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ABSTRACT

Enabling Technologies for 5G and Beyond: Bridging the Gap between
Vision and Reality

Mohaned Chraiti, Ph.D.
Concordia University, 2019

It is common knowledge that the fifth generation (5G) of cellular networks will
come with drastic transformation in the cellular systems capabilities and will redefine
mobile services. 5G (and beyond) systems will be used for human interaction, in addi-
tion to person-to-machine and machine-to-machine communications, i.e., every-thing
is connected to every-thing. These features will open a whole line of new business op-
portunities and contribute to the development of the society in many different ways,
including developing and building smart cities, enhancing remote health care services,
to name a few. However, such services come with an unprecedented growth of mo-
bile traffic, which will lead to heavy challenges and requirements that have not been
experienced before. Indeed, the new generations of cellular systems are required to
support ultra-low latency services (less than one millisecond), and provide hundred
times more data rate and connectivity, all compared to previous generations such as
4G. Moreover, they are expected to be highly secure due to the sensitivity of the
transmitted information.

Researchers from both academia and industry have been concerting significant
efforts to develop new technologies that aim at enabling the new generation of cellular
systems (5G and beyond) to realize their potential. Much emphasis has been put on
finding new technologies that enhance the radio access network (RAN) capabilities
as RAN is considered to be the bottleneck of cellular networks. Striking a balance
between performance and cost has been at the center of the efforts that led to the
newly developed technologies, which include non-orthogonal multiple access (NOMA),
millimeter wave (mmWave) technology, self-organizing network (SON) and massive

multiple-input multiple-output (MIMO). Moreover, physical layer security (PLS) has

il



been praised for being a potential candidate for enforcing transmission security when
combined with cryptography techniques.

Although the main concepts of the aforementioned RAN key enabling technologies
have been well defined, there are discrepancies between their intended (i.e., vision)
performance and the achieved one. In fact, there is still much to do to bridge the
gap between what has been promised by such technologies in terms of performance
and what they might be able to achieve in real-life scenarios. This motivates us to
identify the main reasons behind the aforementioned gaps and try to find ways to
reduce such gaps. We first focus on NOMA where the main drawback of existing
solutions is related to their poor performance in terms of spectral efficiency and con-
nectivity. Another major drawback of existing NOMA solutions is that transmission
rate per user decreases slightly with the number of users, which is a serious issue
since future networks are expected to provide high connectivity. To this end, we de-
velop NOMA solutions that could provide three times the achievable rate of existing
solutions while maintaining a constant transmission rate per user regardless of the
number of connected users.

We then investigate the challenges facing mmWave transmissions. It has been
demonstrated that such technology is highly sensitive to blockage, which limits its
range of communication. To overcome this obstacle, we develop a beam-codebook
based analog beam-steering scheme that achieves near maximum beamforming gain
performance. The proposed technique has been tested and verified by real-life mea-
surements performed at Bell Labs.

Another line of research pursued in this thesis is investigating challenges pertain-
ing to SON. It is known that radio access network self-planning is the most complex
and sensitive task due to its impact on the cost of network deployment, etc., capital
expenditure (CAPEX). To tackle this issue, we propose a comprehensive self-planning
solution that provides all the planning parameters at once while guaranteeing that the
system is optimally planned. The proposed scheme is compared to existing solutions
and its superiority is demonstrated. We finally consider the communication secrecy
problem and investigated the potential of employing PLS. Most of the existing PLS
schemes are based on unrealistic assumptions, most notably is the assumption of hav-
ing full knowledge about the whereabouts of the eavesdroppers. To solve this problem,

we introduce a radically novel nonlinear precoding technique and a coding strategy

v



that together allow to establish secure communication without any knowledge about
the eavesdroppers. Moreover, we prove that it is possible to secure communications
while achieving near transmitter-receiver channel capacity (the maximum theoretical

rate).
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Chapter 1

Introduction

1.1 New Era of Cellular Systems

The wireless industry stakeholders, including service providers, wireless technology
developers, and even governments, have been racing to take the lead in developing
and deploying the next generation of cellular networks, namely, the fifth generation
(5G) and beyond [1-3]. This race has been driven by the belief that the new cellular
generation represents a major transformation in the type, diversity and quality of
services that will be made available for customers. This will give rise to significant
opportunities that will lead to revolutionizing many facets of our lives, including
building smarter cities, reducing energy consumption and hence pollution, solving
traffic problems, improving health services through remote access, to name a few.

Although the 5G network architecture specifics are still being defined, multiple
5G mobile services (i.e., remote cars, machine-to-machine communications) and de-
vices (e.g., internet-of-things devices) are already been deployed [4], [5]. These 5G
anticipated services come with heavy requirements in terms of transmission rates,
reliability, and latency [6-8].

The services, that 5G networks are expected to provide, have been defined to a



large extent. With the emergence of mobile internet and Internet of Things (IoT) ,
the 5G and beyond systems will not only be used for human interaction [9], [10]. They
will increasingly become the primary means of network access for person-to-person,
person-to-machine and machine-to-machine (M2M) connectivity. In this use case,
connectivity is the major concern. Some other 5G use cases are delay sensitive such
as the case of vehicle-to-vehicle (V2V) communications. Many other data-intensive
mobiles services, both consumer-oriented and business-to-business, are also on the
verge of emerging. Examples include virtual/augmented reality and 3D ultra-HD
video haptic feedback applications. Therefore, 5G has to be designed to enable very
diverse use cases that have highly different requirements.

The performance criteria and requirements of 5G networks that are needed to
achieve all the anticipated services have also been well defined. It has been deter-
mined that 5G networks should be able to support a hundred times higher data rate
(ultra-high rate), a latency of less than one ms (ultra-low latency) across the radio
access link, a hundred times more connections (ultra-connectivity) and three orders
of magnitude lower energy consumption as compared to 4G systems [6-8]. Moreover,
some 5G services and their diverse requirements (e.g., transmitting short data with
ultra-low latency requirements) render the suitability of the security mechanisms,
used in previous generations, questionable for 5G [11]. To provide security for such
applications in an efficient way, the cellular systems security mechanism should be
revised, which is being considered as a pivotal issue in developing the standards of
the new generation.

Meeting the service providers’ and consumers’ expectations requires that cellu-
lar systems undergo radical transformations especially at the radio access network
(RAN), as it has been identified as the cellular network bottleneck [7], [8]. Such

transformation should not be limited to enhancing the base stations (BSs) and the



users devices capabilities (e.g, latency, transmission rate), but should also englobe the
way that the RAN equipments are deployed (i.e., the RAN architecture), which will
have a big impact on enhancing the overall system capacity and reducing its cost. For
these reasons, there is ongoing work in multiple directions, and a set of key-enabling
technologies have been concluded. In fact, to enhance the connectivity and reduce
latency, non-orthogonal multiple-access (NOMA) has been developed [12], [13]. To
overcome the bandwidth shortage, millimeter wave (mmWave) communications has
been suggested [14-16]. Moreover, self-organizing network (SON) technology is pro-
posed as a promising approach to address the RAN cost issue through optimizing the
use of radio equipment (e.g., BSs, antennas). SON will contribute to enhancing the
quality of experience at an affordable service cost [17-21]. In addition, Physical-Layer
Security (PLS) has been proposed as a potential technique that could reinforce secu-
rity [22]. Another key enabling technology is massive multiple-input multiple-output
(MIMO), which brings all the benefits of MIMO with added gains in terms of diversity
and multiplexing.

Despite the fact that the main concepts of each of these proposed technologies
are well defined, there is a huge discrepancy between the achieved performance and
the minimum intended one that is necessary to enable the 5G. For instance, 5G and
beyond systems are expected to handle thousand more devices as compared to 4G. As
a remedy, NOMA has been investigated. However, it turn out that current versions
of NOMA, that are available in the literature, could at maximum double or triple the
number of connected devices [23]. Otherwise, the transmission rate per user decreases
considerably which could cause communications interruption. It is to admit that other
options are available such as using mmWave technology that provide large bandwidth
and hence high connectivity. However, they come with multiple disadvantages in

terms of cost and reliability and hence are deemed not preferable solutions.



During the PhD work, we aim to reduce the gap to the expected performance
from each of the RAN enabling technologies, i.e., bridging gaps between vision and
reality. We propose several innovative solutions pertaining to a number of those
technologies, that includes NOMA, mmWave, SON and PLS (massive MIMO is not
considered in this dissertation and it is the subject of future investigations.) The
results show a significant enhancement as compared to what has been published
so far on these subjects. For instance, considering the same problems related to
NOMA that is described above, we provide a novel NOMA technique that keeps the
transmission rate per user almost constant as the number of uses increases which is
counter intuitive and is contrary to what is believed so far, i.e., the transmission per
rate decrease almost linearly with the number of users. This is significant results, since
it suggests that the technique allows to handle with the large number of connected
devices without sacrificing too much in the transmission rate. In the next section, we
provide a brief description of the RAN’ enabling technologies and brief summary of

our contributions.

1.2 Overview of RAN Enabling Technologies

NOMA, mmWave, SON and PLS are deemed to be necessary and complementary due
to the diversity of the anticipated services. One may not need all those technologies for
all the anticipated services as one technology may be central for certain services, but
not for other services. For instance, for ultra-reliable and low latency communications
(URLLC), there is a security issue (the transmitted information is of a very small size)
in addition to connectivity and reliability problems. In this case, mmWave is not a
good choice because mmWave links are not highly reliable. Meanwhile, mmWave is a
good option to handle enhanced Mobile Broad Band (eMBB) services in which high

transmission rate is required and moderate reliability is acceptable. In the following,



we introduce each of the key enabling technologies of interest and provide their roles

in enabling 5G and beyond systems.

1.2.1 Non-Orthogonal Multiple Access

Multiple access techniques specify how the radio resources (e.g., spectral resource,
time, code, power) are shared among users. The design of a suitable multiple access
technique is one of the most important aspects and enablers for improving the ca-
pacity of cellular systems. In fact, multiple access has been a major distinguishing
factor among different cellular systems. For example, 3G (the third generation of
cellular systems) is based on code division multiple access (CDMA), whereas, in 4G
(the fourth generation), orthogonal frequency division multiple access (OFDMA) was
adopted.

The evolution from one generation to the next has primarily been motivated by the
continuous increase in mobile traffic, the number of connected mobile devices and the
emergences of new mobile services, while the spectral resources (and radio resources
in general) remain somewhat limited. Each generation comes with the development of
suitable multiple access techniques that exploit efficiently and adequately the avail-
able radio resources according to the requirements of mobile services. The recent
emergence of new industry verticals (IoT, pervasive computing, machine-to-machine,
tactile internet, etc.) presented new heavy requirements for 5G and beyond systems in
terms of transmission rate, latency, connectivity and diversity of services [6,7]. Con-
sequently, it is imperative to develop novel spectrally efficient and flexible multiple
access techniques to enable the new generation of cellular systems [12,13].

Until recently, supporting multiuser communication (i.e., multiple mobile termi-
nals) has been achieved through using orthogonal multiple access (OMA) techniques.

Such techniques allocate the available resources, in an orthogonal fashion in time



(e.g. time division multiple access (TDMA)), frequency (e.g., OFDMA), code (e.g.,
CDMA) and/or space using MIMO technologies. It is reasonable to use OMA tech-
niques to establish interference-free communications with multiple users and hence to
provide a good performance in terms of communication reliability. However, owing
to the fact that resources are limited, OMA may provide a limited number of con-
nections. As such, relying only on OMA may not be sufficient to support massive
connectivity. Moreover, it is not flexible enough to accommodate in an efficient man-
ner the diverse anticipated 5G mobile services [12,13]. In fact, resources are normally
allocated, as per existing standards such as 4G, by blocks of a fixed size. Since it is
not possible to divide a resource block into smaller parts, users also have to wait for
their turn to have access. This poses a major challenge to delay-sensitive applications
such as virtual reality and augmented reality. Besides, allocating reassure blocks to
users with delay constraints or with low rate requirements (e.g., sensor nodes) could

1 To elaborate, let us consider the case of a sensor

lead to low spectral efficiencies.
node that aims to transmit real-time information with a low rate over a channel char-
acterized by a high capacity. On one hand, since the information is delay-sensitive,
the BS has to allocate resources to the sensor. On the other hand, since the resources
are allocated by blocks (e.g., OFDMA), only a part of the resource block is utilized
and doping bits are used to fill the remaining part of the resource block, which cannot
be assigned to other users. Motivated by this challenge, novel techniques need to be

developed to augment existing OMA techniques to provide more flexible solutions

suitable for 5G and beyond systems.

!The spectral efficiency is used to characterize the number of info information bits delivered per
second per Hz, whereas the channel capacity denotes the maximum possible reliable rate that a
system can support. A system with high channel capacity does not always lead to a high spectral
efficiency. However, the spectral efficiency should be less than the channel capacity. Otherwise, from
channel coding theory, reliable communications is not possible.



In an effort to overcome challenges facing OMA, much work has been done re-
cently to come up with more flexible multiple access techniques suitable for 5G. To
this end, NOMA has been introduced [24-26], where employing NOMA in conjunc-
tion with OMA leads to enhancing the number of served users per radio resource
element. The basic idea of NOMA is to share the same time-frequency-code-space
resource among multiple users. With this feature, NOMA opens up the possibility
of providing ultra-high connectivity. In addition, multiple users with different service
types and transmission rate can be multiplexed and transmitted concurrently, which
effectively reduces latency and enhances the spectral efficiency. NOMA is also able
to enhance fairness without sacrificing much on the spectral efficiency. Owing to its
advantages, NOMA has been considered as a key technology for 5G. Moreover, a
downlink version of NOMA, namely, multiuser superposition transmission (MUST),
has been proposed for the third generation partnership project long-term evolution
(3GPP LTE) networks [27].

Several NOMA schemes have recently been proposed [23-34], where the key idea
is to explore the power domain to realize multiple access. Specifically, different users
are allocated different power levels according to their channel state information (CSI)
that is assumed to be available at the BS. Then, their signals are transmitted si-
multaneously over the same resource elements. To handle interference and sperate
concurrent signals at the receiver side, successive interference cancellation (SIC) is
normally adopted.? The NOMA concept has been deemed to be very promising to
enable the 5G RAN as it has great potential for enhancing the connectivity and spec-
tral efficiency, and for supporting a wide range of the services. However, NOMA,

as a technology, has not matured yet, and this is evident from the surge in research

2SIC consists of decoding first the signal with the strongest power while considering the remain-
ing signals as noise. Then, the receiver removes the contributions of the decoded signal from the
originally received one. The receiver considers again the strongest signal among the non-decoded
ones and proceeds similarly. This process continues up to decoding all the signals of interest.



activities we have been witnessing over the past few years.

1.2.2 MmWave Communications

Despite the research efforts to develop spectrally efficient wireless technologies such
as NOMA, the wireless industry will have to deal with the overwhelming service
demands in serving large numbers of users. The currently used bandwidth is scarce
and hence it is not possible to serve a large number of users with high transmission
rate and high quality of service. To overcome the bandwidth shortage, the wireless
industry is moving towards using a high frequency band, namely, 6-300 GHz, which
is referred to as millimeter wave (mmWave) frequencies [14-16]. This frequency band
constitutes a substantial portion of the unused frequency spectrum and offers a large
additional bandwidth, which is ten times more than the currently used bandwidth.
MmWave is deemed an essential key enabling technology for 5G as it is aligned
with the anticipated services and architecture of 5G. In fact, by increasing the band-
width, the data rates are greatly increased, while the latency for digital traffic is
greatly decreased, thus providing better support for eMBB and ultra-low latency
applications. Furthermore, due to the smaller wavelength, large mmWave antenna
arrays can be integrated into small form factors and hence mmWave transmissions
may exploit polarization and new spatial processing techniques, such as MIMO and
adaptive beamforming [35]. In addition, given this significant jump in bandwidth and
new capabilities offered by mmWave, the wireless backhaul links will be able to handle
much greater capacity than today’s 4G networks. Also, it is anticipated that opera-
tors continue to reduce cell coverage areas to exploit spatial reuse, and implement new
cooperative architectures such as cooperative MIMO, relays, and interference mitiga-
tion between BSs, the cost per BS will drop as they become more plentiful and more

densely distributed in urban areas, making wireless backhaul essential for flexibility,



quick deployment, and reduced ongoing operating costs. Moreover, as opposed to the
disjointed spectrum employed by many cellular operators today, where the coverage
distances of cell sites vary widely in the current exploited frequencies range, i.e., be-
tween 700 MHz and 2.6 GHz, the mmWave spectrum will have spectral allocations
that are relatively much closer together, making the propagation characteristics of
different mm-wave bands much more comparable and homogenous. Finally, a com-
mon myth in the wireless engineering community is that mmWave communications
provides small coverage. However, when one considers the fact that today’s and antic-
ipated 5G cell sizes in urban environments are on the order of 200 meters, it becomes
clear that mmWave cellular is compatible with the architecture vision of the 5G and

beyond systems.

1.2.3 Self-Organizing RAN Architecture

To reduce the CAPEX and OPEX| the wireless industry is moving, respectively,
towards developing flexible RAN that adapts dynamically to the services demand (i.e.,
on demand resource provisioning) and self-oriented architecture that automatically
adjust itself with minimum human intervention (i.e., zero-touch network). To achieve
this vision, a first step has already been taken in this direction by the 3GPP and
the Next Generation Mobile Networks (NGMN) Alliance in which they introduced
the concept of SON [17], [18-21]. SON is a technology designed to automate the
planning, configuration, management, and healing of cellular networks. The concept
received attention from the telecommunication leaders such as NOKIA and Ericsson.
It is anticipated to be worth 5.5% Billion by 2022 and to be the key enabling solution
for low cost and high capacity 5G systems [36].

Until recently, the notion of SON has been limited to automating the task of

adjusting the BSs’ basic parameters (e.g., coverage, transmit power). This clearly



offers an OPEX reduction by decreasing the level of human intervention. However,
it reduces CAPEX only to some extent, owing to the rigidity of the current cellular
system physical architecture as it is not flexible enough to accommodate the concept
of “on demand resource provisioning.” This is intuitive since it is not possible to
dynamically adjust the physical architecture to immediately respond to changing
service demands. To elaborate, consider the practical case of two different zones with
different peak traffic hours. As the zones are distinct, the BSs in one zone cannot be
reused to carry the traffic of the other zone. Hence, the network in each zone may
be designed /provisioned based on the peak traffic to meet certain QoS requirements.
In this case, the network in each zone is over provisioned during regular hours, which
implies a non-justified high CAPEX. Another example is the case of [oT devices that
usually need to periodically connect to a cellular network in which case designing a
system to provide full-time connection for these devices is clearly a waste of resources.
The variation of traffic over time and space is more pronounced during special events.
Provisioning a high capacity cellular network everywhere to carry such traffic is clearly
ridiculously expensive since it is not needed after the event. To be able to optimize the
use of the network elements (that is, on demand resource provisioning) and save on
CAPEX, the physical architecture of a network ought to be more flexible. A solution
currently adopted by operators, during special events, consists of placing temporary
BSs mounted on mobile platforms (such as vehicles) near events. However, such
solution is not well developed and is not yet automated. It is simply limited to
placing a BS near an event place.

Motivated by this, several works proposed to further develop the concept of in-
corporating network mobile BSs such as unmanned aerial vehicle (UAV) into the
existing cellular infrastructure to provide smart and flexible architectures that are

able to adapt dynamically to traffic demand [37-39]. Mobility opens the door for the
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possibility of reusing the network elements. Replacing not-fully-utilized static BSs
with mobile BSs could reduce CAPEX considerably, as they can be relocated from
one zone to another, depending on immediate needs. This proposition removes also
the need for additional towers and cables when a BS is only needed temporary.

In terms of standardization, a study item on enhanced long-term evolution (LTE)
support for connected UAVs was started in Release 15, by 3GPP in March 2017 [40],
and completed in December 2017, with LTE UAV-BS field test results documented
and analyzed [41] for sub-6GHz bands. Both academia and industry have demon-
strated prototype designs [42], field test results, and UAV-BS capable cellular network
designs. For example, Google Loon project enabled emergency LTE service recovery
to Puerto Rico after the Hurricane Maria disaster in 2017. Moreover, Qualcomm
and AT&T test UAV-BSs on commercial LTE networks for accelerating wide-scale
deployment. Verizon has been testing a 200-pound gas-powered drone in New Jersey
for providing a 4G LTE signal throughout a one-mile range. They developed UAV-
BS prototypes and made field trials for mobile communication purposes in 4G LTE

bands.

