mutual interference. Smart antenna systems may
be used for mitigating the interference received from undesired sources, and hence
may provide a tool for enabling multiple communications in a wireless network. This
chapter presents the design steps for enabling multiple communications in a wireless
network where nodes are equipped with smart antennas.!

8.1 INTRODUCTION

The previous chapters shown that a cooperative approach may be adopted increas-
ing the performance of wireless networks. Particularly, in cooperative networks
stations equipped with a single antenna adapt their transmission strategy to the
instantaneous channel conditions of links composing the network and select the
fastest route to the destination, accounting for the joint decoding algorithm em-
ployed by the destination itself.

Another approach for increasing the performance of wireless networks is to
equip stations with multiple antenna elements and exploit beamforming tech-
niques for reducing interference hence allowing hosting multiple communications
at a single time. Note that such approach is opposed to MIMO solutions, such as

IThe content of this chapter is based on F. Babich, M. Comisso, A. Crismani and A. Dorni ~On the
design of MAC protocols for multi-packet communication in IEEE 802.11 heterogeneous networks
using adaptive antenna arrays', submitted to the IEEE Transactions on Mobile Computing and on
F. Babich, M. Comisso, A. Crismani and A. Dorni “"Multi-Packet communication in 802.11 networks
by spatial reuse: from theory to protocol”, submitted to the IEEE International Conference on Com-
munications, 2013.
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the one used in the 802.11n extension [36], which use multi-antenna systems for
increasing the data rate of the single link, but maintain the access limited to just
one user at a time.

The use of beamforming techniques for increasing the capacity of wireless net-
works has been theoretically investigated in several research papers [111, 112,
113, 114, 115]. In particular, the limiting network performance when nodes are
equipped with smart antenna systems is analysed in [111], which shows that the
scalability limitations of ad-hoc networks may be alleviated by using directional
communications. This result is confirmed by [112], which additionally reveals
that the throughput can be kept constant by asymptotically decreasing the antenna
beamwidth according to the inverse of the square root of the number of nodes. In a
mobile environment, the analysis of [113] shows that fading, statistically decreas-
ing the interference power, can increase the capacity of ad-hoc networks adopting
spatial reuse.

Three protocols for multi-hop networks are proposed in [114], where the au-
thors analyse the degrees of freedom that are available when multi-antenna nodes
operate in a network context. Further corroborations of the results of [111, 112]
are provided in [115], which proves that not only the antenna beamwidth, but also
the side lobe level has an impact on the throughput scaling of an ad-hoc network.

The wide diffusion of the IEEE 802.11 family of standards has further focused
the research interests on the introduction of smart antennas on IEEE 802.11 sta-
tions. In this field the research efforts are currently focused on two main topics:
the simultaneous reception of many packets by a unique destination, also known
as Multi-Packet Reception (MPR), and the concurrent communication between dif-
ferent node pairs, defined as Multi-Packet Communication (MPC).

In MPR scenarios the objective is allowing a destination to simultaneously re-
ceive multiple packets from different sources. Hence, the access must be synchron-
ised, since all allowed transmissions must begin at the same instant [116, 117].

By contrast, in MPC scenarios the aim is hosting multiple communications
between different node pairs. Hence, the access can be asynchronous, since each
source may start its transmission independently of the instants chosen by the other
sources [118, 119].

In [116] the authors explore the impact of MPR on the throughput of a random
access network, discussing the problems related to the collision model when mul-
tiple users may be simultaneously active.

The characteristics of the propagation environment in the presence of direc-
tional communications are considered in [120], where the authors propose a real-
istic cross-layer model of the IEEE 802.11 DCF in the presence of path-loss, shadow-
ing, and Rayleigh fading. A mathematical framework for analysing the IEEE 802.11
DCF in the presence of a directional virtual carrier sensing mechanism is presented
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in [121]. The influence of the channel-antenna characteristics on the throughput
and the delay of an IEEE 802.11 network using MPR is analysed in [117] using a
Markov chain approach.

An asynchronous access for carrier sensing multiple access (CSMA) networks
is numerically explored in [118], where a cross-layer redesign of the MAC layer is
proposed. A completely asynchronous scenario is analysed in [119], where a theor-
etical model for evaluating the throughput of an IEEE 802.11 multi-packet network
is presented.

The influence of the Signal to Interference plus Noise Ratio (SINR) on the cap-
ture probability of an MPR receiver having successive interference cancellation cap-
abilities is investigated in the analysis presented in [122], which can be extended
to account for an heterogeneous scenario where each user may be characterised by
a different capture threshold and a different power statistic.

The conditions required for fully exploiting a smart antenna system in a wire-
less network are investigated in [123], where the author identifies a fundamental
issue of distributed scenarios: the preservation of the active nodes' distribution at
the beginning of a source-destination communication cannot be maintained for the
entire duration of that communication.

Despite the limitation outlined in [123], several wireless networks have to oper-
ate in ad-hoc mode due to the lack of a coordinating infrastructure. Hence, together
with solutions for centralised networks [124, 125], several MAC layer modifications
using advanced antenna systems and enabling MPR have been proposed for distrib-
uted networks [126, 127, 128].

In particular, extensions for exploiting adaptive arrays in slotted Aloha and IEEE
802.11 networks are proposed in [126], while [129] improves the RTS/CTS access
and the virtual carrier sensing mechanism of the DCF for increasing the channel
utilisation when nodes are equipped with smart antenna systems. A multi-hop RTS
approachis presented in [130], where the proposed design is inspired by the typical
problems related to the adoption of directional antennas in I[EEE 802.11 networks,
including deafness and hidden terminal, and the obtained results reveal that the
throughput depends on the topology and on the traffic patterns.

A receiver initiated approach is proposed in [131], where MPR is enabled by
combining spatial multiplexing with a modified handshake mechanism. In [132]
multiple simultaneous communications are enabled using directional antennas and
adopting a circular directional RTS transmission in order to disseminate inform-
ation concerning the availability of the different antenna beams. A cooperative
scheme, in which the handshake mechanism is modified to support the interference
suppression capabilities of each node, is described in [127]. Both space-division
and time-division multiplexing are adopted in [124], which presents a MAC layer
extension for IEEE 802.11 networks where the access points are equipped with ad-
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vanced antenna systems.

The concept of directional virtual carrier sensing, introduced in [128], is ex-
ploited for allowing the DCF to support MPC and interoperability between direc-
tional and omnidirectional antennas. An asynchronous IEEE 802.11 MPR scheme
based on the use of space-time coding is presented in [125], where the impact of
hidden terminals on the network throughput is investigated.

Even though the above-cited schemes are able to provide considerable through-
put improvements, the majority of them are designed assuming homogeneous
scenarios, where all nodes have the same antenna system, namely the same number
of antennas and the same processing technique.

Moreover, some of these schemes introduce tones [126], new fields in the RTS
and CTS frames [129], or even modify the IEEE 802.11 handshake by adding further
control frames [127,130, 131, 132], thus potentially inhibiting the communications
of the legacy nodes that share the same frequency channel and may not be aware
of the additional access rules.

These design choices may lead to backward compatibility problems, which are
taken into account in [124], where a centralised-synchronous MPR scenario is as-
sumed, and in [125], where the proposed MPR extension considers a centralised-
asynchronous network. Mixed networks including legacy and non-legacy nodes are
addressed in [128], though it dispenses with analysing a completely heterogeneous
scenario.

Motivated from the analysis of [119], which proves that in a distributed IEEE
802.11 network an asynchronous access can provide a higher throughput than a
synchronous one, hence making MPC more suitable for a completely distributed
environment, and from the limitations of the reviewed research works, this chapter
considers the design of multi-packet communication aided MAC schemes that are
backward compatible with the [EEE 802.11 standard and are suited for heterogen-
eous networks.

The chapter proposes two schemes, namely the Threshold Access MPC (TAMPC)
and the Signal to interference ratio access MPC (SAMPC) and shows that the novel
protocols provide an increased network performance.

8.2 HETEROGENEOUS AND ASYNCHRONOUS NETWORK
SCENARIO

Consider a distributed IEEE 802.11 network including a set ' of | V'| nodes, where
the generic node n € V" has an antenna system composed by N,(= 1) radiating
elements. Such scenario is heterogeneous in the sense that different stations have
different antenna capabilities. Furthermore, the network performance of different
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nodes is also influenced by their relative positions within the network. In fact, two
nodes with identical antenna systems may anyway experience significant differ-
ences in their ability to communicate, since the capability of suppressing an inter-
ferer depends on the reciprocal position of the nodes. This implies that a network
in which each node has a different position with respect to the others is in practice
heterogeneous, even if it consists of nodes with identical antenna systems.

The setof node V can be partitioned in two subsets: the subset V! that contains
the | V'] IEEE 802.11 legacy nodes having N,, = 1, and the subset "™ that contains
the | V™| = || — |V!| non-legacy nodes having N,, > 1.

During the reception of a packet each non-legacy node equipped with a smart
antenna system may generate a radiation pattern G(¢) that has the main lobe
steered towards the desired direction and a certain number of nulls placed towards
the interferers [133], being ¢ the azimuth angle. The radiation pattern G(¢) may
be characterised by an average gain G2 and a null gain G?!'(<< 1) values, which
depend on the beamforming algorithm, the geometry, and the number of elements
of the array [117].

In the homogeneous scenario considered, the ability of a node n of correctly
receiving a packet in an interfered environment may be modelled by considering
the number of communications £ that can be sustained by the network [117], and
the number of ongoing transmissions L, (< £) that allows a contending node to
asynchronously transmit its packet without destroying the communications of the
other nodes [119].

Given that nodes in an heterogeneous network are equipped with different an-
tenna systems, each of them may be characterised by its particular value of L, , and,
differently from the homogeneous case, a single node cannot infer the thresholds
of the other nodes from the knowledge of its value of L, . In particular, if the node
n is an IEEE 802.11 legacy station, then L, = 0, since a node with a unique omni-
directional antenna can correctly receive a packet only if there are no other ongo-
ing transmissions within its communication range. By contrast, if n is a non-legacy
node, then L, isrelated to the channel-antenna characteristics and to the network
topology [114, 117].

The above-described scenario suggests two possible MAC layer approaches for
introducing multi-packet communication in an IEEE 802.11 distributed network:
a first approach is based on the “resumptive” parameter L., , while a second ap-
proach may be based on a detailed estimation of the instantaneous Signal to Inter-
ference Ratio (SIR) value.

The former approach has the advantage of summarising the channel-antenna
characteristics in a single value that may be calculated offline and included in the
set of MAC layer parameters that characterise the access behaviour of a station, sim-
ilarly to the minimum contention window or the maximum backoff stage. In fact,
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the value L, may be approximately evaluated assuming an homogeneous scen-
ario, in which all n nodes have N antennas, and relying on the analysis presented
in [117, 119]. Hence, the former approach requires a small computational com-
plexity at each node, however it relies on an averaged quantity.

By contrast, the latter approach relies on a real-time local estimation of the in-
stantaneous SIR. Such estimation accounts for the single-node antenna parameters
and the relative position of the node within the network. Since the second solu-
tion requires real time computing, it imposes higher complexity on transmitting
nodes, but at the same time it may guarantee an access behaviour that matches
more closely the real traffic evolution.

Finally, note that the node behaviour in IEEE 802.11 is asynchronous, given that
each station transit at the beginning of a time slot that is chosen independently of
other stations' decisions [116, 117, 118, 119, 120, 121, 122, 123, 124, 126, 127,
128,129,130, 131, 132, 134, 135].

While in a synchronous-homogeneous scenario a collision event leads to the
loss of all involved packets, since the transmissions are perfectly superimposed be-
cause of the synchronisation (all bits are corrupted), in all the other three possible
cases (homogeneous-asynchronous, heterogeneous-synchronous, heterogeneous-
asynchronous), the collision may determine the loss of only a subset of the involved
packets. In fact, different packets, even of the same length, may be differently cor-
rupted because they span different time slots, and/or different nodes may have dif-
ferent interference mitigation capabilities. This implies that in the heterogeneous-
asynchronous network under consideration the consequences of a collision must
be evaluated locally, since they depend on the individual characteristics of the in-
volved nodes and on the evolution of each SIR.

8.3 DESIGN REQUIREMENTS AND STRATEGY FOR IEEE
802.11 MPC AIDED NETWORKS

Independently of the adopted approach, a commercially attractive extension for the
802.11 DCF using adaptive arrays should fulfil three main requirements.