1.2.4 Physical-Layer Security

One may think that achieving the objective of 5G is confined to provide super-speed,
low-latency and high connectivity systems. However, there are other hidden require-
ments, yet necessary, for an appropriate operation of the system. This includes com-
munications secrecy [11]. In fact, the new generation of cellular networks is expected
to transform every aspect of humans’ activities, play an integral role in the infras-
tructure and vertical industries, and enable pervasive mobile computing, e-commerce,
multimedia communications, health monitoring, and others. These technologies are

often used to transport sensitive information. As our dependence on this rapidly
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expanding wireless ecosystem increases, we are increasingly challenged with serious
threats related to privacy, data confidentiality, and critical system availability. There-
fore, providing secure next generation radio interface is indispensable. However, mul-
tiple studies showed that providing security for the new generation is very challenging
for two main reasons.

First, a substantial number of these threats is attributed to the broadcast nature of
the wireless medium, which exposes data transmission to attacks. Attackers normally
look for the weakest point in the chain. Using the wireless medium, unauthorized par-
ties can easily eavesdrop on over-the-air packet transmissions. Eavesdropped packets
can be analyzed to gather critical information about a user, including their associ-
ation and identity [43], their whereabouts and movements [44-48], their well-being
(inference of medical conditions by detecting electronic medical aids), and their pref-
erences (consumer, political, religious, and social). Unfortunately, commonly used
cryptographic mechanisms fail to provide adequate security and privacy for wireless
systems. Although encryption can be applied to the payloads of various protocol lay-
ers, the Physical header and certain fields in the Medium Access Control header must
still be transmitted in the clear to ensure correct protocol operation. For this reason,
the Office of the Privacy Commissioner of Canada reported that wireless communica-
tions today is the weakest point in a communication chain and is a serious potential
target for cyber-crimes [49]. It was indicated in several reports that the use of mobile
phones poses a serious threat for the Government of Canada, for the privacy of Cana-
dian citizens, as well as for the Canadian economy. For instance, mobile payments
using Near Field Communication transactions, which is in becoming very popular in
Canada, is reported to lack security [50]. Indeed, cryptographic mechanisms fall short
to provide secure communications and the only security guarantee is the proximity

of the communicating devices [50]. We stress here that this solution, which lacks any
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security, is provided by Visa and other companies.

Second, while LTE (i.e., 4G) was designed primarily to support the mobile broad-
band use case (i.e., broadband access to the Internet), next generation systems target
servicing a variety of additional use cases with a variety of specific requirements,
and this aggravates the secrecy concerns. For example, 5G/6G systems are expected
to provide ultra-low latency, low reliability (ULLRC) services where very short bit-
sequences are transmitted and must be instantaneously decoded. Meanwhile, it is
common knowledge that encrypted short bit sequences are easy to decipher. More-
over, 5G/6G systems are expected to enable communications in a decentralized fash-
ion such as device-to-device communications and machine-to-machine communica-
tions where having a priori shared secret key may not be possible. Furthermore,
a few of the 5G devices (e.g., IoT) are expected to have limited capacity in terms
of computational power and battery. This makes IoT devices unable to support a
sophisticated encryption and decryption mechanisms.

Cryptography mechanisms have been in place for many years now as a first line
of defense against many forms of security threats. However, according to the wireless
communications leaders such as NOKIA, the existing security techniques are not
suitable to meet the requirement of next generation systems in terms of latency (due to
key establishment mechanism), spectrum efficiency (due to overhead), and cost (due
the energy consumption and computational capability) [22]. Meanwhile, physical-
layer security (PLS) has been identified as a potential candidate to add another layer
of security that aims at reinforcing security for next generation systems [22]. This
approach safeguards data confidentiality by exploiting the intrinsic randomness of the
wireless medium. PLS takes advantage of the interference phenomena that govern
the wireless medium to secure communications. In addition, PLS offers the advantage

of providing secrecy independent of how powerful the eavesdroppers can be in terms
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of computational capability [51], [52]. Moreover, PLS is implemented using signal
processing and communication theory and hence does not require high computational
capability. Furthermore, it does not require key exchange, which reduces the overhead
and provides low latency. This makes PLS a promising approach to reinforce security

and meet next generation requirements.

1.3 Contributions

Despite the fact that the main concept of each of the above-mentioned enabling tech-
nologies has been well defined, there has been a discrepancy between the performance
that those technologies offer in theory and the one that is needed to enable 5G and
beyond networks. This motivates us to find ways to reduce the gap between the
envisioned performance and the achievable one. Our contributions span the four en-
abling technologies described above, namely, NOMA, mmWave, SON and PLS. For
each of these technologies, we identify the main challenges and then propose suit-
able solutions. We show how the proposed solutions contribute to enhancing the
RAN capabilities in terms of spectral efficiency, connectivity, transmission rate, cost
and security. In this section, we summarize the contributions made in each enabling

technology.

1.3.1 Enhancing the Spectral Efficiency and Connectivity

One of the major thrusts of this thesis is the development of spectrally efficient
techniques that are based on the NOMA concept. Recall that enhancing the spectral
efficiency helps to increase the connectivity and/or transmission rate per user. Several
works have been published in this subject. However, the existing solutions give rise

to interference, which normally increases with the number of connected users. This
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explains the modest gain achieved by the existing NOMA techniques, which has
been shown to be approximately 20% more than the one achieved by conventional
OMA techniques [23]. Moreover, existing NOMA schemes are able to double or
triple the number of connected devices, which is insufficient to handle the expected
massive number of connected devices. In fact, the transmission rate per user decreases
linearly with the number of users. As the number of users becomes high, the links
to the users will be dominated by interference, which renders their connectivity with
the transmitter impossible.

In addition, the performance of existing NOMA solutions greatly depend on the
performance of the adopted power allocation technique at the transmitter as well
as on the interference management technique adopted at the receiver. For a proper
operation of these techniques, the CSI is required to be available at the transmitter.
Feeding back the CSI, however, is a heavy requirement that is undesired from a
practical point of view. This represents another major drawback of existing NOMA
techniques.

In light of the above, we propose a spectrally-efficient NOMA technique that
achieves a considerable transmission rate gain, which could reach more than three
times the rate achieved by existing NOMA techniques [53-55]. A more significant
achievement is that the effective transmission rate per user is almost constant as the
number of users increases. This proves that the proposed technique is promising to
significantly enhance the connectivity at almost no cost in terms of the transmission
rate per user. This makes the proposed technique suitable for 5G as it is expected to
provide massive connectivity. Another advantage is that the proposed approach does
not require the availability of the CSI at the transmitter. The essence of the proposed
approach is to exploit the similarity among users’ short bits sequences (e.g., 24-bit

length) that is highly probable even if the entire users’ bit streams are completely
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independent. The number of similar sequences increases as the number of users
increases, which explains the stability of the transmission rate per user against the
variation of the number of users. To the best of our knowledge, this work is the first
that exploits possible overlapping among short bit sequences belonging to users with
independent bit streams. Moreover, it is the first that offers a transmission rate per
user that is stable against any increase in the number of users. In addition to its
outstanding performance, the proposed technique is simply based on a comparison
between users’ short bit sequences at the base station. It is simple to implement and
has low complexity (P-problem), which makes it suitable for industry. The work done

in this subject has been published in three journal papers [53-55].

1.3.2 Enhancing the mmWave Communications Range

Although NOMA could enhance the spectral efficiency and connectivity through a
smart use of the available spectral resources, the currently used bandwidth is scarce
and hence it is not possible to serve a large number of users with high transmission
rate and high quality of experience. The mmWave technology is considered to be a
key solution to overcoming the bandwidth shortage [14-16]. MmWave transmissions,
however, are limited by the physical properties of the channel, which has been shown
to be very sensitive to blockage (e.g., human body can cause up to 40dB of power
loss) [14]. One may overcome this challenge by combining mmWave and MIMO for es-
tablishing and maintaining robust mmWave communication links [15]. Furthermore,
MIMO is well suited for mmWave where large antenna arrays can be integrated into
small form factors due to the corresponding small wavelengths [35].

MIMO beamforming can be done in the digital and analog domains. However,
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both approaches are hindered by several constraints when it comes to mmWave trans-
missions. In fact, there are multiple challenges that prevent from performing fully dig-
ital beamforming, including the high cost of the radio frequency (RF) chains and their
high-power consumption [56-64]. As such, a mmWave mobile device is expected to
be equipped with an antenna array of large size while having fewer RF chains. Hence,
beams will be partially or fully designed in the analog domain through the configu-
ration of phase-shifters. Existing works on mmWave analog beam design either rely
on the knowledge of the CSI per antenna within the array, require large search time
(e.g., exhaustive search techniques) or do not guarantee a minimum beamforming
gain (e.g., codebook based beamforming techniques).

In this thesis, we propose a beam design technique that does not require CSI at
the transmitter while guaranteeing a minimum beamforming gain [65]. The key idea
involves using measurements that are collected from previously connected users to
predict the beam designs for future connected users. In fact, the measurements are
used to build a beamforming codebook that regroups (i.e, clusters) the most probable
beam designs containing dominant signals. We invoke Bayesian machine learning for
measurements clustering. We conduct a real-world experiment to build the codebook
and to validate its performance. The results demonstrate the efficacy the proposed
technique and show a reduction in the training time by a factor of more than 20 as
compared to exhaustive search. This is obtained while achieving a minimum targeted

beamforming gain. The work done in this subject lead to one journal paper [65].

1.3.3 Optimizing RAN Architectures

While developing 5G, the focus has been on breakthrough technologies that could
enhance the BS and users capabilities, such as mmWave, massive MIMO, among

others. However, such solutions are deemed to be expensive. Therefore, the SON
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concept has been developed to enable smart architectures that optimize the use of
the network elements and automate their operation to address high CAPEX and
OPEX issues.

Among the SON utilities, unsupervised RAN planning has received special inten-
tion, since it decides on the required radio resources and the equipment to deploy,
which directly affects CAPEX. Motivated by the above, we aim in this work to develop
an unsupervised planning process that provides the essential planning parameters of
cellular networks, including the minimum number of required BSs, their positions,
coverage, and antenna radiation patterns, while taking into consideration the inter-
cell interference and satisfying capacity, coverage and transmit power constraints [66].
This optimization problem is obviously complex and non-scalable. Moreover, most of
the existing unsupervised cellular planning techniques solve a part of the aforemen-
tioned planning process (e.g., users’ association) while considering assumptions that
may require human intervention (e.g., known number of BSs). We make use of the
statistical machine learning (SML) theory to solve the problem at hand. The core
idea of SML is that the planning parameters are treated as random variables. The pa-
rameters that maximize the corresponding joint probability distribution, conditioned
on observations of users’ positions, are learned or inferred using Gibbs sampling the-
ory and Bayes’ theory. The inference process involves linking the observations and
the planning parameters through a probabilistic model (i.e., problem formulation)
which yields a Dirichlet process. Through several numerical examples, we compare
the performance of the proposed approach to two existing main planning approaches,
including the k-mean based approach, and demonstrate the efficacy of our approach.
We also demonstrate how our approach can leverage existing cellular infrastructures
into the new design. The research findings in this thrust have been published in a

journal paper [66].
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1.3.4 Enhancing Communications Secrecy

Communication secrecy is one of the main challenges of 5G and beyond systems.
Meanwhile, PLS has gained interest from the research community to reinforce com-
munications secrecy for 5G and beyond [22]. Despite the ample theoretical foundation
of PLS, the transition to practical implementation still lacks success due to the un-
realistic assumptions that are normally made. For instance, most of the methods
proposed in the literature failed to provide fully secure communications, i.e., trans-
mit messages completely confidential, considering the practical scenario in which the
CSI of the eavesdropper is completely unknown to the transmitter. Existing PLS
solutions are also power inefficient, given that they have to dedicate a considerable
part of the transmit power to jam eavesdroppers to achieve secure communications.

In this thesis, we develop a radically novel nonlinear precoding technique and a
coding strategy that together allow to fully secure communications in the presence
of an unknown Eve [67], [68]. We prove that it is possible to secure communications
while achieving near Alice-Bob channel capacity. This suggests that there is no power
wasted to jam the eavesdropper and hence full energy is dedicated to send the signal
of interest as in the case when there is no eavesdropper. Such results are of great
importance and could be a big leap toward adopting PLS in the next generation

systems. The work done in this subject resulted in two journal papers [67], [68].

1.4 Thesis Outline

The rest of the thesis is organized as follows. Chapter 2 discusses in detail the NOMA
technology and its main challenges while providing a thorough review of the state-
of-the-art. Moreover, we describe the developed solutions and their performance.

Chapter 3 investigates the mmWave technology in terms of the robustness of the
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link. We also present the proposed solution in this chapter. Chapter 4 targets self-
planning problem and presents machine learning-based solutions that provide in an
unsupervised manner the key planning parameters. Chapter 5 studies security issues
in 5G/6G systems and proposes PLS solutions. Finally, Chapter 6 concludes the
thesis and highlights potential research problems for future consideration.

Notations which are used throughout the thesis are independent from one chapter
to another. Hence, some symbols may appear in different chapters and serve different

purposes.
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Chapter 2

A NOMA Scheme Exploiting
Partial Similarity Among Users Bit

Sequences

NOMA has been proposed as an alternative to OMA in an effort to enhance the
spectral efficiency of 5G cellular systems. However, the throughput gains achieved by
NOMA relative to that of OMA have been shown to be modest. Furthermore, the
connectivity improvements resulting from employing NOMA has been shown to be
twice or three times that of OMA, and this comes at the expense of a linear decrease
in the transmission rate per user as the number of users increases. Therefore, existing
NOMA schemes are not aligned with the vision of having thousands more devices as
compared to 4G.

In this chapter, we propose a novel NOMA scheme that exploits the partial overlap
(i.e., similarity) among users’ bit sequences. The performance of the proposed scheme
is analyzed in terms of the overall throughput. We show that throughput gains of up

to three times that of existing OMA schemes can be achieved. Moreover, we show that

9The work done in this chapter leads to three IEEE published journals [53-55].
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the average rate per user decreases slightly as the number of users increases, whereas
it linearly decreases with the number of users in existing NOMA schemes. We stress
here that the proposed scheme completely differs from existing NOMA schemes as the
latter schemes are based on power allocation at the BS where successive interference
SIC is normally used. The implication of this is that the proposed scheme provides
substantial throughput gains without causing interference among users and without

adopting a specific power allocation at the BS.

2.1 Introduction

The amount of traffic and number of connected devices have increased exponentially
and this increase is expected to continue, possibly at a faster rate especially with
the emergence of IoT, while the resources remain somewhat limited. In this case,
allocating different time-frequency-code-space resource to different users (i.e., orthog-
onal multiple access) clearly provides low connectivity and dramatically decreases
the transmission rate per user. For this reason, it is of particular interest to de-
velop spectrally efficient techniques that would enhance the transmission rate and
connectivity without any additional resources. NOMA that has been considered a
suitable technology that has the ability to improve the spectral efficiency and connec-
tivity. The idea of NOMA centers around communicating simultaneously with differ-
ent users over the same time-frequency-code-space resource. Until recently, multiuser
communication has been enabled through using OMA techniques. Such techniques
allocate the available resources in an orthogonal fashion in time, frequency, code
and/or space using MIMO technologies. It is reasonable to use OMA techniques to
establish interference-free communication with multiple users. However, much more
spectrally efficient multiple access techniques are needed to meet the requirements of

5G networks [12,13].
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With the above motivation, the notion of NOMA has been recently introduced as
an alternative to OMA [23-34]. The basic idea of NOMA is to share the same time-
frequency-code-space resource among multiple users. With this feature, NOMA opens
up the possibility of providing ultra-high connectivity. In addition, multiple users with
different types of traffic and channel qualities can be multiplexed and transmitted
concurrently on the same resource, which effectively reduces latency and enhances
the throughput (i.e., spectral efficiency). Owing to its advantages, NOMA has been
considered as a key enabling technology for 5G. Moreover, a downlink version of
NOMA, namely, multiuser superposition transmission (MUST), has been proposed for
the third generation partnership project long-term evolution (3GPP LTE) networks
27].

Several NOMA schemes have been recently proposed [23-34|, where the key idea
is to explore the power domain to realize multiple access. Specifically, power is judi-
ciously allocated among users according to their CSI that is assumed to be available
at the BS, and this could be in the form of instantaneous CSI and/or statistical CSI
(large scale fading or effective distance from the BS). Then, successive interference
cancellation is used to separate signals at the receiver side. Considering a multiple-
user NOMA downlink channel, i.e., one BS serving multiple users, it is shown that
NOMA outperforms OMA in terms of the achievable rate [23], [28], [29] and can
provide better user fairness [30].

Exiting NOMA schemes are primarily based on power allocation at the BS and
using SIC at the receiver to separate signals. This approach is widely studied in
the literature [23-34], but the throughput gain has been shown to be modest. For
instance, as demonstrated in [23], the NOMA throughput gain barely reaches 120% of
that of OMA (see Figs. 4 and 9 in [23]). Moreover, the gain vanishes when the users

channel gains are somewhat similar. Thus, to considerably enhance the throughput,
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it is imperative to develop novel approaches that do not rely on power allocation and
SIC in order to achieve meaningful throughput gains.

Other efforts have been made to enhance the spectrum efficiency, which involved
exploiting redundancy in the users messages (i.e., source coding) to remove any cor-
relation among users messages. For instance, the authors of [69] proposed a scheme
for 5G whereby the similarity between the signaling messages of the users located in
the same area is exploited. The signaling messages are compressed based on their
correlations which is shown to be efficient to reduce the transmitted signaling rate.
However, source coding is usually performed prior to doing resource assignment using
the adopted multiple access technique to avoid redundancy. The users bit sequences,
prior to applying the adopted multiple access technique, are independent. Therefore,
allocating resources based on the correlation among users entire messages does not
bring any enhancement in terms of throughput.

In practice, resources are allocated in time and/or frequency in which bit sequences
of short length are sent during a transmission time interval (TTI). Moreover, it is
anticipated that 5G systems support short T'TI in order to provide low latency [70-72].
By considering bit sequences (bit blocks) of short lengths, there would exist users that
would have overlapping bit blocks (partial overlap) even if their entire messages are
completely independent. Harnessing such partial overlap has not been exploited in
the literature, and this is the core idea of this work. That is, we intend to exploit the
partial overlap among users bit sequences to enhance the overall system throughput.
Obviously, the probability of having multiple similar bit blocks among different users
increases when there is a massive number of users connected to a BS, which is the
case for systems such as 5G.

Specifically, we exploit the possibility of having an overlap among users bit blocks

with short length to develop a NOMA scheme that offers significant throughput gains
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on the downlink channel. The essence of the proposed scheme is that common bit
blocks are transmitted once, i.e., not repeated for the users who share this overlap.
In this case, one user gets the entire resource, similar what is done in OMA, while
the remaining users recover the common blocks from this transmission, which leads
to improvements in the throughput without interference.!

There are clearly a number of factors that affect the throughput gains, namely,
the amount of targeted overlap and the number of users. When the targeted overlap
is small, it is more likely to have a larger number of users who share this overlap. The
converse is true, that is, if the targeted overlap is large, there will be fewer users with
this overlap, leading to a trade-off between these two parameters. We emphasize here
that the users bit sequences are assumed to be completely independent, and we do
not employ any form of power allocation at the transmitter. Furthermore, users do
not experience any interference as a result of this overlap exploitation. We analyze
the proposed scheme with respect to those parameters and show that considerable
throughput gains can be achieved with reasonable numbers of users. The gains can
be up to three times that achieved by existing OMA schemes. To the best of our
knowledge, this work is the first that exploits possible overlapping among short bit
sequences belonging to users with independent bit streams.

The rest of the chapter is organized as follows. In Section 2.2, the system model
and preliminaries are provided. In Sections 2.3 and 2.4, we present the proposed
scheme and its analysis while considering the particular case in which all users have
similar channel gains. We extend the proposed technique to the case when users have

different channel gains in Section 2.5. Simulation results are given in Section 2.6. We

Tt is to note that the proposed approach does not raise security issues as one may think. In fact,
the overlapping bit blocks are already encrypted separately for each user at a higher layer. Thus,
a user may have only access to the encrypted version of another user’s message. This is a valid
assumption since in practice (e.g., 4G) the information is often received by multiple users and then
each user collects only the information intended for it.
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finish by concluding in Section 2.7.

2.2 System Model and Preliminaries

2.2.1 System Model

In this work, we consider a single-input single-output (SISO) downlink broadcast
channel in which a single-antenna BS serves N single-antenna users denoted by
{Uy,Us, ..., Uyx} at the same frequency. The time is divided into equal TTIs, each
is equal to K channel uses (symbol periods). During each TTI, the BS serves one or
multiple users using the proposed NOMA scheme. The channel coefficients between
the BS and the users are denoted by {hq, hs, ..., hn}, respectively. We assume that
the channel gains are subject to independent quasi-static fading, i.e., they are con-
stant within a coherence time and vary independently from one coherence time to
another. The coherence time is on the order of multiple TTIs. Furthermore, it is
assumed that the channel gains are known perfectly at the BS.

The users bit streams are assumed to be independent and of an infinite length.?
Moreover, they characterize the final bit streams (i.e., after source/channel coding
and just before modulation.) This is to emphasize that the proposed scheme exploits
only the possible partial overlap (i.e., similarity) among segments of the final users
bit streams.

The system model adopted in this paper encompasses several practical wireless
cellular systems. For instance, in LTE, the resources in time and frequency are divided

into blocks where each block consists of 12 subcarriers and a TTT of length 7 OFDMA

2Tt is legitimate to assume that a user message is of infinite length while it is sent in small bit
sequences over multiple resource blocks. This is the case in several practical systems. For instance,
for the case of OFDMA, the users messages are divided into blocks of small size. Then, the BS
sends those bit sequences over several resource blocks of standard size (12 subcarriers with 0.5 ms
length). Therefore, the assumption of infinite-length messages is widely used in the literature merely
for performance analysis convenience.
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symbol durations, i.e., K = 12 x 7. Let R denote the number of bits per symbol.
As such, a sequence of K x R bits can be transmitted over a TTI using a set of 12
subcarriers. In this paper, the proposed scheme is described only for one frequency
which is equivalent to 12 subcarriers in the case of LTE systems. The same resource
allocation scheme can be applied to the remaining subcarrier sets. As resources are
divided into blocks, the BS has to inform users about the resource block mapping.
Similar to the case of existing multiple access schemes such as OFDMA, we assume
that this information is forwarded to the users via a control channel.

In Sections 2.3 and 2.4 below, we assume, for ease of presentation, that all user
channel gains are of similar order. We consider the more general case, i.e., different

user channel gains, in Section 2.5.

2.2.2 Preliminaries: Achievable Rate with Finite Block-length

As per Shannon channel coding theorem, the transmission rate, denoted by R, ap-
proaches the channel capacity with arbitrarily small probability of error as the bit
block-length, denoted by B, approaches infinity [73]. To achieve the channel capacity,
infinite bit streams have to be mapped (modulated) into symbol sequences of infinite
length. Then, a user has to extract the entire (infinite) bit sequence even if the user
is interested in a part of it, as it is the case in the proposed technique. To guarantee
that a user is able to decode the intended bit block, mapping and demapping tech-
niques that only consider short bit sequences have to be considered. In this case, the
channel capacity no longer characterizes the transmission rate but rather it becomes
an upper bound on the one in the finite block-length regime.

In the finite block-length regime, especially when the block-length is short, the
error probability (due to noise) becomes significant. In this case, a tradeoff between

R and the error probability (denoted by €) arises. An accurate approximation of the
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achievable rate R, for a given error probability €, was identified in [74] for a single-hop
transmission system while taking the error probability into account. It was shown

in [74-76] that R can be approximated as

P|h|2) () o 1)

R = log, (1 + 7 B n(2() ;
where P, |h|? and o2 are the average transmit power, the channel gain and the additive
white Gaussian noise (AWGN) variance, respectively. Q=1 denotes the inverse of the
() function.

In the remainder of the paper, we investigate the performance of the proposed
scheme in terms of the effective throughput by applying the above approximation.
This approximation has been shown to be tight for sufficiently large values of B and
represents a lower bound on the achievable rate when B is small (see Figs. 9-11

in [74].) Therefore, for simplicity, we use the above approximation as the achievable

rate in the analytical and simulation results below.

2.3 Partial Overlapping Among Users bits Sequences
(POS)

2.3.1 DMotivation Example

We consider in this example a simple case where all user channel gains are of similar
order. We assume that, for each TTI, the BS selects a user randomly to serve with
rate R, i.e., a K x R-bit sequence is transmitted. Since the bit sequence transmitted
to the selected user is of size K x R, it is one of 25*% possible sequences. When the
BS is connected to a massive number of users such that N > 25*% there is at least

another user with the exact same sequence. These two users can be simultaneously
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served rather than serving only one user at a time as traditionally done using OMA.
The BS repeats the same process in the following TTI by simultaneously serving
users with similar sequences. Therefore, using this approach, it is possible to serve
simultaneously at least two users per TTI, i.e., effectively transmitting 2K x R bits
per TTI, which approximately doubles the throughput without causing interference
(assuming two users are served at the same time).

2KXR (i e, infinite number of users) may not

In practical scenarios, having N >
be valid. For instance, the number of transmitted bits over an LTE TTT is equal to
12 x 7 x log,(4) = 168 bits when 4-QAM modulation is used. Thus, the probability
of having multiple users with similar sequences may be very low. This suggests
that simply considering the above scheme may only slightly enhance the throughput.

To deal with this, we propose an efficient scheme that considerably enhances the

throughput in a more realistic scenario.

2.3.2 User Selection

Let ¢ be the amount of targeted overlap in bits among users bit sequences at the
BS. As ( decreases linearly, the number of all possible blocks of size ( decreases
exponentially (i.e., 2¢) and hence the probability of having similar blocks increases
considerably. Based on this observation, we propose a user selection approach where
bit blocks of short lengths are considered for possible overlapping. In fact, the users
bit sequences are divided into blocks each of size { bits. Then, the possible overlapping
between those blocks is considered. That is, one user gets the entire TTI, i.e., the
served user receives K X R bits over the entire T'TI, while the remaining selected users
extract only their intended (-bit blocks that overlap with the (-bit blocks of the served
one (the number of bits ( is constant and does not change from a TTI to another.)

Recall from (2.1) that the achievable rate per user decreases as the block length B
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decreases which in turn decreases as ¢ decreases. On the other hand, the number of
overlapping blocks increases as ( decreases, which increases the number of served users
and consequently the effective throughput. Therefore, varying ¢ has an opposite effect
on the achievable rate per user and the number of served users. However, investigating
the optimal value of ( is out of the scope of this paper. Therefore, we simply assume
that ¢ is constant and predefined.

For the sake of clarity, we describe in this section in detail the POS technique
considering the particular case when, in each TTT, only the first {-bit block from each
user bit stream is considered for possible overlapping. The general case when multiple
(-bit blocks from each user are considered for possible overlapping is described in
detail in Section 2.4. In fact, the analytical results provided for this particular case
will help the analysis of the general case. Recall that we assume for now that the
user channel gains are of the same order, i.e., |hi|= |he|= ... = |hn|= |h|. This
assumption will be relaxed in Section 2.5.

For a given TTI, the BS considers the first (-bit block of each user, denoted by
{w$(1), wS(1),. .., w$,(1)}. Then, it partitions into sets the users that have exactly
the same (-bit block. The BS selects the set of users with the maximum size. We
denote by 7 the size of the selected set of users (denoted by {Ui-,Us-,..., Usx}).
Then a user U;» (¢* € [1, N]) is served during the entire TTI, whereas the remaining
selected users only recover the first received (-bit sequence and ignore the remaining
received bits as depicted in Fig. 2.1. The figure illustrates the communication chain
considering the proposed technique when only the first (-bit block of each user is
considered for possible overlapping.

The BS transmits only one bit sequence over one TTI which is the one intended
to the selected user U;«. At the users side, each of involved users will demodulate the

received signal using a conventional detector such as the maximum likelihood (ML)
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Figure 2.1: POS communication chain.

detector [77]. However, U; will keep the entire extracted bit sequence, whereas,
each of the remaining users will only keep the (-bit blocks intended to them. This
suggests that the proposed technique does not give rise to inter-user interference (i.e.,
communication is interference-free). As such, the error probability performance is
not affected by the proposed technique, as the performance is dictated only by the
employed modulation/detection methods [77]. Nonetheless, we link in this paper the
effective throughput with the error probability requirement. To elaborate, note that
the effective throughput given by (2.1) is achieved for a given error probability e. This
implies that, for a given €, there exist coding/decoding techniques that achieve such
rate [74-76]. Therefore, throughout the paper, the effective throughput expressions
are provided for a given error probability e.

Since the size of the users bit streams is assumed to be infinite, in the next TTI,
the BS considers the first ¢-bit block of each of the remaining bit streams (i.e., the bit
streams that have not been transmitted yet) of each user, then it proceeds similarly

for forming new sets of users that share the same (-bit block.
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In this paper, we use the term transmission rate to denote the number of bits
that are physically transmitted, whereas the effective throughput is used to denote
the number of bits that are effectively transmitted. Note that U;« is served during
an entire TTI, where its bit stream is divided into blocks each of size (. For a given

error rate €, the associated transmission rate given in (2.1) can be written as

PW) W (1+ 7)_2 Q'(e) (2.2)

o2

R = log, (1 +

where, B = % is the number of symbol periods per (-bit block. Given that B = %
depends on R, (2.2) gives a quadratic equation with respect to R. We solve it to

obtain an expression for R. Note that (2.2) has two roots: one is less than the

Plh|?

o2

channel capacity log, (1 + ) and the other is higher than the channel capacity,

which means that the latter is not a valid solution. Let us define a; £ log, (1 + %T)

1= (1 250) ™ 5
¢ In(2)

and a, & . The appropriate root can hence be written as

241+ a} — /(21 + a3)? — 4a?

B 2

(2.3)

As per the proposed scheme, for a given TTI, the first (-bit block is retrieved by
v users, whereas the remaining bits are intended only for U;s. Therefore, the effective

average throughput Rpos can be written as
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where 7,y is the average number of users with overlapping (-bit blocks. The first
term represents the effective throughput during the first B symbol periods, whereas
the second term is the effective throughput during the remainder of the TTI period.

To provide the effective throughput, we need to analyze 7,,, which is given next.

2.3.3 Analysis of vy,

Note that 1 <y < N. As such, we have

VYavg = Z nPr(y=n). (2.5)

We next derive an expression for Pr(y =n), Vn € [1, N|. Depending on the number
of users, there is at least Yy, users that have the same bit block. This implies that
{Pr(y=n)=0, n<7mnin}. This minimum number of users with similar blocks is

given by the following lemma.

Lemma 2.1. Given N users with independent blocks each of size , there is at least

Vmin = |5¢| users with a similar bit block.

Proof. The users blocks are of size ¢ bits each. Each bit block can thus be one of 2¢
possible sequences. Let us assume that there are 2¢ sets, where each set presents a

possible sequence. The users are then assigned to those sets based on their bit blocks.
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Let us now assume that there are at most [%-‘ — 1 users with similar sequences. This
implies that each of the 2¢ sets contains at most {%W — 1 users. As the total number

of users over all sets is equal to N, we have

N N
NSQCOéJ-4)<2<Ci+1—1)=Aa

which is impossible. We can thus conclude that there is at least Y, = ]_ﬂ

5 -‘ users

with similar sequences. |

Since v > Ynin = [%L Vavg Decomes

N
Yavg = Z nPr(y=mn)

The third equality in (2.6) comes from the fact that Zi:’:[ 2 Pr(v=n) =1, since
2
having v > N or v < [%-‘ are not possible and the total probability is one.
In order to provide an expression for 7., we need to derive an expression for

{Pr (y=mn),n€ [2%, N} } We first write it in the following form.

Pr(y=n)=Pr(y>n)—Pr(y>n+1). (2.7)

Now, we need to derive an expression for Pr(y > n). We start by the case when
n = 2 and n = N, and then for the remaining values of n. For the case of n = 2,
Pr(~ > 2) is the probability that there is at least two users or more with similar bit

blocks. This is the complement of Pr(y > 2) , i.e., the probability that there are
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no users with similar bit blocks. Pr(y > 2) is the conditional probability of events,
where each event is a user having its block in the set of possible blocks that does not
contain the blocks of the previous users. For example, the probability that Uy has a
block different from that of Uy is 1 — 2% In general, the probability that the bit block

of U; is different from those of {Uy,Us,...,U;_1}is 1 — (22—_<1) This gives

Pr(y>2)=1-"Pr(y>2)

:1—ﬂ<1—i2_<1). 2

i=1

We should note that Pr(y > 2) = 1 when N > 2¢, which matches the result found
in Lemma 2.1. Indeed, in Lemma 2.1, we showed that Pr(y < [£]) = 0 and hence

Pr(y > [£]) = 1. Therefore, we have Pr(y > 2) > Pr(y > [£]) = 1 given that

2 < {%W when N > 2¢.

Remark 2.1. In the case when 2¢ < N, Pr(y > 2) can be approxvimated as follows

[78].
N2

Priy>2)~1—¢ 2x¢, (2.9)
It is clear that the probability to have more than two users with overlapping bit blocks
exponentially approaches one as the number of users increases linearly. This suggests
that there is, with high probability, a set of multiple users having overlapping blocks
even for small values of N and large values of 2¢. In Table 2.1, we present values of
Pr(y > 2) for 2¢ = 1024. The table shows that N = 100 << 2¢ is sufficient to have
almost surely at least two users with similar C-bit blocks. This result suggests that the

proposed scheme is promising to enhance the throughput even for a relatively small

number of users.

When N = ~, it means that all users first (-bit blocks overlap with each other. It

is the probability of the event that {Us, Us,..., Uy} have blocks similar to the one
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Table 2.1: Pr(y > 2) for different values of N.
N 10 20 20 100 200
Pr(y>2){0.0431 | 0.1703 | 0.7036 | 0.9933 | 0.999

of U;. As such, the probability of this event is

Pr(y=N) = Pr(y=N)

2

1 1 N-1
@

Contrary to the case when v > 2 and v > N, providing { Pr(y > n), n € [3, N — 1]}

N
=2
N
=2

is intractable. Therefore, we provide their expressions when 2¢ is large, i.e., on the
order of hundreds or more. We stress here that having 2¢ > 100 is achieved even for

low values of ¢, e.g., when ¢ > 7, 2¢ > 100, which makes the result valid for our case.

Lemma 2.2. For a given N, the probability of the event that there are at least n

(n € [3, N — 1]) users with similar (-bit sequences is

N! 1 _(v=2Cu?
Pr(y>n)=1- e 2703

NNe=N | /oi+17y2
S
n—1 j 2
cEY )
— (2¢) 4!

(2.11)

n—1

LR
where = 3¢ (1= CL ) a2 = — (01— ) (3~ 0).

J=0 (QC)jj!

Proof. See Appendix A. g

Having derived expressions for the terms in (2.5), we may express Yayg as
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g = S n [Py 2 )~ Pry = n 4 D]+ NPy = V), (212)

n=2

where Pr(y > 2) and Pr(y > N) = Pr(y = N) are given by (2.8) and (2.10),
respectively. The expression for Pr(y > n) for n € [3, N — 1] is given in Lemma 2.2.
The effective throughput for a given error rate e can hence be obtained by considering
the expression of 74, in Rpog provided in (2.4). This result is used to provide the
performance of POS considering the general case when multiple bit blocks from each
user are considered for possible overlapping, i.e., not only the first (-bit block from
each user (more on this later).

In the following, we provide simulation results and we compare that to the the-
oretical results to validate our derivation. We consider quasi-static Rayleigh fading.
The normalized distance between the BS and the users is set to one, i.e., large scale
fading is one. As the analysis in this section has been done for a given channel re-
alization, in the simulations, we average over many channel realizations. We assume
that the noise is AWGN with zero mean and variance one. Moreover, we consider
the LTE downlink channel with normal cyclic prefix where a resource block consists
of 12 subcarriers and of seven OFDM symbol durations (TTI = 0.5ms) such that
K =12 x7=84.

In Fig. 2.2, we analyze 7.y, where its exact expression is provided in (2.12). We
consider different values of (. The figure depicts 7,y as a function of the number of
users IN. The figure shows that the average number of users provided by simulation
matches very well the theoretical results which validate our derivation. It is clear
that v,ve is considerably high even for a reasonable number of users.

In Fig. 2.3, we analyze the performance of POS, where only the first block of ( bits
from each user is considered for possible overlapping. The average transmit power to

noise ratio is 20dB. We plot in Fig. 2.3 the effective throughput as a function of the
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Figure 2.2: 7,, as a function of N.

number of users for ( = 6 and 8. It is assumed that all users have similar channel
gains. From the figure, we can see a perfect match between theory and simulations.
The theoretical results are obtained by using (2.4). The figure also shows that the
performance of the proposed technique varies with respect to (. For N € [100, 300],
POS provides better effective throughput when ¢ = 8. As N becomes in the range
[400, 1000], the effective throughput is higher when ¢ = 6. Indeed, increasing (, at
a time, increases the transmission rate R and decreases the number of overlapping
blocks 7Yave. The fact that Rpog is a function of R and 7,y explains the behavior of

Rpos with respect to (.

2.4 Extension to Multiple Overlapping Bit Blocks

In this section, we extend the proposed scheme to the general case when multiple (-bit
blocks from each user are considered for possible overlapping in each TTI. The main

idea is to consider multiple blocks, per user, for possible overlapping rather than
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Figure 2.3: Rpos as a function of N.
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Figure 2.4: Users bit sequences structure.

considering only the first (-bit block from each user. This is expected to enhance
the effective throughput. Further, we consider the same system model in Section
2.3 where the users channel gains are of the same order. For a given TTI, the BS

considers the first K x R bits, where the transmission rate R is given in (2.3), from

each user, then divides it into L = & CXR blocks of (-bit each as shown in Fig. 2.4.

That is, the K x R bits of U; can be written as {w (1), ws(2),..., ws(L)}.

(2
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2.4.1 User Selection

The BS associates a counter ¢; to user U;, which characterises the number of overlap-
ping blocks according to the proposed algorithm. The users counters are initially set
to zero and the BS selects the user that maximizes the number of served blocks, i.e.,
a user with the maximum counter. For each user, the proposed algorithm considers
each of its L (-bit blocks and compares it to the remaining users blocks as follows.
Without loss of generality, we describe the algorithm for computing counter ¢;, the
one associated with U;. The same applies for the remaining users. The BS starts
by considering w%(l) and comparing it to the first sequence of each of the remaining
users. There are two possible cases for each user U; (i # 1). If w$(1) = w$(1) then
the BS increments ¢; by one. Then w$(2) is compared to w$(2). Otherwise, the
counter is not incremented and w$(2) is still compared to w®(1) since it is not yet
served. This process continues up to the Lth sequence of U;. The fact a user bit block
'wf(l) is not considered for possible overlapping, only if its previous block wg(l —-1)
was served, guarantees that the bit blocks are received in order at each user. For
instance, if a user receives two blocks over the same TTI, it simply orders them in
the receiving order. The BS proceeds similarly in computing the counter for each of
the remaining users.

The BS selects the user that maximizes the number of served bit blocks (i.e.,
user with the maximum counter) and assigns to it the entire TTI. For the sake of
clarity, the users’ selection process is provided in Algorithm 1 and it is followed by an
example. The algorithm summarizes the users selections process for a given TTI. In
the algorithm, i* denotes the index of the selected user to be served during the entire
TTI. S denotes the set of the indices of the served blocks that overlap with one of the
1*th user (-bit blocks.