First, the adopted policy should preferably be asynchronous, given that in a dis-
tributed IEEE 802.11 network, MPC can provide a higher throughput than a syn-
chronous approach [119].

For achieving the highest degree of benefit from the adaptive array system
equipped on nodes that operate in this context, a reliable criterion for the channel
access should target two main objectives [123]: the acquisition of information on
active nodes, and the preservation of the conditions present at the beginning of the
transmission for the entire duration of the transmission itself (since the generated
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pattern G (¢) cannot be changed during reception).

While the first target can be reached in a distributed scenario by monitoring
the channel activity and relying on information contained in control packets, the
second goal cannot be completely achieved, due to the absence of centralised con-
trol and to the asynchrony of the scenario [123]. Hence, for enabling MPC in dis-
tributed environments a MAC protocol should provide ways for source stations to
infer the distribution of interferers at the beginning of transmission and means for
evaluating the possible evolution of such distribution.

The second fundamental requirement for introducing MPC in future IEEE
802.11 networks is achieving backward compatibility of the developed MAC layer
extensions. In particular, MPC solutions ought to guarantee the possibility of com-
municating to single-antenna legacy nodes, and hence they should strive for avoid-
ing modifications to the IEEE 802.11 MAC layer, which may be perceived as in con-
trast with the access rules adopted by these stations.

The third fundamental requirement for a protocol enabling MPC in distributed
networks concerns the heterogeneity of the scenario. Since IEEE 802.11 networks
are often extended by adding new routers and the continue progresses in antenna
miniaturisation allows accommodating an increasing number of antennas on a
device [136], the scenario of the near future may involve devices of different “gen-
erations", characterised by increasing antenna capabilities. Hence, heterogeneity
may represent a plausible aspect of forthcoming networks, where the MAC protocol
should prevent nodes equipped with more powerful antenna systems from acquir-
ing all the resources at the expense of nodes equipped with less powerful antenna
systems.

These three requirements suggest some design choices for extending the I[EEE
802.11 DCF in order to allow multiple communications at a single time.

First, the RTS/CTS access seems preferable to the basic access, since the former
helps disseminating information on active communications and hence is used
by almost all MAC protocols proposed for supporting MPC in asynchronous net-
works [124, 127,128,129, 130, 131, 132, 134, 135].

The second choice consists in adopting two non-overlapping frequency chan-
nels, where the first channel can be used by both the legacy and the non-legacy
nodes and is referred to as the Common Channel (CC), while the second one can be
used only by the non-legacy nodes and is referred to as the Multiple Communica-
tions Channel (MCC). Just one communication at a time is allowed on the CC, while
multiple simultaneous communications are allowed on the MCC. A legacy node can
monitor only the CC, while a non-legacy node can perform an omnidirectional sens-
ing of both channels.

The main reason for using two separate channels is that it allows adding novel
fields to the control packets. These new fields contain information required by sta-
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tions for exploiting their antenna systems. Non standard frames cannot be used
in a channel that is shared with legacy nodes, since they are unable to understand
the modified format. Besides, in the standard RTS/CTS frames there are no bits
available for including novel information, since all fields are used for standard op-
erations [124].

Finally, omnidirectional transmissions are used on both channels and non-
legacy nodes use their interference mitigation capabilities only during reception.
This choice may appear to limit the achievable performance, since it reduces spatial
reuse. However, such decision increases robustness against hidden terminal and
deafness problems [130] and simplifies the procedure for sensing active transmis-
sions [127]. In particular, the latter aspect is relevant when a node, being involved
in a communication on the MCC, has lost some RTS/CTS exchanges and, once its
communication is completed, tries to update its knowledge of the medium occupa-
tion.

8.4 THE PROPOSED MPC AIDED PROTOCOLS FOR
WIRELESS NETWORKS

This part details the design of the proposed extensions for allowing hosting mul-
tiple communications during a single slot of an IEEE 802.11 network. The design
goal is to contrive access schemes where nodes are capable of adapting their ac-
cess behaviour to the particular instantaneous distribution of interferers, in order
to transmit their packets if they do not interrupt other ongoing communications.

8.4.1 RECOGNITION BETWEEN NON-LEGACY STATIONS

In an heterogeneous network, non-legacy nodes should be able to infer whether
their intended partner is a non-legacy node itself or not, in order to adapt their ac-
cess procedure to the interference mitigation capabilities of the destination, Fur-
thermore, non-legacy stations should also be capable of estimating the antenna
capabilities of other stations that are transmitting and receiving a packet. Hence,
the first novel feature to be designed for contriving an MPC extension for the IEEE
802.11 MAC layer is a mechanism of reciprocal recognition of non-legacy nodes.
Furthermore, for backward compatibility purposes, such recognition mechanism
cannot modify the legacy communication rules.

The proposed recognition scheme relies on the use of the More Data field in-
cluded in RTS/CTS control frames. Such field, consisting of a unique bit, must be
set equal to zero in distributed networks and can be ignored by legacy nodes during
the contention period, since it has meaning only for centralised operations [34, p.
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37]. The reciprocal recognition between non-legacy nodes rely on this field, which
is set to one and read during the contention period by stations having advanced
antenna capabilities.

In particular, when a generic non-legacy source n has a packet for a destination
D(n) of unknown antenna characteristics, n can communicate to D(n) its multi-
antenna capabilities by setting to one the More Data field of the transmitted RTS
packet and can also infer the (possible) multi-antenna capabilities of D (n) by read-
ing the More Data field of the received CTS. If n and/or D (n) are legacy nodes, they
will not read the More Data field and the communication will follow the standard
IEEE 802.11 operations.

The adopted mechanism of recognition is used both for the access scheme that
relies on the parameter "'L," and for the access scheme that accounts for the SIR
evolution of ongoing transmissions. These two access solutions are presented in
the following of the section.

8.4.2 THRESHOLD ACCESS MULTI-PACKET COMMUNICATION PROTOCOL

The TAMPC protocol relies on the threshold L, , which summarises the channel-
antenna characteristics of a node n [117, 119], for determining the access beha-
viour of a station. Such behaviour is described in the following by considering the
communication between a generic non-legacy source n and its non-legacy destina-
tion D (n).