To elaborate, let us consider the case of three users and let L = 3. The example
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Algorithm 1: POS algorithm for a given TTI
1 ¢« 0Vie[l,N];

Step 1: User selection
2 fori=1— N do

3 forj=1—> N|j#ido
4 ll +—1
5 for [ =1— L do
6 Boolean v < False
7 v compare(wg(lo), wg(ll))
8 if v = True then
9 c—c+1
10 lh+<lhLh+1
11 v+ False
12 end
13 end
14 end
15 end
16 ¥ < argmaxc;
i€[1,N]
Step 2: Served sequences indices
17 S« 0
18 for j=1— N |j#i* do
19 11
20 for l[p=1— L do
21 Boolean v < False
22 V4 compare(wg* (lo), 'wg(ll))
23 if v = True then
24 S+ {S, (5,h)}
25 i+l +1
26 v < False
27 end
28 end
20 end

is depicted in Fig. 2.5. In the figure, below each user (-bit block, we assign a number
ranging from 1 to 2¢, which are selected randomly. Two blocks are considered similar

if and only if they have the same number. For the first user, the BS considers the

first sequence w$ (1) and compares it to w$(1) and w$(1). As shown in the figure, we
assume that w$(1) is similar to w$(1) (i.e., have the same number in figure), the BS

increments ¢; by one. Then, w$(2) is compared to w$(2) and w§(1). In fact, w$(1) is

again considered since it is not yet served. This guarantees that the users blocks are
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Figure 2.5: Proposed scheme for N = 3 and L = 3.

received in order. For instance, if a user receives two bit blocks over the same TTI, it
simply orders them in the receiving order. The fact that there is no bit block similar
to w$(2), the BS considers the last block w$(3) and compares it to {w$(2), w$(1)}.
As w$(3) = w$(2), ¢ is incremented to two. It can be seen from the figure that
the second and the third blocks of Ujs are similar to the first and third blocks of Uj.
However, they are not considered in the counter of Uy, because the first block of Us
is not served. In fact, if they are considered for possible transmission, the order of
the blocks will be lost. The BS proceeds similarly for the remaining users. In this
example, the counters are as follows (¢; = 2,¢9 = 2,¢3 = 3). Therefore, the TTI is
allocated to Uz while the remaining users extract only their corresponding sequences

as shown in Fig. 2.5.

Remark 2.2. The proposed scheme conserves the order of the blocks. For instance,
if a user receives two blocks over the same TTI, it simply puts them in the receiving

order.
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2.4.2 The Achievable Throughput

In this section, we provide the average number of blocks Ygave sent over a TTI for
the general case. As per the proposed scheme, the blocks of bits are sent in a way
that conserves the blocks order at each user and guarantees that one user is served
along the entire TTI. These make providing the exact probability of the number of
served blocks intractable. Therefore, we provide a lower bound on the performance
of POS. The lower bound is provided by computing the throughput assuming that
the served user U;« is selected considering only the first (-bit block from each user
as described in Section 2.3 and then its L — 1 remaining blocks are compared to the
other users blocks. That is, the lower bound is the sum of v,ys, L — 1 (the number
of the remaining blocks of U;«) and the average number of blocks (belonging to the
other users) that overlap with the remaining L — 1 bit blocks of Uj.

The probability that one of the remaining L — 1 (-bit blocks (the first sequence

is excluded), of U;+, overlaps with n € [1, N — 1] blocks is

Nt [1},1[1_41%1_”. (2.13)

2 2¢
n

Therefore, the average number of blocks effectively sent can be written as

N-1 N—-1-n
N -1 1\" 1
’YGavng}’an‘i‘L—l‘i‘(L—l) E n <¥> <1—2—<>
n

n=1

(2.14)

N -1

The second line of (2.14) comes from the fact that



is the mean of a Binomial distribution with parameters (N — 1, 5z) [79].

Armed with (2.14), we can express the average effective throughput using (2.1) as

—2
1—-(1+ M) -1
_ Yomg PIHEY J (%) o 215
Rapos = log, <1 +t—3 5 W) |’ (2.15)
where L = BXIt [ — % and R is the transmission rate given in (2.3). Therefore, an

¢

analytical lower bound on the throughput can be obtained by using the lower bound
ON YGavg 0 (2.14).

In contrast, when OMA is used, two user are selected in each TTI and then
served. The users equally share the TTI. Since the channel gains of users are equal,

the throughput can be written as

Py -+ 0 e
o €

=1 1 — . ‘

Fowa = log, ( T ) K2 n(2)

The throughput gain (normalized throughput) is then given by the ratio of Rgpos

over ROMA-

2.4.3 User Fairness

One major benefit of NOMA is its ability of achieving fairness among users, which
is accomplished by simultaneously accommodating multiple users over the same re-
source. Fairness here strictly means that multiple users are served using the same
resource, and it does not imply that served users achieve the same rate, as the latter
depends on the respective channel gains [23, 25, 26, 28,29, 31-34]. Moreover, when
the number of users is large (e.g., on the order of hundreds), simultaneously accom-
modating all users over the same resource using existing NOMA techniques becomes

inefficient as it leads to a high error probability and significant error propagation.
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Therefore, NOMA is usually used to share the same resource among a small num-
ber of users (typically two or three). The other users can be served over different
orthogonal resources (e.g., frequency and/or space resource).

As for the proposed technique, the achieved throughput gain comes strictly from
exploiting the similarity among bit sequences belonging to different users. This sug-
gests that it is almost guaranteed that multiple users are served simultaneously, oth-
erwise there will be no throughput gain. Therefore, following the same definition of
fairness used in the context of existing NOMA work, the proposed scheme achieves
fairness among users. To elaborate, consider Fig. 2.2, in which we display that the
average number of effectively transmitted blocks per T'TT increases with the number
of served users. In the figure, since only the first (-bit block from each user is consid-
ered for possible overlapping, 74,y characterizes the number of served users per TTI.
Moreover, even more users can be served if we were to consider multiple bit blocks
(not only the first ¢-bit block) for possible overlapping per TTI (more on this below.)

We acknowledge that users do not get the same throughput per TTI. However, on
average (i.e., over many TTIs), users get the same rate. This is explained as follows.
The served users are selected based on the similarity of their bit sequences, which
are normally perfectly independent. If there are users served more than others, it
means that their bit sequences are correlated, which contradicts the fact that all bit
sequences belonging to different users are independent. Therefore, all users have the
same probability to be served and hence fairness among users over time is guaranteed
in terms of the effective throughput per user.

Using the proposed technique, the users that maximize the effective throughput
per TTT are served, and we have shown that a large number of users can be served
simultaneously. In terms of latency, which is an important performance metric, recall

that the proposed technique is described for a given frequency resource. As such,
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given that the number of users served simultaneously by the proposed technique is
higher than the number of users served by exiting NOMA schemes, we can conclude
that the former improves the latency performance as compared to that of the latter.
To reduce the latency further, more resources (e.g., frequency and/or space) have
to be available, and this applies to both the proposed and existing NOMA schemes.
Moreover, as the number of users increases, as shown in Table 2.2 in Section 2.6,
the proposed technique provides a higher throughput per user as compared to that
existing NOMA. In fact, the effective throughput per user can reach up to three times
the one provided by NOMA schemes. This suggests that the latency will be lower
than the one of NOMA. In addition, using the proposed technique, the served users

experience on average similar latency, which leads to better fairness.

2.5 Extension to Users with Different Channel Gains

In a practical scenario, the users channel gains are independent and different from
each other. In this section, we extend the proposed scheme to the case when the users
experience different channel gains. Without loss of generality, we assume that the
users channel gains for a given TTI are ordered as follows: |hi|*< |ho|?< -+ < |hyl?.
As per the proposed technique, user U« is selected and served during the entire TTI
with rate R;~ and error probability e. The remaining users will only retrieve their
overlapping blocks. In order to satisfy the error probability constraint e, only the
users that have better channel gains than the one of U;s can extract the overlapping
blocks. As the channel gain of the selected user increases, the transmission rate
increases, whereas the number of users considered for possible overlapping decreases.
Therefore, the BS will have to select the transmission rate that maximizes the effective
throughput for each coherence time, in addition to the selection of the user that

maximizes the number of overlapping blocks in each TTT as shown in Section 2.4.
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As the users have different channel gains, the transmission rate affects the number
of users to be considered for possible overlapping. For each coherence time, the BS
adopts the appropriate transmission rate based on the average effective throughput.

For instance, if the BS transmits with the rate associated to Uy, that is,

2 -2
P|h1|2)_ 1= (147 g

<
Ry’

where B; = all the N users are considered for possible overlapping. Meanwhile,
if the BS adopts the rate associated to U;, only the N —i 41 users will be considered,
namely, {U;, Uiiq, ..., Uy}. The BS has thus the choice over N possible rates denoted
by {Ri, Ry, ..., Ry} which represent the rates associated to {U;, U;iq,...,Uyx}, re-
spectively. For each rate R;, there are L; = @ blocks. Moreover, the number

of symbols per ¢-bit block is equal to B; = <. Consequently, the average effective

R;"

throughput considering R; can be written as
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where Ygavg,; is the average number of blocks effectively transmitted over a TTI con-
sidering {R;, Ri+1, ..., Ry}. Therefore, for a given channel realization, the effective

throughput can be written as

Rapos,max = max(Rapos,1, Raros2, - -+ Rapos n)- (2.18)

For OMA, on the other hand, we assume that the BS selects the two users with the
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best channel condition. Then, each get half the resources. Therefore, the throughput

can be written

1 Plhy/? Plhy_1]?
§log2<<l+7 1+T
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2.6 Simulation Results

In this section, numerical and Monte-Carlo simulation results are provided in order to
validate the analytical results obtained in this paper. We consider a SISO downlink
broadcast channel, and we consider quasi-static Rayleigh fading. The normalized
distance between the BS and the users is set to one, i.e., large scale fading is one.
As the analysis in the paper has been done for a given channel realization, in the
simulations, we average over many channel realizations (i.e., over multiple T'TIs) and
also over multiple users bit streams. We assume that the noise is AWGN with zero
mean and variance one. Moreover, we consider the LTE downlink channel with normal
cyclic prefix where a resource block consists of 12 subcarriers and of seven OFDM
symbol durations (TTI = 0.5ms) such that K = 12 x 7 = 84.

The average transmit power per symbol period is considered to be constant and
equal to P. The error probability € is set to 1075, The sequence considered for
possible overlapping is of size ( = 6 (i.e., L = 14) and the average transmit power to
noise ratio is 20dB except in the case when the performance of the proposed technique
is analyzed as a function of the transmit power.

The performance of POS is analyzed in terms of the effective throughput and
compared to the throughput of OMA, as well as to that of the NOMA technique in [23]
where two users are served simultaneously. The OMA achievable rate expressions are

given by (2.16) and (2.19), respectively, for the cases when the users have similar and
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Figure 2.6: Normalized throughput as a function of N.

different channel gains. For the NOMA with SIC, we consider the technique described
in [23], where the BS allocates the transmit power optimally between the two served

users to maximize the throughput (for more details we refer the readers to [23]). We

refer to the technique in [23] as NOMA with SIC (NOAMSIC).

2.6.1 POS: General Case

We consider in Fig. 2.6 the BS effective achievable throughput (Rgpos in (2.15)) pro-
vided by the proposed scheme, normalized with respect to OMA throughput (Roma
in (2.16)). The users channel gains are assumed to be equal. In the same figure, we
also include the performance of the NOMASIC [23] normalized with respect to that
of OMA for comparison purposes. Recall that throughout Section V, we average the
effective throughput over multiple channel realizations and over multiple users bit
streams.

The figure shows that NOMASIC’s normalized rate is very close to one, sug-

gesting that there is only a marginal gain over OMA. In fact, the existing NOMA
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Figure 2.7: Effective throughput as a function of (.

techniques are known to be inefficient when the users channel gins are of similar or-
der [23,25,28,30]. We also observe from the figure that POS considerably enhances
the throughput which reaches up to three times the rate provided by OMA. This
proves the efficiency of the technique even when the users have similar channels.
The superiority of the proposed technique to existing ones in terms of the effective
throughput is demonstrated by the analytical lower bound shown in the figure. For
example, the figure shows that the POS throughput is at least twice that of OMA
when the number of users is higher than 300.3

In Fig. 2.7, we analyze the performance of the proposed technique as a function of
(. The figure shows that the throughput first decreases exponentially then becomes
constant as ( increases. This result is expected, since the number of overlapping
sequences decreases exponentially as ¢ increases which can be interpreted from (2.14).
As ( increases, the gain that comes from exploiting the bit blocks similarity vanishes

and the effective throughput becomes constant.

3 Although the effective throughput lower bound is somewhat loose, since it provides the worst
case scenario for the achievable throughput of POS, it shows that POS outperforms that of the
existing ones.
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2.6.2 Users with Independent Channel Gains

We consider here the performance of the proposed scheme when the users experi-
ence independent channels with the BS. The channel coefficient for each user follows
Rayleigh distribution. Fig. 2.8 depicts the normalized effective throughput with
respect to OMA. For the OMA technique, we assume that the BS selects the two
users with the best channel then equally shares the resources between them. The
expression of the throughput provided by OMA is given in (2.19). The performance
is also compared to that of NOMASIC described in [23] where two users are selected
and power is judiciously allocated. For POS, the transmit power is assumed to be
constant.

The figure shows that the proposed technique outperforms OMA and NOMA-
SIC. While the throughput provided by NOMASIC is about 20% better than that of
OMA technique, the POS throughout is about three times the throughput provided
by OMA. The analytical lower bound in the figure proves that POS guarantees at
least twice the throughput when the number of users is higher than 300. This shows
the efficacy of the proposed technique. We also observe form the figure that the per-
formance of POS scales with N, whereas NOMASIC does not. In fact, the variation
of the NOAMSIC is more notable when the number of users is small such as in the
case when N varies from 2 to 5. It increases slowly as the number of users becomes
large, e.g., when N > 100. Since the proposed technique continually scales with the
number of users, POS is more suitable for 5G which is expected to provide ultra high
connectivity.

Another interesting performance measure to examine is the average throughput
per user. We give in Table 2.2 results for the average throughput per user as a
function of the total number of users. We notice from the table that the NOMASIC

throughput per user decreases with 1/N. That is, the throughput per user is divided
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Figure 2.8: Normalized throughput as a function of N.

Table 2.2: Throughput per user as function of N.

N =100 | N =200 | N =300 | N =400
NOMASIC [g] 0.14923 | 0.074497 | 0.049743 | 0.037308
POS 0.15827 | 0.12751 | 0.11939 | 0.11915

Gain POS/NOMASIC | 1.0605 1.7116 2.400 3.193

by two when the number of users is doubled. On the other hand, the performance of
POS decreases slightly when the number of users increases. This stems from the fact
that the number of overlapping sequences increases as the number of users increases
which makes POS less sensitive to the increase in the number of connected users. This
opens the possibility to increase the number of served users with a negligible loss in
the throughput per user. We conclude that POS is a promising NOMA technique to

support massive connectivity for 5G systems.

2.7 Conclusion

In this chapter, we proposed a novel NOMA scheme that exploits the similarity

between the users bit blocks with short length. We showed analytically and by
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simulations that the proposed technique considerably enhances the spectrum effi-
ciency, which could reach three times the OMA throughput. Moreover, the proposed
technique performance improves as the number of users increases. In addition, the
throughput per user slightly decreases as the number of users increases which makes
the proposed scheme suitable for 5G as it is expected to provide massive connectivity.

Throughout the paper, it was assumed that the users sequences are independent.
However, users messages may experience some correlation, especially when they are
in the same vicinity or during special events [69]. The proposed technique can be

adapted to exploit this correlation, and thus is is expected to yield even better gains.
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Chapter 3

Beamforming Learning for
mmWave Transmission: Theory

and Experimental Validation

As shown in Chapter 2, the proposed NOMA techniques could contribute to tripling
the spectral efficiency as compared to OMA. Although this is a decent improvement,
it falls short in fulfilling the expectation of increasing the spectral efficiency over a
hundred times with respect to that of 4G. This has been driving the wireless industry
towards using mmWave frequencies, which offer larger bandwidth, in the order of
GHz. Establishing reliable and long-range mmWave transmissions, however, turns
out to be very challenging due to the sensitivity of mmWave transmissions to block-
age. To overcome this challenge, MIMO beamforming is deemed to be a promising
solution. Although beamforming can be done in the digital and analog domains, both
approaches are hindered by several constraints when it comes to mmWave transmis-

sions. In fact, there are multiple challenges that prevent from performing fully digital

9The work presented in this chapter has been submitted to IEEE Transaction in Wireless Com-
munications [65].
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beamforming, including the high cost of RF chains and their high-power consump-
tion. As such, mmWave mobile devices are expected to be equipped with an antenna
array of large size while having fewer RF chains. Hence, beams will be partially or
fully designed in the analog domain through the configuration of phase-shifters.
Existing works on mmWave analog beam design either rely on the knowledge
of the CSI per antenna within the array, require large search time (e.g., exhaustive
search techniques) or do not guarantee a minimum beamforming gain (e.g., codebook-
based beamforming techniques). In this chapter, we propose a beam design technique
that does not require CSI knowledge while guaranteeing a minimum beamforming
gain. The key idea involves using measurements that are collected from previously
connected users to predict the beam designs for future connected users. In fact, those
measurements are used to build a beamforming codebook that regroups (i.e, clusters)
the most probable beam designs containing dominant signals. We invoke Bayesian
machine learning for measurements clustering. We conducted a real-world experiment
to build the codebook and to validate its performance. The results demonstrate
the efficacy the proposed technique and show a reduction on the training time of
more than 20 as compared to exhaustive search. This is obtained while achieving a

minimum targeted beamforming gain.

3.1 Introduction

3.1.1 Motivation

Due to the ever increasing market demands for ultra high rate wireless links with
ubiquitous connectivity, the wireless industry is moving towards using mmWave fre-
quencies, that offer large bandwidth, on the order of GHz. However, mmWave trans-

missions are limited by the physical properties of the channel, which has been shown
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to be sensitive to blockage (e.g., human body could cause up to 40dB of power loss)
and to have high path loss. To establish and maintain robust communication links,
MIMO technology is expected to be an integral part of mmWave systems. Integrat-
ing a large antenna array into small wireless devices, such as mobile phones, is also
feasible due to the small size of mmWave antennas [35].

Large antenna arrays have the potential to provide considerable gains in the re-
ceived power by using beamforming techniques. Providing the appropriate beam
design, however, is hindered by several challenges. Due to the high-power consump-
tion and cost of mmWave RF chains, it is anticipated that mmWave mobile devices
to have a large number of antennas but fewer RF chains [56-64]. Consequently, per-
forming fully digital baseband beamforming may not be possible to realize in a mobile
device.

Several works have been published on the subject of mmWave beamforming where
a large antenna array and fewer RF chains are considered [56-64]. The authors
rely on analog beamforming where beams are made through the configuration of
low-cost phase-shifters. While some of them suggested the exclusive use of analog
beamforming, others considered analog-digital hybrid beamforming. However, no
matter which operation mode is considered, analog beamforming is an integral part of
future mmWave devices and developing efficient techniques to configure the antennas’
phase-shifters is required. In this context, two main approaches have been proposed,
namely precoding and beam training.

In the first approach [56-60], the authors rely on the knowledge of the CSI as-
sociated to each antenna within the array, to compute the phase-shifters’ coef-
ficients. Several solutions have been proposed where different objectives were con-
sidered. In [56], a precoding algorithm was developed to minimize the mean-squared

error at the receiver, while in [57-59], the authors focused on the beam designs that
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enhance the achievable rate. To reduce the computational complexity, and to lower
the energy consumption, the authors exploited the sparsity of the mmWave channel
matrix. They formulated the problem as a sparse approximation problem. Then,
they used sub-optimal low-complexity techniques, such as compressive sensing, to
solve the problem. They showed that the proposed techniques achieve near optimal
performance in terms of beamforming gain. For more energy efficiency, the authors
in [60] considered a sub-connected architecture, i.e, not each antenna is connected to
each RF chain. They showed that such architecture increases the energy-efficiency
while achieving almost similar performance as that of a fully-connected architecture
as considered in [57-59].

Although the earlier cited techniques achieve near maximum array gain, they rely
heavily on full CSI knowledge, i.e., CSI associated with each of the antennas. Acquir-
ing such knowledge could require large overhead and is time consuming, especially
when the number of antennas is large as expected in next generation cellular systems.
Moreover, while the receiver may use pilot symbols to estimate CSI and to perform
receive beamforming, transmit beamforming may require feeding back the CSI from
the receivers, which induces a considerably large overhead as compared to acquiring

! This renders CSI-based beamforming approaches practically

CSI at the receiver.
undesired for transmit beamforming [61-64]. In addition, in mmWave transmission,
the received signal per antenna before beamforming is expected to be very weak.
As the channel coefficients have to be estimated per antenna, large error in channel
estimation is anticipated and hence beamforming gain degradation is expected [62].