8.4.2.1 OPERATIONS IN THE CC: SINGLE COMMUNICATION

The communication between n and D (n) begins with a common RTS/CTS exchange
on the CC channel. Once the RTS/CTS exchange and the recognition process are
completed, n transmits a modified DATA packet, that includes the original data, the
threshold L, and a preamble. This preamble is used by the smart antenna system
equipped on D(n) for estimating the Direction Of Arrival (DOA) of the source sta-
tion and to synthesise the receiving radiation pattern using the adopted beamform-
ing algorithm [133]. Similarly, once the DATA reception is completed, the destina-
tion D (n) transmits the ACK packet by adding its threshold L , - and the preamble.

After this first RTS/CTS/DATA/ACK handshake the nodes n and D (n) have ac-
quired their reciprocal characteristics. These characteristics are stored into a table,
referred to as the Neighbouring Characteristic Table (NCT), which has one entry for
each neighbour with whom data has been previously exchanged.

More precisely, the generic entry m of the NCT,, of node n contains the IDentifier
(ID) of m (ID,,), the corresponding threshold L, , the estimated DOA ¢,, ,,, and the
NAV relative to m (NAV,,). Observe that the modifications made to the DATA and
ACK frames are not seen by legacy nodes, since they set their NAVs and turn off their
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radio for the time specified in the duration field of the sensed RTS (or CTS) frame
once the RTS/CTS exchange between n and D (n) completes.

8.4.2.2 OPERATIONS IN THE MCC: MULTIPLE COMMUNICATIONS

Consider now the case where a non-legacy source n has a packet for an already re-
cognised non-legacy destination D (n), whose ID is hence already present in NCT,,.
In this case the non-legacy pair is allowed communicating on the MCC.

As in the [EEE 802.11 DCEF, n generates a backoff and monitors the medium us-
ing its antenna array to estimate the [, DOAS ¢, 1, ..., o, - P, Of signal received
from active transmitters. Such estimation may include RTS, CTS, DATA, and ACK
transmissions, because the scenario is asynchronous.

Noting that an array with N,, > 2 elements may allow estimating up to N,, active
transmissions, the estimation of active DOAs can be considered reliable only when
[, < N,, — 1. In fact, the case where the source station estimates [, = N,, cannot be
considered reliable, since it represents every situation where the actual value [ of
the number of transmissions that are active in the MCC is equal or greater than N,,.
Hence, if [, = N,,, the MCC is considered busy and n freezes its backoff counter.

Conversely, if [, < N,, n examines the NCT,, foreachm = 1, ..., [, for verifying if
the entry relative to ¢, ,, is complete, lacks information on ID,,, L., , or has a NAV,,
equal to zero. If each entry is complete, n continues monitoring the channel, while,
if an entry m is not complete, n receives the packet incoming from ¢,, ,,, by running
its beamforming algorithm using ¢,, ,,, as the desired direction and all the other es-
timated DOAs as undesired directions. If this packet is relative to a communication
between a source k and a destination D (k), the contained information is used by n
to update its NCT,,.

Precisely, the control packets sent on the MCC (RTSy;cc and CTSycc) are modi-
fied versions of the standard RTS/CTS packets, and contain the IDs, the thresholds,
and the NAVs relative to k and D (k). The novel control frames also contain the pre-
amble for allowing the required antenna processing operations. Observe that the
structure of the frames can be freely modified on the MCC channel, since only not
legacy operates on it.

If the sensed packet has n as its destination (D (k) = n) or involves the destin-
ation of n (k = D(n) or D(k) = D(n)), n freezes its backoff counter. Otherwise, n
updates the current threshold as:

L= min (L), (8.1)

mecu{n,D(n)}

where C = {p € N“1|NAVp > 0} is the set of the non-legacy nodes currently
involved in a communication on the MCC (i.e. having a NAV greater than zero in
NCT,). If I, < L., all nodes can sustain the current traffic load and hence the
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backoff counter can be decreased, since the potential communication between n
and D(n) would not destroy the ongoing communications. Otherwise, the backoff
is frozen.

This monitoring operation continues until the backoff counter reaches the zero
value and the source n sends its RTSycc frame. When the destination D (n) receives
the RTSycc frame, it replies with its CTSy,cc after a SIFS time, and the rest of the
handshake (DATA/ACK) is completed by using the receiving patterns synthesised
using the preambles contained in the control frames.

8.4.3 SIR ACCESS MULTI-PACKET COMMUNICATION PROTOCOL

The SIR access multi-packet communication protocol (SAMPC) enables MPC by re-
lying on the instantaneous SIR of ongoing communications for accessing the chan-
nel. The instantaneous SIR is more adherent to the real network behaviour and is
able to account in detail and in real-time for the antenna pattern, the topology, and
the traffic information. Furthermore, the SAMPC protocol relies on efficient chan-
nel coding techniques at the PHY layer, which are used for recovering occasionally
collided slots.

8.4.3.1 OPERATIONS IN THE CC: SINGLE COMMUNICATION

Once station n finishes the recognition phase with D(n), it sends a modified DATA
packet that contains the antenna parameters N,, G2V (average gain), G (aver-
age gain in a null), and a preamble that allows D(n) to estimate the relative DOA
®pm)n and to synthesise the receiving pattern Gp,,)(¢) using its beamforming al-
gorithm [133].

Remembering that the transmission gain is equal to unity (omnidirectional
transmission), the power received by D (n) from n can be expressed using the Friis
transmission equation as [117]:

Pt-1- GD(n)(¢D(n),n)fla
Pg(n),n = da(D (n)’ n) ) (8.2)

where P'=100 mW is the legacy transmission power, &, is a constant depending on
the height of the antennas with respect to the floor and on the estimated path-loss
exponent a [137], and d(D(n), n) is the distance between D (n) and n. Hence, the
distance d(D(n), n) can be calculated at D(n) by inverting (8.2), obtaining:

PtGD(n)(QbD(n).n)fla); . (8.3)

d(D(n),n) = < 7

D(n)n
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Similarly, the ACK of D(n) includes Ny, ngn), GB‘(I}}), and the preamble, hence
allowing n to estimate ¢,, o,y and d(n, D(n)). Observe that, since a unique omni-
directional transmission is allowed on the CC, also a non-legacy node k # n, D(n),
sensing the DATA/ACK exchange between n and D (n), may acquire the exchanged
parameters and estimate ¢y ,,, Py pny, d(k,n), and d(k, D(n)). Besides, since the
positions of n, D(n) and k form a triangle, k can use these estimations to evaluate
on its own the relative distance between n and D (n) as:

d(n,D(n))z\/d2 (k,n)+d?(k,D(n))—2d(k,n)d(k, D(n)) cos[¢pxn—Prpm] (84)

Finally, together with the above-mentioned values, k also stores the values of
NAV,, and NAV,,,, into its NCT,, which has, similarly to the TAMPC protocol, one
entry for each sensed node m, but now contains Ny, G&', GR", NAV,,,, ¢, ,, and
all the d(m, p) values estimated using (8.4) for nodes p that are already present in
NCT.