Designing analog beams without the knowledge of the CSI per antenna is the

main motivation behind the development of the second approach, namely, beam

n frequency division based systems (e.g., LTE), devices transmit and receive signals over dif-
ferent frequencies and hence the CSI of the uplink channel differs from the one in the downlink.
Performing beamforming at the transmitter requires CSI that is estimated by the receiver and fed
back to the transmitter.
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training [61-64]. The idea is to steer a beam in different directions, according to
a predetermined beamforming codebook, then choose the one that maximizes the

2 A naive beamforming training technique is done through

received signal power.
exhaustive search by considering a narrow beam, rotating the beam in small steps
and then choosing the one that maximizes the received power. Exhaustive search
could achieve the highest array gain, if the used codebook is of high resolution (a
narrow beam and a small rotation beam step). However, in this case, beam training
becomes time consuming. As an alternative, to reduce the search time, hierarchical
beam training has been proposed [61-64]. The authors suggested to use a divide-and-
conquer search process across the codebook levels where at each level, the best beam
contained in the higher-level beam (i.e., lower resolution level) with the largest gain
is selected.

The main drawback of hierarchical beam training is the absence of minimum gain
guaranteed such as achieving a gain within a certain gap to the maximum. In fact, at
a low resolution level of the codebook, a particular wide beam could have the highest
gain, however, there is no guarantee that one of its descendant beams will achieve
the highest gain or at least a gain within a certain range. Moreover, the choice of key
parameters of hierarchical beam training (e.g., number of levels, widths of the beams
in each level, etc.) is not justified, meanwhile they heavily impact the beamforming
gain and the beam search time. Motivated by this, we aim in this chapter to provide

an analog beamforming technique that does not require the CSI while guaranteeing

a minimum beamforming gain.

ZNote that using beam training techniques, a receiver will get a scalar product of the channel
coefficients and the phase-shifters weight, all multiplied by the transmitted symbol. Therefore,
although beam training techniques do not require estimating the CSI per each of the antennas while
designing the analog beam, the receiver may need to estimate the aforementioned scalar product,
which is the equivalent of estimating one channel coefficient, to be able to decode the transmitted
symbol. This is similar to the case when the receiver is equipped with one antenna. We stress here
that such information is not needed while performing transmit beam training.
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3.1.2 Proposed Solution Overview

The idea of the proposed approach derives from a key observation of real world
mmWave measurements that we conducted at Bell Labs, Crawford Hill, NJ. We ob-
served that in similar propagation scenarios the azimuthal Angle-of-Arrival(AoA)/Angle-
of-Departure (AoD) of dominant signals are more probable from certain angles than
others, i.e., there is similarity among azimuthal radiation patterns associated with
dominant signals. One of these experiments was conducted in an indoor office envi-
ronment and it consisted of placing a 28 Ghz transmitter in the corridor and a horn
antenna receiver inside an office. The receiver was mounted on a rotating platform
and was able to measure signals received from all azimuthal angles with one degree
precision (more details on the used equipment and experiments parameters are pro-
vided in Sec. 3.7). Then, we repeated the experiment, however, this time we relocated
the receiver in another office. Moreover, the transmitter location was adjusted such
that the transmitter-receiver distance was equal to the one considered in the first
experiment. The azimuthal radiation patterns are depicted in Figs. 3.1.a and 3.1.b
where we can observe some similarity between the two radiation patterns. This sim-
ilarity was somewhat expected, given that mmWave signals have poor penetration
and hence dominant signals’ AoA/AoD are affected by the physical architecture of
the propagation environment. This makes some angles to be more likely to contain
dominant signals than others for a given propagation environment. For instance, in
Figs. 3.1.a and 3.1.b, the dominant signals’ directions are somewhat related to the
physical direction of the office doors. This suggests that, for the same propagation
environment, there would be a similarity between the beams design of previously and
future connected users.

The proposed beamforming technique is based on exploiting the experience (i.e.,
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Figure 3.1: Samples of azimuthal radiation patterns inside offices.

beams design) of previously connected users to predict beam designs for future con-
nected users. The proposed approach consists of collecting measurements a priori from
users or by the service provider to build a codebook that regroups the most probable
analog beams containing dominant signals. The codebook is built while taking into
consideration a constraint on the minimum beamforming gain. Once the codebook
is set up, the transmitter/receiver steers the beam according to the codebook, then
chooses the one that maximizes the received signal power.

The beam search time is mainly determined by the codebook size, i.e., shorter
codebook gives shorter search time. Therefore, the objective of this work is to mini-
mize the size of the beamforming codebook subject to a minimum guaranteed gain.
Building such codebook from measurements, however, could be challenging, since the
collected measurements are discrete and of large size. Moreover, there are multiple
parameters to determine, such as the codebook size and beams’ directions. These are
in addition to the constraint on the minimum guaranteed performance. The problem
at hand gives rise to a mix of discrete-continuous optimization problem with a large
search space, which is unclear how to solve through optimization techniques, and it

may not even be scalable.
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As the key idea is to exploit similarity among beams, the problem at hand can
be seen as a clustering problem where approximately similar beams are put together
and one beam is delegated to represent each of these clusters. The delegated beams
will be the elements of the codebook. The fact that we have a clustering problem and
a huge size of data to process makes machine learning a potential candidate to infer
the codebook [80-83]. However, there are multiple challenges that need to be taken
into consideration. First, the optimal codebook is not known, which suggests that
the technique should be unsupervised. Second, the size of the codebook is also not
known and hence the used method should be nonparametric.?> Third, the proposed
technique should offer the ability to auto-update the codebook if more measurements
are available or when the physical environment changes due, for instance, to con-
structions. All those criteria are met by the well known Bayesian machine learning
approach, and hence it will be considered in this chapter to solve the problem in
hand [80-83], [85-88].

The core idea of the machine learning approach adopted in this chapter is that
the codebook parameters (beams’ widths and directions) are treated as random vari-
ables, which naturally correspond to some joint probability distribution conditioned
on the measurement points (i.e., observations) [80-83], [85-88]. The parameters that
maximize this conditional probability distribution are learned (i.e., inferred) from the
observations. The inference process may be summarized as follows. We define the
probabilistic model that binds the measurements to the codebook parameters while
considering the constraints at hand. This has to be done in such a way that we can
infer the codebook parameters from the parameters of the probabilistic model of the

measurements in hand. We make use of Gibbs sampling theory and Bayes’ theory

3Nonparametric machine learning techniques are those that do not require the number of clusters
as input. For instance, machine learning techniques based on K-mean require to set a priori the
number of clusters K and hence they can not be considered as nonparametric clustering techniques
[80, 84].

61



to infer the conditional probability (called, the posterior) and the parameters that

maximize it, and this is used to obtain the codebook parameters [89].

3.1.3 Contributions

In this chapter, we make multiple contributions. We first propose a novel system
design for beamforming prediction and describe the communication process among
the system elements, namely, the users, the service provided and the BS. The process
contains three major steps that are: measurements collection, codebook building and
beam training. Second, we provide a measurement-based codebook design technique
using Bayesian machine learning where the problem is formulated and solved. The
proposed codebook guarantees a minimum gain. It is worth mentioning that, to
the best of our knowledge, we are the first to exploit measurements of previously
connected users to predict the beam design for future connected users.? Third, we
conducted real-world experiments to validate the proposed approach and show its
efficacy. We show that the proposed approach achieves the intended goal while saving
more than 95% of the search time as compared to exhaustive search.

The rest of the chapter is organized as follows. In Section 3.2, preliminaries on
nonparametric Bayesian statistics are provided. In Sections 3.3 and 3.4, the system
design and the codebook inference process are provided, respectively. The inference
algorithm is described in detail in Section 3.5. We discuss the proposed technique
process in the case where multiple side information are available 3.6. The performance
of the proposed approach is assessed and compared to existing benchmark approaches

in Section 3.7. We conclude the chapter in Section 3.8.

4In low frequencies used in 4G systems and lower generations, the obstacle penetration depth is
much higher than the one of mmWave frequencies. This makes the AoA/AoD of dominant signals
in different devices much less correlated to each other, if not completely independent. Nonetheless,
the widely considered model used to characterise the channel effect such as Rayleigh and Nakagami
are a clear proof of the independence between the users’” AoA/AoD [90].
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3.2 Background on Bayesian Statistical Learning

Bayesian learning is different from other commonly used machine learning techniques
such as deep neural networks, random forest, reinforcement learning, etc. [91]. In
fact, the Bayesian method is statistics based and is known to be analytical in nature,
although the solution is obtained algorithmically [81-83] [89]. This stems from the
fact that the inference algorithm is used to obtain an approximation of (i.e., learn) the
conditional probability of the intended parameters given the observations. Moreover,
it has been proven theoretically that the results converge to the exact intended result
(called, true posterior) as the number of observations increases [81-83], [89]. It also
offers the possibility to characterize probabilistically the gap to the true posterior.

Furthermore, other machine learning approaches may require pre-fixing some pa-
rameters (e.g., the number of clusters) and/or consider that the parameters take
values in finite discrete parameters space (e.g., reinforcement learning) [91]. This
makes them not suitable for our case since the number of clusters, which will reflect
the size of the codebook, is unknown a priori and may vary from one environment
to another. In addition, the elements of the codebook could take values in a space
of infinite elements. For instance, the beam direction could take any value in the
angular interval [0°,360°]. Nonetheless, it is not clear how one can apply any of the
machine learning techniques to solve the problem at hand.

In Bayesian statistics, any form of uncertainty is expressed as randomness. There-
fore, we model the intended unknown parameters (i.e., codebook parameters), de-
noted by © = {6;,7 € N}, as random variables, and they take values in space ).
The observations {z1,...,x,} are assumed to be generated in two stages. First, the
parameters are sampled from a space §2 according to a prior distribution Gy. The
prior gives the possibility to incorporate our thoughts, experiences, knowledge, etc,

in how the parameters of the model should look like. For example, in the case where
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the transmitter and the receiver are both located in the corridor, from our experience,
dominant signals most likely come from the direction of the transmitter. Second, the

data is independently sampled from the distribution Pg. That is,

0 ~ Gy
(3.1)

L1y ... ,l’n|@ ~iid P@.

The objective now is to draw a conclusion about the values of © from the ob-

servations, which is provided through inferring the posterior distribution G(©) 2

P[O|zy, ..., x,] from which the most likely value of O is extracted. Using Bayes’ rule,
we have
[1i=, p(2:©)Go ()

GO €)= T 7 p(0.]d0)Co(d®) (3.2

In almost all scenarios, the explicit expression of the posterior is difficult, if not

possible, to provide analytically. Nonetheless, to obtain the posterior and the values
of the elements of ©, there are inference approaches that can be used, such as Gibbs-
sampling [81], [82], [89] (more on this in Sec. 3.5.)

An inference model is said to be parametric if the space of the parameters €2 has
a finite dimension K that is known a priori. Obviously, this model is not suitable for
our case since the number of parameters, which is essentially related to the size of
the codebook, is unknown. In this case, 2 has to be of infinite dimensions and thus
the inference model is said to be nonparametric, which is what we consider in this

chapter.

3.3 System Design

We consider a generic model that consists of a mmWave BS serving multiple users

within its coverage. Each of the users’ device is assumed to be equipped with multiple
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antennas and few mmWave RF chains (could be as small as one). Users will perform
receive/transmit beamforming to enhance, respectively, their received power and the
one received by the BS. This includes their ability to point the beam approximately
in any possible azimuth direction and to perform reasonably narrow and wide beams
as intended, e.g., in the range of 10° to 60°. Although the proposed approach can be
used for beam prediction at the users’ devices as well as at the BS, we focus in this
chapter on the users’ devices and the same process applies to the BS.

This chapter presents a novel mmWave analog beamforming technique that does
not require CSI and provide a minimum gain guaranteed. The key idea is to ex-
ploit the similarity among dominant signals’ AoA /AoD of different users in the same
propagation environment ( see Figs. 3.1.a and 3.1.b.) Especially, we make use of
measurements collected a priori from previously connected users and/or by the ser-
vice provider to build a codebook regrouping the most probable beams that contain
dominant signals. Future connected users hence will consult the already-built code-
book then pick the beam that maximizes the received power. The aforementioned
phases, namely, collecting measurements, building the codebook and beam training,

are briefly described in the following.

3.3.1 Collecting Measurements

Measurements are collected from different locations in the coverage area of the BS.
At each position, the task consists of establishing a narrow beam then rotating it in
small steps. For each position, the received signal power and its associated direction
is recorded and shared with the BS. The task of collecting measurements to build the
codebook for receive beamforming differs slightly from the one for transmit beam-
forming. As for the first one, we suggest that the measurement will be collected by

a mobile device then sent to the BS, whereas for transmit beamforming, the mobile
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device performs transmit beamforming at different directions and the BS records the
received signals. In the rest of the chapter, measurements correspond to the set of
angles (AoA/AoD) and their associated received power.

The measurements could be collected by the service provider as well as by the
users’ devices. We also suggest that the users continue to collect measurements, even
after building the beamforming codebook, which could be done, for instance, when
the network is not busy (i.e, low traffic) and when they are idle. This will help to
enhance the codebook accuracy, since it is intuitive that the more observations we
have, better inference accuracy will be obtained (see Sec. 3.4 for more details). This
also gives the advantage of updating the codebook when changes in the environment
occur (e.g., constructions, tree leafs loss), without the intervention of the service

provider.

3.3.2 Codebook Building

Given the measurements, the BS builds a beamforming codebook considering a min-
imum performance criterion, that is, achieving a gain within a certain gap to the
maximum for almost all cases. In other words, using the codebook, the probability of
having a gain within a gap (denoted by «) from the maximum (denoted by Maxgain)
is desired to be higher than a certain threshold Oy, (e.g., 90%).% This constraint can

be formulated analytically as follows.

Pr(Gain > Maxgain — ) = O (3.3)

The maximum gain that is obtained through an exhaustive search.

5This constraint has a similar form to commonly used performance criterion such as the outage
probability.
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The proposed approach exploits the similarity among the beams containing in-
tended dominant signals, i.e., beams with a gain above the threshold Maxgai, — 7.
To do so, we make use of Bayesian learning to cluster theses beams. We then extract
the elements of the codebook from the obtained clusters. Each element (i.e., training
beam) will be defined through two parameters, namely, direction and width. It is to
note that the channel responses may change from a coherence bandwidth to another.

Therefore, we propose to build a codebook per coherence bandwidth.

3.3.3 Beam Training

When a user attempts to establish a communication with a BS, the latter shares with
the user the beam training codebook. The user steers receive/transmit beamforming
according to the element of the codebook, then picks the beam design that maximizes
the received signal power. Here, beam training for transmit and receive beamforming
differs slightly from each other. In fact, the beam selection is made by the user for
receive beamforming, whereas it is made by the BS for transmit beamforming where
the BS feeds back the index of the best beam design.

Using the proposed training technique, the user has to orient the beams as in-
dicated by the codebook. Here, there is an underlying assumption concerning a
reference direction (i.e., direction 0°) that should be known by the BS as well as
by the users and has to be the same one used to build the codebook. To elabo-
rate, let us consider the case where one of the codebook elements indicates that the
beam direction is 90°. This suggests that the user has to know first the reference
direction 0°, then orients the beam 90°. There are multiple ways to set a reference
direction [92-100]. For instance, it could be one of the geodetic directions such as

the true north which can be easily obtained through the digital compass of the user
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device [92]. Another option is to consider the user-BS direction as a reference direc-
tion. In this case, we suggest that the BS share its position with the user, who will
in turn use a Global Positioning System (GPS) to identify its position and then the
user-BS direction [93], [94]. Although this solution is more applicable for outdoor
communications, some highly precise solutions and products have been proposed and
commercialized including the interior positioning system (IPS) [101], [102].

Random errors along with the estimation of the reference direction are expected
to occur. In practice, errors induced by the above listed solutions are reasonably
low. In fact, nowadays, a phone compass has a margin of incertitude of 5° for almost
all case scenarios. Moreover, a study made by the government of the United-States
showed that the margin of incertitude of the GPS is less than 8 meters for 95% of the
cases [94]. An example of the effect of the GPS precision on the direction estimation
error is depicted in the following. Let us assume that there is a user located 50m
away from the BS. In this case, the error in estimating the user-BS direction is less
than 9° with probability higher than 95%. The error becomes less than 5° when the
user is 100m away from the BS. Nonetheless, such error could be handled by the
proposed approach, as it will be shown in Section 3.7. For instance, along with the
measurements collection process, there is a random error in the reference direction
that can reach up to 20°. Nonetheless, the provided results show that the proposed

approach is robust against the error in the reference direction estimation.

3.4 Codebook Inference

The primary objective of our work is to infer a beamforming codebook that regroups
the most probable beams directions and widths that would meet a given performance
criterion. For clustering, we make use of the nonparametric Bayesian approach, since

the size of the codebook is unknown and the used technique has to be unsupervised.
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This method consists of inferring a probabilistic model on the measurements. Here,
the codebook elements have to correspond to or computed from the parameters of
the inferred model. Therefore, the inference model has to be carefully chosen. The

problem formulation as well as the inference method are described in the following.

3.4.1 Features Selection

The codebook will be derived from the measurements through clustering beams that
meet the minimum performance criteria, i.e., Gain > Maxga, — 7. Therefore, the
first step is to extract from the measurements the beams with the intended gain.
Particularly, the BS considers the beams in which each sub-beam has a gain higher
than the minimum required. This increases the probability of having a gain higher
than the minimum value even if a part of the beam is selected or a beam with a
slightly larger width is considered.

Each of the considered beams will be defined through two features.® The first one
consists of the width of the beam whereas the second one consists of the direction of
the central ray of the beam. The observations to consider for inference are hence a set
of N points each defined through two elements denoted by {z;,y;} that correspond,

respectively, to direction and width.

3.4.2 Inference Model: Dirichlet Process

In this chapter, we use a Bayesian approach for inference [89], [81]. This requires
defining a process from which the observations (i.e., measurements) {z,y} are sam-
pled. In Bayesian statistical learning, the observations are assumed to be generated

through a process that consists of two stages: first, the parameters of the distribution

6In machine learning, feature selection consists of selecting the relevant variables from the data
before clustering.
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(denoted by ©) are sampled from certain distributions Go(© € ), then the observa-
tions are sampled from an obtained distribution (denoted by Pg(z,y)) that is defined
through the sampled parameters. Now, we need to describe in detail the process from
which the observations are sampled.

Defining a process includes defining the form of the distribution on the measure-
ments. Recall that, through measurements, we showed that there are some beams
that are more probable than others (we refer readers to Figs. 3.1.a and 3.1.b.) Ex-
amining the histogram of {(z;,v;),? € [1, N]} may reveal peaks with different heights
and widths, resembling a mixture of a bivariate (2D) Gaussian distribution, which
can be used as an approximate shape of Pg(z,y). Particularly, the distribution of the
direction of the beams (z) is defined through a wrapped Gaussian distribution, given
that the angle z is a circular variable [103].

The mixture of distributions is defined through two sets of parameters: the mix-
ture elements’ parameters @ = {61, 65, ...} and the mixtures’ weights @ = {m, mo, ...},

i.e., © = {m, 0}. A bivariate Gaussian mixture has the following form.”

P@(LL’, y) = Z ﬂ-k'/\/bk (SL’, y>7 (34>

where Ny, (x,y) is the probability density function (PDF) of the wrapped bivariate

Gaussian distribution given the set of parameters ;. That is,

1 (ye, —v) 1 1 (zc, +i x 360 — x)?
N 7k E - &
o (@,y) = \/ﬁaky p( 2 o7, Vo, T\ 2 O

1=—00

Z (zc, +1 % 360 — x)? n (ye, —y)*
2p10k o P o2 o2 ’
WOky = kx ky

(3.5)

7 We note that the parameters to infer in (3.4) can be analytically associated to (i.e., computed
from) those intended in the codebook process as will be shown in Sec. 3.4.3.
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ak,x

where pi ~ 3.14. Moreover, (z¢,,yc,) and COVg, = denote respec-

2
0 Tky

tively the mean and the covariance matrix of the unwrapped version of the bivariate
distribution, i,e., the parameters of the kth cluster ) [103].