8.4.3.2 OPERATIONS IN THE MCC: MULTIPLE COMMUNICATIONS

Similarly to the TAMPC protocol, when a transmission on the MCC is sensed, the
generic node n estimates the current DOAs and checks in the NCT,, if one DOA cor-
responds to a NAV equal to zero. Such condition implies that a new communica-
tion m-D (m) has started. Hence, n runs its beamforming algorithm to receive the
RTSpcc and CTSycc frames, which, differently from the TAMPC protocol, now con-
tain Ny p ey G pny Gl my» and the code rates RE™ and R} adopted for the cor-
responding DATA and ACK transmissions, respectively. These antenna parameters
are included again in the RTSycc/CTSycc frames for allowing a node that missed
the first DATA/ACK exchange in the CC between m and D (m), being involved in a
communication on the MCC, to receive them.

After the RTSycc/CTSmcc exchange, n first derives the instant of beginning of
the corresponding DATA reception tj,,,) and that of the relative ACK reception t,, =
tpemy + Tpata + SIFS, where Tpar, is the duration of the DATA frame. Secondly, for
each of the two nodes q € {m, D(m)}, n stores the ordered set:

95, = eEN™M:NAV, > 0;p #q,D(q); Py < ..< P, <..<P; 3}, (85)

of the [,, estimated currently active interferers of g in the g-th entry of the NCT,,.

The set 75 , in (8.5) is generated by n by taking the position of q as reference,
since each P, can be calculated from the d(q, p) value obtained when sensing the
CC. This set accounts for the fact that in an asynchronous scenario the interference
configuration cannot be preserved [123]. Hence, if n intends to perform a reliable
SIR estimation for a node g, the initial interference configuration experienced by g
must be stored.
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Since adaptive arrays aim to maximise the SIR [133], n can reasonably assume
that, for a node g, the N, — 2 available nulls are used to suppress the strongest

interferers in J; ,, while the other interferers are received with the average gain

G&¥ [117]. Hence, 7?_,1 can be partitioned in two subsets: 79,?;“, containing the N, — 2

suppressed interferers, and 7?1?;, containing the not suppressed ones.

The information stored can be used by a non-legacy source n, having a packet
for arecognised non-legacy destination D (n), to assess whether to the decrease the
backoff counter or not according to the SIR estimated not only for the pair n-D(n),
but also for all pairs active on the MCC.

More particularly, n considers the set C = {p € N : NAV,, > 0} containing
the nodes currently involved in a communication on the MCC. For each g € C, n
evaluates the set 72}3 =Cn .‘7?;; " containing the still active interferers suppressed
by q,and the set 757, = (C —72,‘1}1) U{n, D(n)}, containing the still active interferers of
q that are not nulled together with n and D (n). For q € {n, D(n)}, n just partitions
C into the subsets 72_‘}]”, containing the N, — 2 interferers that may be nulled, and
J5q containing the others.

Besides, for each g € C U {n, D(n)}, n defines the function:

1 tg<t=<ty;+Tpkq €N U{n}or
fn'q(t) = tq <t< tq + TDATA’q € NdSt V) {D(n)} ) (86)
0 elsewhere

where T ¢k is the duration of the ACK frame, V(< C) is the subset of the active
sources, and N'9t(c €) is the subset of the active destinations.

The function (8.6) describes the activity of the node g as a function of the time t.
For q € C, t, is stored in the g-th entry of the NCT,,, while, for g € {n, D(n)}, t, is the
current time. Moreover, by setting a counter for each ¢ € N'™, n can estimate the
probability of activity n,, , as the ratio between the number of packets sent by g and
the overall packets sensed on the MCC. Finally, n can estimate the time evolution of
the interference experienced by each node g € C U {n,D(n)} as:

L)) = G D Fup@Pipt G D fup(®OPy+ G D tyPhype (87)
pegnull PETRY peNT—{q}
The first two terms in (8.7) are deterministic and account for the time evolution
of the active interferers, while the third term estimates the probability that each
non-legacy node becomes an interferer. Observe that the set '™ — {q} in the third
term includes also the currently active nodes, because a node that has completed
its transmission may begin another one.
From (8.7), the SIR for the node g can be derived as:

Z,D(q) q € N3¢ U {n}

P
SIR,q(t) = ™G { ; 0 € N (D)) (8.8)

S(@)a

139



Chapter 8. Design of smart antenna aided medium access control protocols

where S(q) is the source of the packet having g as destination.

Once all SIRs are available, the success of a frame exchange may be evaluated by
using the SPB aided framework presented in Chapter 4. Particularly, the equivalent
rate req (t), is estimated using the SIR value at each time instant, and its average
value is compared to the selected code rate R?}. More formally, the averaged equi-
valent rate, which is referred to as the sustainable rate, is obtained as:

1 Tack
7 f Teq (t)dt  q € NS U {n}
nqg __ ACK Jo
Tsus = 1 ToATA na ; (89)
f req ()dt q € NtuU {D(n)}
Tpata Jo

A received packet may be assumed successful if the adopted code rate R, sat-
isfies R, < rsu.. Hence, defining as R, the set of the available code rates, the two
conditions:

{H(Rza RI™) € R X R, : RF < 5™, RE™ < 12" 5.10)

R.<ratqec

may be used by n as the criterion for decreasing its backoff counter.

These conditions require that, if the potential communication n-D(n) becomes
active, this communication and the currently active ones can be all successful. Ob-
serve from (8.10) that the SAMPC scheme considers the potential effect of the con-
current transmissions not only on the DATA receptions, but also on the ACK recep-
tions, which are often neglected but can have a considerable impact on the result
of the communication attempt.

Summarising, the SAMPC protocol adopts an advanced collision avoidance
policy based on an accurate estimation of the instantaneous SIR and of the code
behaviour, in order to allow each node to evaluate the effect of the interference on
its potential communication and on all the active ones, taking into account both the
DATA and the ACK receptions.

Similarly to the TAMPC scheme, the SAMPC algorithm acquires information on
the current medium occupation, thus matching the first condition outlined in [123]
for exploiting adaptive arrays. Additionally, the SAMPC protocol estimates the evol-
ution of the interference, in order to compensate for the impossibility of preserving
the interference configuration in a distributed scenario [123].

8.5 RESULTS
The proposed MAC protocols have been implemented in a C++ simulation plat-
form developed adopting the IT++ libraries for signal processing and communic-

ations [99].
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Common parameters

Preamble 128 bits
Slot time 20 us
DOA estimation algorithm MUSIC [133]
DIFS duration 50 us
Beamforming algorithm Constrained Least Mean Square (LMS) [133]
SIFS duration 10 us
Path-loss exponent a 3
Maximum backoff stage 4
Retry limit 4
RTS 160 bits
CTS 112 bits
DATA header 240 bits
Average payload 6960 bits
ACK 112 bits
Data rate 12 Mbits/s
Control rate 2 Mbits/s
Modulation QPSK
TAMPC parameters
Ltn/D(n) 4 bits
RTSycc RTS + L, + preamble
CTSpmcc CTS + Ltp(n) + preamble
SAMPC parameters
Nijac 4 bits
Glla 8 bits
Ri/a 2 bits
RTSycc RTS + N,, + GM! + G2V + R™ + RZ™ 4 preamble
CTSpmcc CTS + Npy + GRUL + G2, + R + R¢™ + preamble

Table 8.1: Adopted parameters and algorithms.

The selected algorithms and parameters are reported in Table 8.1, where the
payload is assumed geometrically distributed with an average length equal to 870
bytes (6960 bits) [135]. For each simulation, 60 seconds of network activity are
recorded. To simplify the comparison between the two presented schemes, a fixed
code rate R} (n € ') equal to 2/3 is assumed for the ACK frames in all the simu-
lations, while the value of the code rate R (n € V) for the DATA frames, which
is still maintained fixed during a particular simulation, will be specified for each
examined scenario. Efficient codes are also used at the PHY of the TAMPC protocol,
where, however, they simply replace the convolutional codes typically used by IEEE
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(a) Heterogeneous concentric topology

(b) Heterogeneous random topology

802.11 stations, but are not involved in the backoff counter process as in the SAMPC
protocol. Besides, the threshold adopted by the generic non-legacy node n for the
TAMPC scheme is assumed to be equal to the number of degrees of freedom of its
antenna system, thus L, = N, — 1 forn € M [135].

The adopted performance figures are the throughput and the Jain's fairness in-
dex. In particular, the throughput is expressed in terms of the average number of
packets that may be successfully hosted in a slot time at the net of the adopted
code rate. In other words, the sum of the throughput of all network nodes directly
provides the number of simultaneous communications that can be hosted in a slot.

The presented results are divided into two parts. The first part reports the per-
formance of the TAMPC and SAMPC schemes in heterogeneous scenarios involving
both legacy and non-legacy nodes equipped with different antenna systems, and
asymmetric network topologies. The second part compares the protocols' beha-
viour to the analytic model proposed in [119] for scenarios characterised by a sym-
metric topology.

8.5.1 PROTOCOLS' PERFORMANCE

The first set of results is obtained considering a minimum contention window equal
to 32 and a code rate RF™ = 8/9 (n € WIV) in the presence of a Poisson packet
arrival process of mean p.

The adopted topologies with the corresponding N,, values are shown in Fig-
ures 8.1(a) and 8.1(b). Precisely, the ring topology in Figure 8.1(a) consists of two

legacy pairs and three non-legacy pairs, while the random one in Figure 8.1(b) con-
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Figure 8.1: Network throughput as a function of the average arrival rate.

sists of four legacy pairs and six non-legacy pairs. The number of antennas of the
pair 9 — 10 in the ring topology and of the pair 15 — 16 in the random topology is
not specified, since it will be used to put into evidence the different performance of
the developed schemes.

Figures 8.1(c) and 8.1(d) report the aggregate throughput, given by the sum
of the throughput in the CC and in the MCC. In particular, Figure 8.1(c) refers to
the topology of Figure 8.1(a) considering the cases Ng1y = 3 and Ny, = 2, while
Figure 8.1(d) refers to the topology in Figure 8.1(b) considering the cases N5, = 6
and N5, = 2. The figures also show the throughput obtained using the IEEE
802.11 super-g extension [138], where the adoption of two frequency channels at
12 Mbits/s is assumed for the sake of providing a fair comparison with the proposed
schemes.

The curves show that both the TAMPC and SAMPC protocols provide a higher
performance with respect to the super-g extension, allowing the coexistence of a
number of simultaneous communications ranging from two to three for all the con-
sidered scenarios.

With reference to Figure 8.1(c), a direct comparison between the two proposed
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Pair TAMPC SAMPC TAMPC SAMPC
Noio =3 Noio =2
1-2 0.38 0.38 0.38 0.38
3-4 0.38 0.38 0.38 0.38
5-6 0.62 0.62 0.50 0.62
7-8 0.62 0.62 0.49 0.62
9-10 0.60 0.61 0.47 0.39

Fairness (CC) 1.00 1.00 1.00 1.00
Fairness (MCC)  1.00 1.00 1.00 0.96

Table 8.2: Single-node saturation throughput (in packets/slot) for topology of Fig-
ure 8.1(a).

schemes reveals that, when Ny 1, = 3, their performance is substantially identical,
while, when Ng,, = 2, the SAMPC scheme provides a higher throughput than the
TAMPC protocol.