Since we are considering a mixture of bivariate Gaussian, we have two parame-
ter spaces Q0 = {Qg, 2} that are associated respectively to the parameters € and
7. They could be defined as Q, = {[0,1]¥|K € N,S.8 7 = 1} and Qp =
{(z¢c,,yc,) € R?, Oku, 0k, > 0} [81,89]. Let us also define ¢ 2 {p; = O if (z4,y;) €
kth cluster,i = [1, N|} as the latent vector of variables. These variables are needed
to associate each measurement point to a cluster.

To summarize, the measurement point could be generated from a mixture of bi-
variate Gaussian conditional Py (z,y) defined by a set of parameters (6 and 7r) that
are sampled from (2, and g according to a prior distribution G. This corresponds
to a Dirichlet process, denoted by DP(«a, Gy), where « is a strictly positive constant

that defines the process precision [81], [89]. That is,

T, Ty ... Y D(Oé)
0,05, ...~ Go

G1, P2, ..., ON|O, T ~ Zﬂkéek
%
(in’in)|¢ ~ Ndw

where Jg, is a Dirac measure and D(©) is the Dirichlet distribution with parameter

«. The choice of o will be discussed in Sec. 3.5.1.
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3.4.3 Model Parameters vs. Codebook Parameters

We link in this section the model parameters (i.e., means and covariance matrices) and
those of the codebook elements. Moreover, the effect of constraint on the minimum
guaranteed performance is analyzed. This gives insight into the final intended values,

which will help in the inference process.

3.4.3.1 Codebook

As mentioned earlier, the beams with the intended performance can be clustered into
K clusters based on the set of inferred parameters {6, 7, ®}. Here, K is the length
of the vector 7 (or 8). The K clusters can be seen as K elements of the codebook.
Moreover, as the mean of each cluster is by definition the point that maximizes the
average similarity with the beams in the cluster, it is then judicious to consider the
means of the mixture distributions {(z¢,,vyc,),k € [1, K]} as the elements of the

codebook.

3.4.3.2 On the Performance Criteria

One key parameter in the performance criteria is Oy, which defines the probability
of having a gain higher than Gainyp,, — . To better understand the impact of this
element, we consider the following example. Let us assume that we obtained a set of
clusters that contain Oy, x 100 percent of all the measurement points (e.g., Oy 1 =
0.95). This suggests that rare events (measurements) with percentage 100 — Oy, 1 are
neglected. Now, considering each cluster separately and evaluate their performance.
Let us assume that in each cluster the gain is higher than Gain,s,, — v for at least
Oyn2 x 100 percent of the measurements belonging to the cluster. These suggests
that the performance criterion is satisfied if Oy, 1 X O, 2 > Oy, An example of the

possible values of these thresholds is {Oy,1 = 0.95, Oy 2 = 0.95, Oy, >~ 0.9}.
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Breaking down Oy, into two elements, as explained in the previous example, will
help to detect problematic clusters. For instance, for a given cluster, if the probability
of having the intended gain is less than Oy, 2, then one can conclude that the cluster is
oversized and hence shrinking the cluster is needed (more about this is provided in Sec.
3.5). In fact, the smaller the cluster size, higher similarity between the measurements
and the mean of the cluster which implies higher probability to meet the intended gain.
For the rest of the chapter, we use Oy, 1 and Oy, 2 to denote, respectively, the target
probability of having a point measurement belonging to one of the defined clusters
and the minimum required probability per cluster of achieving the intended gain.
We assume that these two parameters are set by the service provider as performance

criteria. They shall be chosen such that {O,1 X O 2 < O}

3.4.4 The Prior

The last missing piece to completely define the Dirichlet process is the prior Go(8).
Recall that the prior is the possible distribution over the means {(z¢,, yc, )|k € N} and
the covariance matrices {COV¢, |k € N}. Since the means and the covariance matrices
are independent, G(8) is simply the product of their individual prior distributions.
Here, there are two major challenges to be addressed. First, we must define the
appropriate priors, since arbitrarily choosing the prior will considerably contaminate
the final distribution. Second, during the inference process (as will be discussed in
Sec. 3.5), we need to provide a close form expression for p(z;,v;), given the prior
Go(0), ie.,

i ulGo) = [ (e ul6) Go()do. (37)

0eQ
for each of the measurement points (x;, ;). Therefore, we have also interest in choos-
ing the prior distribution such that the integral in (3.7) is tractable.

The codebook elements are more likely to be in ranges of directions and widths
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where there is high densities of the intended dominant signals. Based on this obser-
vation, a legitimate choice of the prior distribution over the means is a mixture of
Gaussians where the mixture weights are high in the ranges with high dominant sig-

nals density. Let us denote the number of mixture elements by K, the means by mg =

{mo1,m02, ..., MoK, }, and the covariance matrices by Ay = {Ao1,No2,. .., Aok, }-
We also use my = {mo.1,T02,- .., M0k, } to denote the mixture weights vector. That
is,
Ko
(xckvyck)‘w()vavAO ~ E , T Nmo,k,Ao,k (‘) (38)
0,k
k=10

The parameters {7y, mg, Ao} are called hyper-parameters and they have to be known
a priori. The parameters K, and my may be chosen from the histogram of the
observations, where K, would be the number of peaks and mgy would be the 2D
positions of those peaks. As for Ag, it is difficult to obtain from the histogram. As
such, to account for its uncertainty, we treat its elements as random matrices.

To make the integral in (3.7) tractable, we link the distributions of COV¢, to
that of Ag. Next, we provide the distribution of COV, that basically defines the
dimensions of the clusters. The clusters will take elliptic shapes, since they are the
bases of bivariate Gaussian distributions [103]. Since, the exact dimensions of theses
ellipses cannot be priori known, COV¢, can be approximated with some uncertainty
by the covariance matrix that corresponds to a circular shape and proportional to
COVy = o2 (I2x2 is the 2 x 2 identity matrix.) That is the distribution of COV¢,
is a Wishart distribution with parameters COV, and of degree two that is denoted
by Wcov,2(e) [104]. Indeed, the number two comes from the fact that COVp, are
symmetric and can be defined via two elements which are o} , and aiy. That is,

exp[—tr (COVy! x o) /2]
22|COV|T'2(1) ’

COVe, ~ Weov,a(e) = (3.9)
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where tr(e) and |e| denote the trace and the determinant operators, respectively.

In addition to the advantage of giving a good prior for COVp,, the Wishart
distribution is well known to be a conjugate of the Gaussian distribution, which
should help in getting a closed form expression for the integral in (3.7). Let us
assume that there exists a positive constant w such that the elements of %Ao follow

W(COVy, 2), i.e., %AM ~ Wcov,.2- In this case, the prior G can be written as

Ko
1
Go(rcy,ye,, COVg, ) = Z a-’vm&jécovck (T, Yo, lwCOVe, ) X Weov, 2(COVe, ).
j=1 "0,

(3.10)
Armed with the above results, the integral in (3.7) is viewed as a mixture of

T-distributions, which can be expressed as [105]

p(xi, vi|Go) 2/ P (xi, vilrek, yo,, COVe,) Go(zeoy , Yo, COVe, )dze, dye, dCOV e,
90

1
/ xl’ yl‘xciﬁ Ycy» COVCk) T Nmo ],—COV (xcxv yck‘ Covck)
Qg

0,7

X WCOVO 3 (COVCk )dl’ck d’yck dCO\/C’,c

i Z mlj,t3 xzuyz)
(3.11)

where t = COV0 The equality (a) is obtained by computing the integral as

2(1+
shown in [106].
3.5 Inferring the Codebook Parameters

The codebook parameters can be computed from the true posterior G(¢n) = >, oy Tk06, (0n)-
However, the true posterior is difficult to compute analytically using Bayes’ rule.

Nonetheless, there are inference algorithms that can provide the posterior such as the
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Figure 3.2: Inference and sampling process.

35

widely used Gibbs sampling approach [81], [89]. In the case of a Dirichlet process, the
Gibbs sampling approach is based on the Ferguson theorem [81-83]. It states that

Gibbs sampling converges to the true posterior and it takes the form

G — Gyt — 3 65 (3.12)

Since only the second term in (3.12) is considered to compute the codebook parame-
ters, the gap to the true distribution is at most OH-LNGO’ which decreases as the number
of samples increases. We provide a diagram in Fig. 3.2 to summarize and emphasize
the different steps of the inference and sampling processes.

We adopt in this chapter, an algorithm based on the MacEachern’s Gibbs sampling
algorithm, which offers faster convergence compared to the naive Gibbs sampling
algorithm [81]. In the MacEachern’s algorithm, two steps are executed iteratively:
associating the measurements to one of the existing clusters or generating a new one,
and updating the parameters of each cluster. The MacEachern’s algorithm gives
results for a given process precision «. Along with the inference process, we adjust
the value of o using the bisection algorithm until the intended performance defined
in (3.4) is satisfied and one could not reduce the size of the codebook any more. In
fact, since the number of cluster and the beamforming gain provided by the codebook

increase with «, the algorithm continue to increase a until the intended gain is met.
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Then, the size of « is decreased again according to bisection. The algorithm alternates
between increasing and decreasing « until the performance criteria are met and one
can not reduce K further. The proposed algorithm outline is described in Algorithm
2. In the algorithm, Ny, and d)_i denote the number of iterations and the vector

that contains the elements of ¢ except for the one associated to ¢;.

Algorithm 2: Proposed Algorithm Outline

Initialization:
«, Niter;

Measurements Clustering:
while Constraints on the performance & no variation on the code book size do

Update «;
MacEachen Algorithm:
1 for L =1 — Njier do
2 fori=1— N do
3 Plpilo™", zi,yi] =
Nia fqbiesz@ Plzi, yi|¢i]Go(di)ddi,  di < Onew
! Eiigp 00 @) pro 10150, € 0, i 0
N+ta 1y Yi|Vk k 5 ) k
5 ¢i + argmazPes|¢~", 0,7, 5, yi]
$i€Qg
6 if Boolean(¢; < Opew) < True then
7 K+ K+1
8 0+ {6,000}
9 end
10 end
11 for k=1— K do
12 | Update the parameter of kth cluster: (z¢,,¥yc,,COVg, )
13 end
14 end
Performance Analysis:
15 Performance analysis considering the threshold Oy, 2
end

Codebook Refining:
16 Neglect the least probable events with sum probability of 1 — O, 1.
17 Removing redundancy from the codebook.

Next, we discuss in detail each step in the algorithm, where we show how the

results obtained in Sec. 3.4.3 are used in the algorithm.
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3.5.1 Parameters Initialization

The proposed algorithm suggests to adjust the value of « using the bisection technique
and hence its initial value will have only an impact on the convergence time, but not
on the codebook. Nonetheless, one would anticipate a reasonably good starting value
of « if one obtains good approximate of K a priori. Indeed, considering a Dirichlet
process and a number of observations NV, the average number of generated clusters is

equal to 2 o ~ alog (&) [83]. This gives

K
 L(-K/N)’

o =

(3.13)

where L(e) is the Lambert function [107]. To elaborate, we consider the scenario
where the transmitter and receiver are both located in the hallway of an indoor
office environment. In this case, dominant signals will more likely come from the
transmitter direction (LoS) and hence K is expected to be around two or three. Now
using K ~ 2 or 3, one could derive a good starting value of o. As for the number of
iterations, one can set Ny, to 50, which is widely used in the literature and showed

to be sufficient to reach convergence [83], [85-88|.

3.5.2 Measurements Clustering

During the clustering step, a measurement point is either associated to one of the
existing clusters or to a new one. In fact, for each measurement point, we compute
Pl¢i|¢™", zi,1:]. A measurement point is associated to an existing cluster Cj, with

probability

Z;V:Lj;éz’ 69k (¢j)P
N+«

(3.14)

Ploi = Okl i, 45 = %4, yi| Ok

78



where P[z;, y;|0k] ~ N, or to new cluster with probability

«
N+«

Pl = Opewl ™" i, yi] = /¢> ) Pl yil¢i] Go(¢i)dg;
i€ilg

Ko (3.15)
Z —Tml,j,t,s(fb’ia Yi),

70,5

b o
 N+a

=1

where equality (b) comes from our derivation in (3.11) (the T-distribution parameters
are defined below (3.11).) Then, the value of ¢; with the maximum probability will
be selected. In the case when ¢; < 0,,.,, a new randomly generated cluster will be
added and the total number of clusters increases by one. The parameters of the new
cluster are defined through 6,,,, which consist of mean (Zew, Ynew) and covariance

matrix COV,,.,, that are randomly sampled from the prior.

3.5.3 Clustering Parameters Update

The means of the clusters are updated as follows.

N

m Z(% Yi)0o, (#4)- (3.16)

(kaa ka) =

For the covariance matrices, they are refined through multiple stages. In the first
stage, the algorithm computes the most likely covariance matrix COV¢, given the

data. That is,

o (@i = wc,)%0,(¢0)

= 3.17
A AT .
TS ) )

We then adjust the parameters of the covariance matrices to achieve the intended

constraint Oy, ». It may happen that for a given cluster the probability of one of its
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element having a gain higher than intended one (denoted by Oth, 2) is higher or lower
than Oy, 2. In this case, we have interest to respectively shrink or increase the cluster
size. The cluster takes an elliptical shape. Given that we have a bivariate Gaussian
distribution, the surface of the ellipse that contains a given percentage of points be-
longing to the cluster (i..e, a given confidence interval) is proportional to pi\/m ,

where A\, and )\, are the eigenvalues of COV,. To approach the intended result

Oth 2
Oth,2”

0) . . |0 10) ..
The new cluster coverage becomes, 52piy/Ag Ak = pl\/ P2 Ne w2t Ag - This is

Oqn,2 we can decrease or increase the surface covered by the cluster by the factor

Oth,2 Oth,2 " % Otp 2

the surface of the ellipse with covariance matrix %COVC .
Oip,2 k

3.5.4 Codebook Refining

The main objective of this step is to reduce the size of the codebook (i.e., reduce the
training time) as much as possible while meeting the minimum performance criteria
defined through the threshold Oy, = Oy, 1 X Oy, 2. The output of the clustering step is
a set of clusters that contain all the measurements points and each of them achieves
the threshold Oy, 2 > Oy,1. One could eliminate the clusters containing the least
probable measurement. It is to stress here that the sum of the mixture weighs ()
of the ignored clusters must be less than 1 — Oy, ;.

In the constructed codebook, it may happen that a beam is the union of two or
more narrower beams (in the codebook as well). In this case, one may keep only
the narrower beams while maintaining the same performance. In fact, during the
beam training, the user device checks all the codebook elements and then chooses
the one that maximizes the received signal power. Knowing that the average over
the union of elements is less than or equal than the maximum over the elements’
averages (i.e., mean(A, B,C) < max{mean(A), mean(B), mean(C)}), keeping only

the narrower beams will maintain the same performance. Therefore, we suggest to
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ignore any redundant beam, i.e., a beam that is equal to the union of narrower beams.

3.6 Exploiting Extra Side Information

In previous sections, we assumed that only one side information is available which is
the knowledge of a reference direction (e.g., geodetic direction). As the mobile devices
are getting smarter, other side information could be available such as the geographic
location and the distance from the BS. Such information could be exploited to reduce
the size of the codebook and then enhance the training time.

Although the proposed approach can take benefits from several side information,
we elaborate the case when the user-BS distance is available. User devices could
obtain such information using positioning systems such GPS and IPS [93], [101], [102].
As discussed in Sec. 3.3.3, the proposed technique does not require highly accurate
distance estimation, but rather a rough approximation. This stems from the fact that
the proposed technique will use the distance in the logarithmic domain (called also
log-distance) as it will be shown later on in this section. In this case, a 10m error on
the euclidian distance translates to an effective error of log(10) ~ 2.3.

The main idea is to use the log-distance information in accordance with the av-
erage received power (isotropic power) in order to identify if a user is in LOS or in
Non-LoS (NLOS) with the BS. A codebook for each case scenario will be built from
the measurements using similar method to the one described in detail in previous sec-
tions. Then, the appropriate codebook will be used for beam training. For each case
scenario, it is intuitive that the codebook will be of size less than the one combining
both scenarios and hence shorter beam training time is expected.

Measurements showed that a blockage could cause a loss of more than 20dB in
the received power. This suggests that for a given distance from the BS, a user in

NLoS with the BS characterises by a severe signal power drop as compared to a user
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having LoS with the BS. Therefore, it is possible to separate the LoS from the NLoS
scenarios when the distance, the isotropic received power and the path loss model are
available. Now, we have to build a mixture of two probabilistic models on the path
loss using Bayesian learning: one associated to the LoS case and an other one to the
NLoS case.

To build the model from the measurements collected a priori, we also make use
of the concept of the Dirichlet process and Gibbs sampling for inference. To avoid

dependency, we briefly describe the key elements to solve the problem (e.g., prior).
1) Features: isotropic power and the log-distance.

2) Adopted probabilistic model: the path loss model by definition depicts the
variation of the received power as a function of the log-distance. A widely used
model is defined through a linear curve (slop and intercept) and root-mean-
square deviation (RMS) that quantifies the error in the curve fitting. This is
also equivalent to an univariate Gaussian distribution with mean (intercept +
slop x distance) and variance RMS?. Based on the above discussion, the adopted
model is a mixture of univariate Gaussian where the means take the form of

(intercept + slop x distance) and variances are defined by RMS?.

3) Prior: as prior, we consider Friis model that quantifies the drops in signal power

as a function of the distance in a free space propagation environment [108].

4) Inference algorithm: we use Gibbs sampling for inference. During the phase of
the cluster update, we make use of curve fitting to update the clusters’ means

and variances.
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3.7 Experimental Validation

3.7.1 Experiment Setup

We used a narrowband sounder, transmitting a 28 GHz continuous-wave (CW) tone
at 22 dBm into a 10dBi horn with 55° half-power beamwidth in both elevation and
azimuth. The receiver has a 10° (24 dBi) horn mounted on a rotating platform
allowing a full angular scan every 200 ms with 1° azimuthal angular sampling. The
receiver records power samples at a rate of 740 samples/sec, with a 20 kHz receive
bandwidth and effective noise figure of 5 dB. The system was calibrated to assure
absolute power accuracy of 0.15 dBm. The high dynamic range of the sounder allows
reliable measurements of the path loss up to 171 dB with directional antenna gains.
A detailed description of the sounder can be found in [108].

Measurements were performed in a Bell Labs building in Crawford Hill, NJ with
a corridor of 110 m and width 1.8 m, and with lines of offices on both sides. The
transmitter was placed at one end of the hallway. During the measurements, the
receiver was placed at different locations and at different distances from the trans-
mitter. Measurements were collected in the corridor as well as in the building rooms
and around the corner of an intersection of hallways. A typical measurement geometry
is illustrated in Fig. 3.3.

We collected measurements from around 300 different locations. For each location,
we collected measurements for 10 seconds where the sounder rotates with speed 150
rounds per minute, i.e., 2.5 round per second. As the received power is collected for
each 1° azimuthal angular, we obtained measurements with an approximate size of
2.5 x 10 x 360 x 300 = 9000 x 300. The receiver records power samples and their
corresponding azimuthal angles. We used the geodic north as a reference direction.

In practice, it is expected to have an error in estimating the reference direction. As
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Figure 3.3: Corridor lined with rooms used for measurements at Bell Labs, Crawford
Hill, NJ.

discussed in Sec. 3.3.3, the error is moderate and is less than 10° for almost all case
scenarios. Therefore, while doing the measurements, we allowed a random error that
can reach up to 20°. Having such error while meeting the intended performance, as
shown in this section, demonstrates that the proposed approach works well under

moderate errors in the reference direction estimation.

3.7.2 Results

We divide the measurements into two sets: the first one consists of 70% of the total
measurements and used it to build the codebook, whereas the remaining measurement
points are used for validation. We use the collected data to evaluate the performance
of the proposed scheme in terms of the azimuthal gain and training (i.e., search) time.
We compare the resulting codebook design to that of the hierarchical beam design
proposed in the literature. It is based on divide-and-conquer search process across
the codebook levels [61-64]. At each level, the beam that maximizes the received
power and contained in the best higher-level wide beam is considered. It is intuitive
that the higher is the number of levels the better is performance. However, the
number of the levels strongly depends on the width of the narrowest beam that a

device could perform. For instance, for a number of level equal to six, the mobile
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device is suppose to perform beam as small as % ~ 10°. Considering a number of

level higher than six require that the device perform beam narrower than 32% ~ 5°
which not sounds practical. Therefore, we compare the performance of the proposed
approach to hierarchical beam search technique considering a number of level equal
to six. Moreover, we use the exhaustive search based technique as a benchmark.
Recall that the Maxga,, is achieved through exhaustive beam training where small
step equal to 1° is considered. In the following, we first consider the basic case where

only a reference direction is available as side information. The case when the distance

is also available is analyzed in Sec. 3.7.2.2.

3.7.2.1 Codebook Design

Figs. 3.4.a and 3.4.b depict the cumulative distribution function (CDF) of the gap to
the maximum possible gain where « is chosen to be 7 = 5dB and 3dB, respectively.
The success rate Oy, is set to 90%. From the figures, it is clear that the proposed
codebook almost achieves the intended performance, i.e., Pr(Gain > Gaing.x —y) >
Oyp,. For both setups, the achievable success rate is around 85% and it reaches up
to 95% for only one dB away from the intended gap . The small discrepancy to
the intended rate Oy, = 0.9 can be explained by the fact that we are analyzing the
performance of a predictor. It is therefore natural that it may not achieve the intended
goal if it is facing new case scenario differs from the ones considered along with the
training.

From the figures, we observe that hierarchical beam training approach is far away
from achieving the intended goal. In fact, the success rate (i.e., achieving a gain
higher than 7) is ~ 5% and ~ 15% for v = 5dB and v = 3dB, respectively. Recall
that the intended goal is to provide a success rate higher than 90%. These clearly

show the inefficiency of the hierarchical to guarantee a minimum azimuth gain.
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Figure 3.4: CDF of the gap to the maximum gain.

Table 3.1: Beamforming codebook for v = 5dB and v = 3dB.

Direction 55 189 | 207 | 225 | 259 | 346 | 290 | 284 | 306 | 325

v =5dB Beamwidth 22 23 21 25 27 20 19 24 19 25
— 34B Direction 349 | 264 | 279 | 186 | 199 | 242 | 327 | 211 | 230 | 248 | 292 | 304 | 57 | 70
7= Beamwidth 12 19 18 18 18 10 19 17 19 21 18 15 19 | 15

In Tab. 3.1, we provide the codebooks’ elements using the proposed approach
for v = 5dB and 3dB, respectively. Recall that these codebooks are based on real
measurements and hence could be used in practical systems in similar propagation
scenarios. As compared to the exhaustive search approach where 360-beams are
checked, the proposed approach considerably reduces the training time by a factor

10
1— 40 > 95%.

3.7.2.2 Codebook Design Exploiting the User-BS Distance

Fig. 3.5 depicts the path loss models for both LoS and NLoS that are build using 70%
of the measurements. We used the remaining 30% of measurements to validate the
derived models. Using the distance and isotropic gain, the BS associates the point
to one of the models in Fig. 3.5. We find that the inferred models provide a success

rate of approximately 95% while classifying a user into LoS and NLoS.
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Now, after classifying a point measurement into LoS or NLoS, two codebooks
are built. In Fig. 3.6, we provide the CDF of the gap to the maximum azimuthal
gain for the NLoS and LoS scenarios. In each of scenario, we observe that each of
the codebooks almost achieves the intended performance, namely, a gain higher than
5dB for more than 90% of the cases.

In Table 3.2, we provide the codebooks elements corresponding to LoS and NLoS,
respectively. The size of the LoS and NLoS codebooks are respectively three and nine,
whereas it is of size ten where both cases are combined (see Tab. 3.1). Using the

10-3

distance hence could save oo = 70% of the search time when a user is in LoS with
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Table 3.2: NLoS Beamforming codebook for v = 5dB.

LoS Direction 6 | 183 | 209
Beamwidth | 26 | 24 | 22

NLoS Direction | 58 | 189 | 207 | 226 | 253 | 325 | 345 | 300 | 279
Beamwidth | 22| 23 | 21 | 24 | 25 | 22 | 21 | 19 | 24

the BS. However, the gain is only about 10% for the NLoS case. Overall, exploiting
such side information could help in reducing the beam training time and the gain

could be higher if more side information are available such as the location, etc.

3.8 Conclusion

In this chapter, we proposed a codebook based beamforming technique. The main
feature of the proposed technique is that it does not require CSI knowledge while guar-
anteeing a minimum beamforming gain. It also saves more than 95% of exhaustive
beam training search time. The performance of the proposed approach is validated
through a real word experiment that we conducted. The proposed technique involves
using measurements that are collected from previously connected users to predict the
beam designs for future connected users. In fact, the measurements are used to build
a beamforming codebook that regroups the most probable beam designs containing
dominant signals. We used Bayesian machine learning to cluster measurement points
and to derive the appropriate codebook. The used method offers the possibility to au-
tomatically update the codebook, when changes on the physical environment occurs

due, for instance, to constructions.
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Chapter 4

A Framework for Unsupervised

Planning of Cellular Networks

In the earlier stages of developing the 5G, the main focus has been on breakthrough
RAN technologies. Meanwhile, from the service providers perspective, the profitabil-
ity is a strong criterion for rollout decisions. Therefore, the wireless industry starts
seeking cost-effective solutions. To reduce the CAPEX and OPEX, it has been sug-
gested to respectively optimize the use of the equipment (especially the BSs) and
automate the RAN operations. These fall within the scope of the SON concept,
which is designed to automate the planning, configuration, management, and healing
operations in cellular networks. Among these processes, self-planning received special
intention due to the complexity of the task and its direct link to CAPEX. The task
aims to provide a RAN configuration that minimizes the number of deployed BSs
given certain QoS requirements (usually achieved by meeting coverage and capacity

constraints.) Existing approaches fail to provide a comprehensive solution as they

9The work presented in this chapter has been submitted to IEEE Transactions on Communica-
tions (Second round of revision) [66].
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only solve a part of the problem for instance considering only the coverage or capac-
ity constraint. The difficulty lies in large number of parameters to provide, the large
research space and the large set of data to process.

In this chapter, we introduce a novel automated planning approach that provides
the necessary planning parameters (BSs positions, antenna radiation pattern, etc.)
subject to a set of constraints including the cells’ capacity and their transmit powers.
We show that the proposed planning approach provides optimal planning and con-
siderably reduce the costs (i.e., number of the deployed BSs) as compared to other

counterpart techniques.

4.1 Introduction

4.1.1 Motivations

The wireless industry has been focusing on developing smart cellular architectures
that dynamically adjust the use of the network elements according to the service
demand, and automating their operations in order to minimize both CAPEX and
OPEX [17], [18-21]. A first step in this direction has already been taken by the
3GPP and the NGMN in which they introduced the concept of SON. The concept
received significant attention from the telecommunication leaders such as NOKIA
and Ericsson. SON is anticipated to be worth 5.5 Billion by 2022 and to be the key
enabling solution for low cost and high capacity 5G/6G networks [109].

An integral part of SON is the so-called RAN self-planning, which has received
special attention owing to the fact that it considerably affects both the system per-
formance and CAPEX [110], [90]. The need for self-planning is also aligned with

the promotion of dynamic RAN architecture that has the ability to adapt to the
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users’ service demand. It is mainly enabled by the use of mobile BSs, such as UAV-
BSs [37-39].! In this case, the task of planning could become time sensitive and
costly, as it has to be performed rapidly and frequently. For example, we consider the
scenario where mobile BSs (e.g., UAV-BSs) are used to support an existing terres-
trial cellular network. To take advantage of the BSs mobility and justify their use as
replacement of terrestrial BSs, their positions and parameters have to be judiciously
updated according to the users’ service demand. This implies that a considerable
change on the users’ distribution necessitates providing new deployment parameters.
Traditional supervised planning techniques are based on human intervention and re-
sult in high OPEX. They could also be time consuming and therefore not suitable to
use for rapid deployment.

Cell planning essentially involves identifying the key parameters (e.g., number of
BSs and their locations, and the antenna radiation patterns) that minimize the num-
ber of BSs subject to coverage, capacity and transmit power constraints. Additional
constraints have also to be considered including inter-cell interference. In practice,
this is equivalent to providing a network setup that gives a good coverage while pre-
venting resources over/under provisioning. In fact, a cellular system is said to be
well planned (i.e., optimal plan) if it provides a good coverage, i.e., on average higher
than 90% per each cell, and a good system utilization, i.e., utilization in each cell is
between 70% and 90% of its maximum capacity [110], [90]. The lower bound on the
cell utilization guarantees a good use of resources (i.e., prevents from resources over
provisioning), whereas the other two constraints guarantee a good QoS (i.e., good

coverage and non-saturated system).

In terms of standardization, a study item on LTE network empowered by mobile BSs has been
initiated by 3GPP in Release 15 [40]. In this study, LTE UAV-BS field test results are analyzed and
documented for 6GHz bands [41]. Both academia and industry have demonstrated prototypes on
UAV-BS capable cellular networks and made field test results [42].

91



4.1.2 Literature Review

Several recent works aimed to develop unsupervised solutions that provide the es-
sential planning parameters, namely, the minimum required BSs, the BSs coverage,
users clustering and the BSs radiation patterns (for the rest of the chapter, we refer
to those parameters simply as planning parameters), while considering coverage, ca-
pacity and power constraints [111-117]. Other practical constraints have also to be
taken into consideration such as interference. Most of these works focused on con-
sidering either one or a combination of the aforementioned planning parameters and
constraints, but not all of them. For instance, the authors of [111-114] considered
a fixed number of BSs to deploy, then they investigated their positions and/or users
association. In [111], the authors used the sphere packing theory to investigate the
placement of multiple BSs to maximize the total coverage area for a given number of
BSs. In [112], under the assumption of a priori known number of BSs and their loca-
tions, the authors used the transport theory to cluster users, i.e., associate users to
BSs. In [113], [114], the authors considered the problem of deployment of one or two
BSs to maximize the QoS. In [115-117], the authors developed heuristic approaches
to determine the number of BSs necessary to cover the entire area. The algorithm
determines first the number of BSs required to cover all the area. Then, new BSs are
added in the zone areas where the system is under provisioned [116], [117].

The existing related work clearly did not provide a comprehensive solution for the
problem of unsupervised planning. Indeed, in [111-114], the goal was to maximize
either the system capacity or coverage given certain limited resources. This suggests
that the resource could be over or under provisioning. Moreover, the authors only
solved a subproblem of the planning process while considering assumptions that may
require human decisions, such as knowing a priori the number of BSs. In [115-117],

the main focus was to minimize the number of required BSs while satisfying the
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coverage requirement and providing enough resources to serve users. The network in
this case could be over provisioning, given that there is no constraint on the minimum
utilization per BSs. One can obtain the same results by simply deploying a very large
number of BSs, and this guarantees providing high coverage and enough resources for
each user. However, this will clearly lead to a large number of BSs and consequently

leads to a high CAPEX.

4.1.3 Contributions

Providing the essential planning parameters at once and considering all the aforemen-
tioned constraints gives rise to a complex optimization problem which has been shown
to be non-scalable [111-116], [117]. In fact, the number of users to optimize over is
very large (on the order of thousands), and there are multiple parameters to find in
addition to the large search spaces and the multiple constraints on the capacity, cov-
erage and power. To overcome this problem, we make use of the statistical machine
learning theory that has been shown to be efficient in scenarios involving processing
large data with many parameters [81-83,118]. We provide a solution that identifies
the essential planning parameters while satisfying capacity and coverage constraints
for a given maximum transmission power.

The core idea of the statistical machine learning approach adopted in this chapter
is that the planning parameters are treated as random variables, which naturally gives
some joint probability distribution conditioned on the users positions (i.e., observa-
tions.) The parameters that maximize this conditional probability distribution are
learned (i.e., inferred) where the learning process can be summarized as follows. We
define the probabilistic model that binds the observations with the planning param-
eters while considering the constraints at hand. This has to be done in such a way

that we can infer the planning parameters from the parameters of the probabilistic
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model of the observations. We make use of Gibbs sampling theory and Bayes’ theory
to infer the conditional probability (the posterior) and the parameters that maximize
it, and this is used to obtain the planning parameters.

As described above, the main feature of the proposed framework is that it gives
the planning parameters at once while satisfying coverage constraints and preventing
resources over or under provisioning. While developing the proposed framework, we
first consider the case of fully uncovered geographic area which is the case of plan-
ning new cellular networks or a fully damaged cellular network due, for instance, to
a natural disaster. We then provide the necessary steps to develop an unsupervised
planning approach. We then show how the proposed solution can also be adapted
to be used for the case where new BSs have to be deployed to support an existing
cellular infrastructures. We remark that, to the best of our knowledge, statistical
machine learning has never been used before for cellular planning purposes. In fact,
this theory has been used heavily in image processing, security-related problems, to
name a few [85], [87], [88]. Adapting this theory to cellular planning is not a straight-
forward task. In fact, we had to overcome several challenges, including linking the
planning parameters to the posterior probability distribution parameters, incorporat-
ing the QoS requirements into the problem formulation, and the choice of the prior
distributions. We assess the performance of the proposed approach through several
examples and compare that to the performance of two benchmark approaches based
on K-mean clustering [84]. We show that, while the techniques in [84] lead to re-
sources over/under provisioning, the proposed approach ensures that the minimum
number of BSs are used while all capacity and coverage constraints are satisfied.

The rest of the chapter is organized as follows. In Sections 4.2 and 4.3, the sys-
tem model and the problem formulation are provided, respectively. The proposed

algorithm is described in detail in Section 4.4. We extend the proposed algorithm to

94



the case where new BSs are deployed to support an existing architecture. The per-
formance of the proposed approach is assessed and compared to existing benchmark

approaches in Section 4.6. We conclude the chapter in Section 4.7.

4.2 System Model

Consider a geographic area D € R? in which a mobile network operator plans to pro-
vide wireless services for randomly distributed users. The operator aims at deploying
BSs (By, k € N), that could be mobile, in the considered area to form a new cellular
network fully based on new BSs.? Later in this chapter, we show how the proposed

approach can be used to support a pre-deployed terrestrial cellular network.

4.2.1 Users Positions and Mobility

In practice, for a short period of time such as during a peak hour, the users positions
may change, but the users distribution as well as their density within a cell are
approximately static [112]. In fact, as a user leaves a position or a cell, another one
may take an approximate location and hence there is only a slight change in the users
densities per cell. During the planning process, an upper bound on the utilization is
usually set to 90% of the cell capacity. This guarantees that a slight increase in the
wireless demand, up to 10%, can be accommodated by the cell without saturation.
The output of the proposed planning process is valid for a period of time where
the users density remains static or changes slightly. If the users density changes
considerably, the planning process has to be executed again. Different from existing
planning techniques, the planning parameters will be provided based on a probabilistic

model of the users distribution rather than on a particular snapshot of the users’

2For wireless backhauling/fronthauling of mobile BSs, free space optical and/or mmWave con-
nections are possible candidates [119], [120].
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positions (as will be shown in Sec. 4.4.) Thus, the network setup and performance are
valid for any users positions realizations sampled from the considered distribution.
This implies that the provided solution keeps the same setup and gives the same
performance even though users change positions.

The planning parameters are inferred (i.e., learned) from a realization (sample,
observation) of the users positions at the time and area of interest. Such snapshot
of the users positions (xy,,yy,) could be obtained from existing statistics collected
a priori by the service provider [110], [90]. This approach is basically similar to
practical scenarios where the planning is based on previously collected statistics. To
elaborate, we consider the case of the peak hours in different days where the traffic
density is almost the same (some exceptions apply such as the case of special events
etc.) Then, a snapshot of the users positions in a previous day could be used for
planning in the following day for the same area and at the same time. To summarize,
we assume that we have a snapshot of the approximate positions (zy,, yy,) of the N
users {Uy, Uy, ..., Ux} within an area of interest. This assumption is essentially used

in almost all existing related work in the literature [111-117].

4.2.2 Channel Model and Interference

Although the proposed framework could be applied to any channel model, we need
to choose a particular channel model and fix its parameters in order to describe in
detail the different steps of the proposed solution and to provide the mathematical
derivations (e.g., the outage probability) that are necessary to link the probabilistic
model parameters to the planning parameters. In particular, we consider a path loss
model that is widely used in the literature [110], [90], [115-117], where the path loss
factor is equal to two. Without loss of generality, the path loss between a user U; and

BS B, can be written as
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Here, f characterizes the effect of other factors such as the transmission frequency,

shadowing, BS altitude, antennas gain, etc. For instance, if the free-space path loss
model is adopted, f is equal to the ratio of the wave length in meters over 4 x pi
(pi = 3.14) [110], [90], [115-117]. In this model, we also consider the widely used
fading model, namely, Rayleigh fading [110], [90], [117].

The users in each cell are served in an orthogonal manner, i.e., there is no intra-cell
interference. However, multiple cells may use the same frequency, giving rise to inter-
cell interference, which is considered in our model. Obtaining exact expressions for
the interference in downlink and uplink for each user may not be possible. Therefore,
we consider an approximate interference model that has been adopted in related
work [112]. The interference model involves considering the distance between BSs
rather than the distance between each user and each BS. That is, the interference at

U; associated to By can be approximated by

PB],B fzij,B
Z o - Z i : S (42)

j=1j#k LOSB]’B’“ J=1,#k B, —%5,)* + (Y, — Us,)

where Pp, p; is the transmit power of B; in the direction of By. Here, g; . is used to
characterize the effect of the deployed interference management technique, including
frequency reuse techniques [110], interference alignment [121], interference dissolution

[122], etc.

4.2.3 System Coverage and Capacity Constraints

One of the key performance measures that is considered in cellular planning is the

outage probability. Another related performance is the admission probability, which
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is the complement of the outage probability. The admission probability per cell has
to be, on average, higher than a threshold A, for a given threshold on the received
power, denoted by 7. The two thresholds depend on the service expected from the
cellular system. In practice, a system is normally said to have a good coverage when
Ay, > 90% [110], [90].

As spectrum resources are limited, each BS can communicate simultaneously only
with a limited number of users. Therefore, an upper bound on the number of users
per cell has to be considered. Based on the available resources, the users traffic
portfolio and random access model, one can provide the maximum number of users,
denoted by N.x, that can be supported by a BS. To guarantee that the system will
accommodate a slight change in traffic and avoid system saturation, the number of
users in a given cell has to be less than ¢yax Nmax [110], [90].

To avoid resources over-provisioning, a constraint on the minimum number of
users per cell has to be considered. Usually a lower bound, defined as cyinNmax, 1S
considered [110], [90]. A practical value of ¢, is 70% [110], [90]. The lower bound
is also used to characterize the gap to the optimal solution (the minimum number of
required BSs). For instance, let us consider the scenario where there are N users to
serve. Since the maximum number of users per cell is ¢pax Nmax, the minimum number

of required BSs should be - N]\T, |. Moreover, since the minimum number of users
max max

per cell iS ¢ninNmax, the maximum number of BSs should be [CL} As such the

minNmax

gap between the maximum and the minimum number of BSs is [ —Y2 —]—[—~2__17.

CminVmax CmaxNmax

4.3 Problem Formulation

The primary objective of our work is to infer the planning parameters given the
observations. In statistical machine learning, this is equivalent to providing (i.e.,

learning about) the most accurate mathematical model for the users distribution given
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the observations (We refers the reader to Sec. 3.2 in chapter 3 for more details about
the the nonparametric Bayesian statistical learning.) Here, the planning parameters
have to correspond to or be computed from the parameters of the inference model.
Therefore, the inference model has to be carefully chosen. Then its parameters are
linked to the planning parameters as well as to the imposed constraints. This is

explained next.

4.3.1 Predictive Model: Dirichlet Process

In this chapter, we use a Bayesian approach for inference [89], [81]. This requires
defining a process from which the observations are sampled. In Bayesian statistical
learning, the observations are assumed to be generated through a process that consists
of two stages: first, the parameters © are sampled from certain distributions, then
the observations are sampled from an obtained distribution that is defined through
the sampled parameters. Now, we need to describe in detail the process from which
the observations are sampled.

Defining a process includes defining the form of the predictive distribution of the
users Pg(x,y), i.e., the shape of the users distribution. The users are randomly
distributed and their density usually differs from a sub-area to another. Examining
the histogram of the user positions may reveal peaks with different heights and widths,
resembling a mixture of bivariate (2D) Gaussian, which can be used as an approximate
shape. In this case, we have two sets of parameters: the parameters vector of the
mixture elements @ = {6, 0,, ...} and their weights w = {7, m,...},1.e., © = {m, 0}.