The different behaviour of the two solutions can be explained in detail con-
sidering the single-node saturation throughput reported in Table 8.2. In the case
Ny, = 3, the minimum threshold among all nodes operating in the MCCis L;, =
N,—1=3-1=2(n€ N™). As described previously, using the TAMPC protocol
the backoff counter is decreased when two conditions are satisfied: the number of
estimated active sources [, islowerorequalto L, = L, = 2and [, < N,,—1 = 2 for
n € N1, This implies that when two communications are active, a further one can
be established and hence three transmissions may be simultaneously performed
on the MCC. Considering also the CC, a total of four concurrent transmissions may
be sustained by the network. Observe that the adoption of a large minimum con-
tention window, which has been selected equal to 32, and the presence of the chan-
nel encoder, determine throughput values lower than four, as it can be shown in
Figure 8.1(c) for Ny, = 3. However, independently of these aspects, in the case
Ng 1o = 3 the proposed protocols guarantee the same throughput and a fair access
to the network nodes.

By contrast, in the case Ng;, = 2, the SAMPC protocol provides a higher
throughput, while the TAMPC scheme maintains a better fairness. This result can
be explained by analysing the access of the nodes operating on the MCC, namely the
pairs 5 — 6, 7 — 8, and 9 — 10, for the two developed schemes. For Ny,, = 2, the
thresholds become L., = 2 and L;,.,, = 1. Adopting both protocols, when the
pairs 5 — 6 and 7 — 8 (having three antennas) are active, the source 10 (having just
two antennas) freezes its backoff counter because it cannot estimate more than one
active transmitter.

A different behaviour appears for the two schemes in another configuration of
transmitters. When adopting the TAMPC protocol, and in the case where one of the
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Pair TAMPC SAMPC TAMPC SAMPC
Nis16 =6 Nisi6 =2
1-2 0.22 0.22 0.22 0.22
3-4 0.20 0.20 0.20 0.20
5-6 0.19 0.19 0.19 0.19
7-8 0.21 0.21 0.21 0.21
9-10 0.60 0.54 0.56 0.58
11-12 0.03 0.08 0.02 0.05
13-14 0.03 0.14 0.37 0.40
15-16 0.60 0.46 0.09 0.05
17-18 0.15 0.34 0.07 0.35
19-20 0.23 0.24 0.42 0.27

Fairness (CC) 1.00 1.00 1.00 1.00
Fairness (MCC)  0.56 0.76 0.60 0.69

Table 8.3: Single-node saturation throughput (in packets/slot) for topology of Fig-
ure 8.1(b).

two pairs with three antennas (5—6 or 7—8) and the unique pair with two antennas
(9 —10) are active, the source of the other pair with three antennas (8 or 6) freezes
its backoff counter to protect the communication of the pair 9 — 10, according to
the criterion on the minimum threshold of (8.1). This implies a fair reduction of
the single-node throughput. Conversely, adopting the SAMPC scheme in the same
configuration of transmitters, the source 8 or 6 does not freeze its backoff counter,
since it estimates that the communication involving the pair 9 — 10 may remain
successful in the presence of the other two communications. This implies that the
pairs with three antennas acquire more resources, leading to a higher throughput
at the expense of a slight fairness reduction.

The curves in Figure 8.1(d) confirm the higher performance of the proposed
protocols with respect to the IEEE 802.11 super-g extension for the random to-
pology in Figure 8.1(b). Besides, the results in Table 8.3 show that in this case
the SAMPC scheme outperforms the TAMPC one for the two considered scenarios
(Ni516 = 6 and N5, = 2) both in terms of throughput and fairness.

In both the proposed protocols each node tries to protect not only its own com-
munication but also those of the other active nodes. The TAMPC protocol reaches
this objective by accounting for the load threshold sustainable by the active node
with the less powerful antenna system, without considering the characteristics of
the topology. The SAMPC protocol adopts a more advanced protection mechanism
based on a SIR estimation, and hence is able to account for a larger number of net-
work elements, including not only the number of antennas, but also the antenna
gains and the relative positions between the nodes. The values in Table 8.3 confirm
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Figure 8.2: Protocols' performance in saturated conditions (average values for 50
randomly generated topologies).

that the adoption of this more reliable process of estimation of the network condi-
tions provides considerable benefits to the global performance of the network. This
result suggests the usefulness of the SAMPC protocol for random topologies, which
represent a more realistic scenario for the commonly deployed wireless networks.

To further investigate this issue, a third set of simulations is carried out by con-
sidering 50 random topologies, each having n = 20 non-legacy nodes, namely 10
pairs operating in the MCC once the process of recognition is completed. All nodes
are equipped with an antenna array having N,, = 5 (n € ™ = V) elements. Ob-
serve that, while the previously simulated scenarios in Figures 8.1(c) and 8.1(d)
were heterogeneous both in terms on nodes and topologies, in this case the scen-
ario is heterogeneous only because of the spatial distribution of the nodes, since all
stations have identical antenna systems.

Figure 8.2 reports the average network throughput in saturated traffic condi-
tions as a function of the minimum contention window for different values of the
code rate Rq(;;- One can observe that Figure 8.2 confirms that the SAMPC protocol
provides a higher throughput when compared to the TAMPC scheme. In particu-
lar, for the TAMPC protocol, the rate 3/4 leads to a higher throughput, while, for the
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SAMPC protocol, the best performance is obtained using a rate of 8/9. Furthermore,
a direct comparison between the uncoded scenario (R? ™ = 1) and the coded ones
reveals that a certain channel coding is necessary to maintain an acceptable per-
formance. However, the required redundancy can be maintained low, since even a
high code rate, such as 8/9, provides a satisfactory performance that is close to the
one achievable using the lower rate of 3/4.

In general, the results presented for heterogeneous scenarios show that the cap-
ability of an antenna system alone does not represent an absolute element for the
single-node performance, which is also influenced by its position within the net-
work. Therefore, the adoption of a rigid threshold on the number of communica-
tions for establishing the success or failure of the transmission attempts in an MPC
scenario might sometimes result in a partial under-utilisation of the network re-
sources.

This second part of the results aims to compare the protocols' performance
to the analysis presented in [119]. Simulations are carried out assuming satur-
ated traffic conditions and maintaining the settings reported in Table 8.1. Since
the model developed in [119] holds for an homogeneous network, the comparison
between theoretical and numerical results is performed adopting a symmetric to-
pology in which |V| = 20 identical non-legacy nodes are placed on two concentric
rings, where the sources lie in the outer ring, having a radius equal to 20 m, and
the destinations lie in the inner ring, having a radius equal to 10 m. Each node
hasN, =5n e N nl = 5 ) antennas and, for each DATA frame, a fixed code rate
RY™ = 8/9 (n € V) is used. Since only non-legacy nodes are involved, the CC is
used just for the process of recognition and the rest of the traffic is delivered using
the MCC.

Figure 8.3 shows the network throughput as a function of the minimum conten-
tion window obtained using the TAMPC and the SAMPC protocols, the IEEE 802.11
super-g extension, and the analysis of [119].

Since the theory of [119] considers an access based on a threshold on the num-
ber of allowed communications, the comparison with the theory is more meaning-
ful when it involves the TAMPC protocol. In particular, the analysis in [119] and the
TAMPC scheme are compared for the two thresholds L, = L, = 3(n € ') and
L, = L, = 5(n € IV). One can immediately observe that the analytic and the
numerical throughput values of the TAMPC protocol are very close for a large part
of the considered range of minimum contention windows.

More precisely, the theoretical and simulated curves almost overlap when the
minimum contention window is high, while differences appear when it becomes
low, mainly for the case L, = 5. These differences are due to the fact that the stud-
ied scenario, even if symmetric and composed by identical nodes, is not perfectly
homogeneous. In fact, in the simulation, the result of a reception in the presence
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Figure 8.3: Network throughput in saturated conditions as a function of minimum
contention window for a concentric topology.

of a certain number of simultaneous transmissions does not depend only on the
number of transmitters itself, but also on which transmitters are active. Thus, dif-
ferent configurations of the same number of active sources can be present, some
of which may lead to unsuccessful receptions, while others may lead to successful
receptions. The analysis, instead, assuming an homogeneous scenario, considers
all possible configurations of a given number of transmitters as identical and hence
leading to the same result.

A direct comparison between Figure 8.2 and Figure 8.3 shows that the perform-
ance improvement achievable by the proposed protocols with respect to the IEEE
802.11 super-g extension considerably increases in the symmetric scenario. The
same comparison reveals that the concentric topology provides, for the TAMPC and
the SAMPC schemes, an average throughput thatis almost doubled compared to the
case where the nodes are located at random positions. The strong impact of the to-
pology on the achievable performance becomes more evident when noting that the
results in Figure 8.2 and Figure 8.3 refer only to different topologies, since both net-
works are characterised by the same number of identical nodes, the same single-
node antenna characteristics, and the same code rate. Hence, one may conclude
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that the location of stations in the network plays a significant role in determining
the network performance.

8.6 CONCLUSIONS

This chapter outlined the design requirements for enabling multi-packet commu-
nication in [EEE 802.11 networks by using advanced antenna systems. Two novel
protocols where stations are capable of adapting their access procedure on the in-
stantaneous network conditions were proposed and their performance analysed.
The results proved that the developed schemes outperform the legacy IEEE
802.11 MAC layer with the super-g PHY layer extension. In particular, the SIR-based
access adopted by the SAMPC scheme can guarantee higher throughput and fair-
ness values than the threshold-based access adopted by the TAMPC protocol, at the
cost of an increased complexity. Furthermore, a comparison between the through-
put of the TAMPC scheme and that obtained from the theory has shown that the
selection of the load threshold has a significant impact on the final performance.
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CONCLUSIONS

This thesis considered the analysis and the design of high throughput wireless net-
works. Particularly, it was shown that the performance of a wireless network may
be increased by relying on cooperative communications and on advanced antenna
techniques. Such techniques, which benefit from adaptive strategies where the sta-
tions change their transmission policy according to the physical layer and network
characteristics, were shown to be an effective way to provide faster communic-
ations and to increase the number of simultaneous ongoing transmissions, ulti-
mately yielding a better performance.

Particularly, the thesis discussed the problem of identifying the performance
of a distributed channel coding technique, proposing a novel estimator that was
shown to be an accurate benchmark tool for comparing different coding schemes.
Such benchmark was also used for contriving practical physical layer cooperat-
ive schemes that are capable of approaching the limiting performance for a wide
range of channel conditions and transmission policies. The thesis also discussed
the analytic tools required for designing such schemes. Summarising, this work
confirmed and enriched results obtained by previous studies, evidencing that co-
operation may be an effective physical layer technique for increasing the decoding
performance at the destination in faded scenarios.

The promised performance increase at the physical layer motivated the use of
a cross-layer approach for designing medium access control procedures that be-
nefit from advanced distributed coding techniques for increasing the network per-
formance. This thesis discussed the design of cooperative medium access control
schemes that rely on efficient distributed encoders. Particularly, the thesis dis-
cussed the influence of the adaptive algorithm used by stations in the network for
identifying their transmission strategy, and it shown that a carefully designed ad-
aptive regime, which accounts for the benefit provided by the advanced physical
layer, provides a significant performance increase. Finally, the thesis investigated
the performance of cooperative adaptive systems at the MAC layer when stations
rely on imperfect channel estimates, which represents a more realistic scenario
compared to the idealised case of knowing the instantaneous channel conditions
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without errors. As a summary, this work shown that cooperation may be used also
at the MAC layer for providing an enhanced network behaviour, and characterised
the influence of using different encoding schemes on the network performance in
different network scenarios.

Finally, the thesis considered the design of access protocols for wireless net-
works where stations are equipped with multiple radiating elements. It was shown
thatan advanced antenna system may be used for increasing the number of ongoing
communications by reducing the interference produced by undesired sources and
ultimately increasing the network performance without sacrificing the backward
compatibility with legacy nodes that equip an omnidirectional antenna.

Future works may consider further enhancements to the design of cooperat-
ive MAC protocols. It would be of particular interest to develop schemes that fully
exploit the benefit offered by Markov frameworks for increasing the network per-
formance in scenarios where the information on other nodes is partial, corrupted or
delayed. It would be also of interest to study cooperative MAC schemes that rely on
advanced antenna systems at the PHY layer. Such schemes may reduce interference
between stations, allowing multiple nodes to cooperate without corrupting other
ongoing transmissions. Finally, it would be interesting to obtain further analytic
results for the performance of networks where stations rely on adaptive physical
layer techniques, including a mixture of cooperation and beamforming.
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