A bivariate Gaussian mixture has the following form.3

3 We note that the parameters to infer in (4.3) can be analytically associated to (i.e., computed
from) those intended in the planning process as will be shown in Sec. 4.3.2.
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P@(l’,y) = Zﬂ-k'/\/@k(xay% (43)

where Ny, (x,y) is the probability density function (PDF) of the bivariate Gaussian

distribution given 6, which consists of the mean (zp, , yp,) and the covariance matrix

2
o TkOk,oOk, '
COVp, = | T {4 €00,1), Opas 0wy > 0. That s,
TkOk,x0k,y U]%,y
-/\/’Gk (337 y)
_ 1 exp -t (25, —2)* | (ym, —9)*  2m(en, —0)(ys —y)
2piak,wak,y\ /11— Tg 2(1 B Tl?) UI%,LB Ul%,y Ok,20k,y

(4.4)

Since we have two sets of parameters {6, 7w}, we have two parameter spaces 6 € (g
and 7 € Qy, e, Q = {Qg, U }. We have Q = {[0,1]X|K € N,3°F 7, = 1} [81],
[89]. The elements of 6 have following form : {(zp,,y5,) € R?, 7 € (=1,1), 044, 0%,y > 0}.
Define ¢ 2 {¢i = Ok if (zy,,yu,) € kth cluster,i = [1, Nr]} to be the latent vector
of variables that is needed to associate each user to a cluster.

Let us now assume that we have a prior distribution Gq for the elements of 6
(explicit expression is provided in Sec. 4.3.3). Since we consider a mixture of dis-
tributions, the users positions can be generated through a Dirichlet process, denoted
by DP(«,Gy), where « is the process precision [81], [89], which is real and strictly
greater than zero. The process is defined as follows.

T, T2, ...~ D(a)
01,605,... ~ Gy

(4.5)
61,09, ON|0, 7 ~ Y midy,
k

(:EUZ" yUz)|¢ ~ Nqbp
where Jg, is a Dirac measure and D(©) is the Dirichlet distribution with parameter

«. The choice of v will be discussed in Sec. 4.4.1.
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4.3.2 Model Parameters vs. Planning Parameters

We link in this section the model parameters (i.e., means and covariance matrices)
and the planning parameters. Moreover, the effect of the capacity and coverage
constraints on the parameters of the model is analyzed. This gives insight about the

final intended values, which will help in the inference process described in Sec. 4.4.

4.3.2.1 BSs number and positions

As mentioned earlier, the users can be clustered into K clusters based on the set of
inferred parameters {0, 7, ®}. Here, K is the length of the vector 7w (or 8). The K
clusters can be seen as K cells. In this case, the number of required BSs is equal to
K. Moreover, as the mean of each cluster is by definition the point that minimizes
the distance to the users in the cluster, it is then judicious to associate users to the

BSs 2D positions, namely, (zp,,ys, )-

4.3.2.2 Outage probability

In the following, we first provide an exact expression for the average outage probability
in each cell, which involves making the link between the parameters to be inferred and
the BSs transmit power and antennas radiation patterns. Second, we transform the
constraints vy, and Ay, into constraints on the elements of COVp,. To analyze the
outage probability, we need to find an expression for the received signal to interference
plus noise ratio (SINR). Assuming equal transmit power between BS By and user Uj;,
the SINR can be modeled as follows.

2Ps. u|h 12 1
SINR, 1, — f UL S,
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where Pp, y, is the transmit power of By, in the direction of U;. hp, y, characterizes
the multi-path effect which follows a Rayleigh distribution with a scale parameter
equal to one. dj ;. LN (xp, — zv,)* + (yp, — yu,)? is the U; — By, Euclidean distance.
The interference expression I is provided in (4.2). o7 characterizes the variance of

the noise at the receiver.

Given some 7, the admission rate of U; that is served by By is expressed as

a2
Ap, (2B, yp,) =1 — PISINRp, v, < y] =1 P [|th7Ui|2§ Ven (0 + Iiy) 5ol
I?Pp,u;
i, v
—exp | =y + 1T #) :
b < f}/th( ’ k) 2f2PBk7Ui
(4.7)

where exp(e) denotes the exponential function. From (4.7), the outage probability
depends mainly on Pp, 7, which may differ from one direction to another when
directive antennas are used as in the case of our work. Now, we provide an explicit
expression for Pp, y,.

For the case when the BSs use isotropic antennas, the transmit power is similar

Yen(od+1k)

TP is similar for all users belonging to By,

in all directions. Thus, the factor
implying that the main factor that impacts the outage probability is the Euclidean
distance between U; and By. This suggests that the coverage of BSs (i.e., users
clusters) will most likely take circular shapes as shown in Fig. 4.1.

Employing directional antennas on BSs is beneficial as it may result in less in-
terference and better coverage. In this chapter, we consider bidirectional antennas
where the radiation patterns form is depicted in Fig. 4.1. In this case, the coverage
of a BS will approximately take an elliptical shape, giving more flexibility compared
to the case of isotropic antennas (see Fig. 4.1).

Since the transmit power may differ from one direction to another, we need to

provide an expression for the BSs transmit power in all directions, which can be
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Figure 4.1: BSs coverage shapes for different radiation patterns.

intractable, considering the exact form of the antenna radiation pattern. Moreover,
characterizing such shape involves several variables, making it difficult to link to
our model. As an alternative, we resort to approximating the radiation pattern
of bidirectional antennas, as shown in Fig. 4.2. Such shape is obtained when the
standard deviation forms an ellipse centred at the transmitter. Each point on the
ellipse characterizes the standard deviation in the direction going from the center to
the considered point. An ellipse can be well defined if its center, its axes lengths and
their directions are provided. Hence, considering the above approximation, one can
derive the exact expression of the transmit power in any direction. Mathematically,
an ellipse can be defined by its center and a positive definite matrix [123]. In fact, let
us consider an ellipse centred at (zp,,yp,). The standard deviation can be defined

by the following set of points.

T
Sy = {ﬂfay S R2| rg, —T YB, — y} Eéi {ka —T Yp, — Y| = 1}7 (4-8)
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Figure 4.2: Bidirectional antenna radiation pattern approximation.

/
g]?,l‘ Tkgk@gk,y

’
Tka@Ck,y Cl?,y

{Chw> Cout take values in R?) whereas 7, € (0,1). In this case, the ellipse axes di-

where Yp, = is a positive definite matrix. The parameters

rections and lengths are, respectively, the eigenvectors and the square root of the
eigenvalues of .

For a given standard deviation ellipse, Pp, y, is expressed as follows.

Lemma 4.1. Considering that the standard deviation of the transmit power of By
forms an ellipse defined by Sy, in (4.8), we may express Pg, v, as
(1 = (7)*)d3, v,

. .
(B, —yu;)* 27 (s, —2u,) (B, —yu;)
C}%yx C}%yy Ck,zck,y

Proof. See Appendix B.1.

The transmit power from By to B; can also be derived from Lemma 4.1 by replac-
ing in (4.9) the coordinates of U; by that of B;, i.e., (zy,,yu,) = (zB,,ys,). Then, one
can provide an exact expression for the interference I; in each cluster. Incorporating
the exact expression of the transmit power in (4.7) gives an analytical expression for

the admission rate per user as follows.

ABk (in, in)

d2
—1_ _ 2,7 By, Ui
o ( %h(o-o i k)2f2PBkai>
e (_ Yin (05 + 1) [(mk —ay,)?

20— | d.

(yBk - in)z . 27—]/9(ka — ‘TUi)(yBk - in)
Sy GGy
4

(4.10)
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Each element (i.e., cluster) of the Gaussian mixture in (4.3) is a bivariate Gaussian.
Then, the base of each element forms an ellipse for any given confidence interval [123].
The ellipse is centred at the mean (BS position), and the matrix that defines its base is
proportional to its covariance matrix. Recall that, due to using bidirectional antenna,
the standard deviation is characterized by an ellipse. The axes of this ellipse are
parallel to and proportional to those of the cluster (see Fig. 4.1). Then, the matrix

Y p, is proportional to that of the cluster, which is in turn proportional to COVp, .

k
Therefore, there exists a positive real number &, such that Xp, = §COVp,. This
suggests that 7, = 7, (7, = &o}, and (2, = &of,. We use the results obtained

above to derive an expression for Ap, per cluster, as follows.

Lemma 4.2. The average admission rate in the kth cell is

1
Ag = —————. (4.11)
k 1+ 'Yth(jg(i':lk)

Proof. See Appendix B.2.

Recall that one objective is to have Ap, > Ay, in each cell. We use this constraint

to draw a lower bound on & as follows.

Apyin(Ix + o)

> .
Ap, 2 Au = = Ap) (4.12)

> Ay & & >

’Yth(Ug'f‘Ik)
I+ 5

The expression in (4.12) defines a relation between X5, and COV p, in order to satisfy

the coverage constraint. For a given COVp,, one can derive the minimum transmit
power in each direction to achieve Ap, > Ay,. That is,

Amyin(No + 1)

Ol 4.13a

PO Ay 1)

Apyen(0d + ]k)o_g
A= Ay) BV

2
Ck,x 2
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Remark 4.1. Inequalities (4.13a) and (4.13b) play two major roles. First, they give

the required transmission power and the intended radiation patterns once the param-

Aenyen(od+1x) 2

eters in COVp, are inferred. In fact, one can simply set C,f,w = ~iAy ke and

Cliy = %ﬁ:{k)ag,y and this will guarantee that the outage probability constraint
is satisfied. Moreover, 1, will be deduced from COVp, . Second, such constraints are

used to set an upper bound on {Ugw,agy,m} in the case where there is a constraint

on the BS transmit power as will be discussed next.

4.3.2.3 Transmit power constraint

We assume that there is a constraint on the overall transmit power standard deviation
and it is given by pi X Puax (pi ~ 3.14), i.e., the total standard deviation of an
isotropic antenna, where the standard deviation in each direction is equal to v/Ppax.
This constraint has to be linked to the parameters to be inferred. Assuming that By
transmits in an isotropic fashion, then the overall standard deviation is the surface
of a circle with radius /Pp, 4, , i.e., pi X Pp, 4, . In this case, Pp, y; has to be less
than or equal to Ppax.

The standard deviation of the transmit power takes an elliptical shape with axes
lengths equal to 2,/A; ; and QM, where \; ; and Ay are the eigenvalues of Xp,
whose expressions are provided in (B.2) and (B.3) in Appendix B.1. In this case,
the overall transmit power can be characterized through the surface of the ellipse.

Considering the constraint on the power pi X P, we have

pi X V )\l,k)\2,k < Pi X Pmax <

2
2
(glz,m + Cg,y)z - <\/<<l%,x + CI?,y) B 4(1 - TI?)@%,:CQ?,@/) (414)

< P?

4 max

=
2\ 2 2 2
And (1 - Tk)ck,xgk,y < Pmax'
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Combining the expressions in (4.13) and (4.14), we can obtain an upper bound on

COV p, matrix parameters as follows.

A ’yh(02‘|—]k) 2
1— 71202 xa2 ( th 1t 170 < Pﬁla
( k) k.x" ky f2(1_Ath) — X

21— Ay) \°
= (1—72)0? 02 < P? ( 7 th ) .
( k) kx%k,y = * max Ath,yth(o.g_l_lk)

(4.15)

The condition in () is sufficient to guarantee that the coverage constraint is satisfied

while respecting the transmit power constraint.

4.3.2.4 On the cell capacity constraints

In order to avoid cell congestion as well as resources over provisioning, we set lower
and upper bounds on utilization per cell, i.e., cminNmax < Ng < CmaxNVmax, Where N
is the number of users associated to Bj. This suggests that the elements of the weight
vector {my, o, ...} have to be in the following range % < JZ\X—:’; =7 < %
The cell size and the number of users associated to it normally scale with the
transmit power. As described in Sec. 4.3.2.3, adjusting the transmit power is equiva-
lent to adjusting the elements of the covariance matrix that characterizes the cell. We
describe next how it is possible to tune the covariance matrix elements to approach

the desired number of users for the kth cluster.

Let N be the number of users belonging to the kth cluster that is characterized

Ng

Cmax Nmax

> 1 or vy, min = _Ne <

CminNmax —

by the covariance matrix Xp,. If ry, max =
1, then we have interest to respectively increase or decrease the cluster size while
maintaining the same radiation pattern shape. As discussed in Sec. 4.3, the cluster
takes an elliptical shape. Given the bivariate Gaussian distribution, the surface of
the ellipse that contains a given percentage of users (i..e, a given confidence interval)

is proportional to piy/AgzAky, Where A\, and Mg, are the eigenvalues of Xp,. To

107



approach the intended number of users per cluster, ry, )/Vi, we can decrease or

increase the surface covered by the cluster by the factor 7y, ). The new cluster

coverage becomes, 7n, (o\Pin/ Ak zAkz = pi\/TNM(.))\]C@TN,C,(.))%,I. This is the surface

of the ellipse with covariance matrix ry, )25, -
There is another parameter that can affect the final number of BSs, namely, the
process precision «. In fact, the final number of BSs scales with a. Therefore, this

parameter has to be well tuned during the inference process (as described in detail in

Sec. 4.4).

4.3.3 The Prior

The last missing piece to completely define all the elements of the Dirichlet process
is the prior Go(@). Recall that the prior is the possible distribution over the means
{(zpB,,ys, )|k € N} and the covariance matrices {COVp, |k € N}. Since the means and
the covariance matrices are independent, G(0) is simply the product of the individual
distributions. Here, there are two major challenges to be addressed. First, we must
define the appropriate priors, since arbitrarily choosing the prior will considerably
contaminate the final distribution. Second, during the inference process (as will be
discussed in Sec. 4.4), we need to provide a close form expression for p(zy,, yu,) given

the prior Go(8), i.e.,

P20,y | Go) = / p (20, y1,]0) Go(6)d6, (4.16)

0cQ2

for each user. Therefore, we have also interest in choosing the prior distribution such
that the integral in (4.16) is tractable.
The BSs positions are likely to be located in areas where there are concentrations

of users. Based on this observation, a legitimate choice of the prior distribution
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over the means is a mixture of Gaussians where the mixture weights are high in
the areas with high users densities. Let us denote the number of mixture elements
by Ky, the means by mgy = {mg1,mo2, ..., MoKk, }, and the covariance matrices by
Ao = {Ao1,No2,s -, Nok,}. We also use mo = {m1,m02,...,T0xk,} to denote the

mixture weights vector. That is,

Ko
1
(ka ) yBk) |7707 my, Ay ~ E aNmo,k,Ao,k (.) (4’17)
k=1 ’

The parameters {7y, mg, Ao} are called hyper-parameters and they have to be known
a priori. The parameters Ky and my may be chosen from the histogram of the
observations, where K, would be the number of peaks and mgy would be the 2D
positions of those peaks. As for Ag, it is difficult to obtain from the histogram. As
such, to account for its uncertainty, we treat its elements as random matrices.

To make the integral in (4.16) tractable, we link the distributions of COVp, to
that of Ay. Next, we provide the distribution of COVp,. As shown in Sec. 4.3.2.2
and Sec. 4.3.2.3, the antenna radiation patterns are defined through the elements
of COVp,, but they are unknown. Therefore, they can be approximated by the
covariance matrix of an isotropic antenna defined by COVy = Paxloxe with some
uncertainty, where I5yxo is the 2 x 2 identity matrix. In this case, the distribution
of COVp, is the Wishart distribution with parameters COV, and of degree three
Wecov,.3(®) [104]. Indeed, the number of degrees being three comes from the fact
that COVp, are symmetric and can be defined via three elements, which are o7 ,

2 2 .
o, and (1-— Tk)ak,xam. That is,

exp[—tr (COVy! x o) /2]
23|COV,|2T5(3/2)

COVBk ~ WCOVO;%(.) = s (418)

where tr(e) and |e| denote the trace and the determinant operators, respectively.
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In addition to the advantage of giving a good prior for COVp,, the Wishart
distribution is well known to be a conjugate for the Gaussian distribution, which
should help in getting a closed form expression for the integral in (4.16). Let us
assume that there exists a positive constant w such that the elements of %AO follow

W(COVy, 3), i.e., éonk ~ Wecov,,3- In this case, the prior G can be written as

Ko
1 1
Go(xpy,Yp,, COVp, ) = E —WOk/\/’mo,j,écoka (fBK>yBk|ECOVBk) X Weov, 3(COVp,).
j=1 "0

(4.19)
Armed with the above results, the integral in (4.16) is viewed as a mixture of T-

distributions [105]:

p(inv )

= / b (ina
Qg

Ko
1
- Z/ xU’i?yUz‘|xBK7yBk’COVBk) X . N 5,2 COVp, (xBK7yBk| COVBk)
Q 07]

COVBk) X GO(xBK7 yBku COVBk)dek dyBdeOVBk

X Woov, 3(COVp, )dzp, dys, dCOV g,

Ko
= g m1]t7xUzayU)

(4.20)

where t = %COV& ! The equality (b) is obtained by invoking the results in [106].

4.4 Inferring the Planning Parameters

The planning parameters can be computed from the true posterior

(¢n) = Z 7Tk59k (¢n>

keN
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Figure 4.3: Inference and sampling process.

However, the true posterior is difficult to compute analytically using Bayes’ rule.
Nonetheless, there are inference algorithms that can provide the posterior such as the
widely used Gibbs sampling approach [81], [89]. In the case of a Dirichlet process, the
Gibbs sampling approach is based on the Ferguson theorem [81-83]. It states that

Gibbs sampling converges to the true posterior and it takes the form

(07
0 4.21
~ o wC awz o (4.21)

Since only the second term in (4.21) is considered to compute the planning parameters,
the gap to the true distribution is at most a;LNGO, which decreases as the number of
samples increases. We provide a diagram in Fig. 4.3 to summarize and emphasize
the different steps of the inference and sampling processes.

We adopt in this chapter, an algorithm based on the MacEachern’s Gibbs sampling
algorithm, which offers faster convergence compared to the naive Gibbs sampling
algorithm [81]. In the MacEachern’s algorithm, two steps are executed iteratively:
associating each user to an existing cluster or generating a new one, and updating the
parameters of each cluster. In each of these steps, we make use of our finding in Sec.
4.3. The MacEachern’s algorithm gives results for a given process precision . Along
with the inference process, we adjust the value of a using the bisection algorithm

until all the constraints are satisfied. The proposed algorithm outline is described in
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Algorithm 3. In the algorithm, Ny, and q’)_i denote the number of iterations and the
vector that contains the elements of ¢ except for the one associated to U; (i.e., ¢;).

We discuss next in detail each step of the algorithm, where we show how the results

Algorithm 3: Proposed Algorithm Outline
Initialization: «, Njer;
1 while Constraints on coverage and capacity are not satisfied do

2 Update a;
MacEachen Algorithm:

3 for L =1 — Njr do

4 fori=1— N do

5 P[¢i|¢7laxU1ﬂyU1] =

{ Nt fd,iege Plry,, yu,|9:]Go(¢i)ddi, @i < Onew
6 Sz %0, (85)
N—-‘,-(XP[’TUT’yUJek] Vb’k S 9, ¢i < ek
7 ¢1 < arg maxP[¢i|¢_i,0,7r,in,in]
»i€Qg

8 if Boolean(¢; < Opew) + True then

9 K+ K+1

10 0+ {0,000}

11 end
12 end
13 for k=1— K do
14 | Update the parameter of kth cluster: (zp,,ys,,COVp,)
15 end
16 end

Performance Analysis: Performance analysis in terms of coverage and capacity

17 end

obtained in Sec. 4.3 are used in the algorithm.

4.4.1 Initialization of «

Considering a Dirichlet process and a number of observations Np, the average number

Nt

67

Nr o
n=1 a+n—1

of generated clusters is equal to ~ alog (82) [83]. Moreover, from

the cell capacity upper bound, we know that the minimum number of clusters is

Nt

[
CmaxNmax

CmaxNmax

|. Therefore, we choose « such that = «alog (%) . This gives

Nr
CmameaxL(_]-/(cmameax)) ’

o =

(4.22)
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where L(e) is the Lambert function [107]. As for 6, the vector of the mixture Gaussian
parameters, reasonable initial values would be inspired from the histogram of the

observations.

4.4.2 User Association

During the user association step, a user is either associated to one of the existing
clusters or to a new one. For each user U;, we compute P[é;|¢~", zp,, yu,]. A user is
associated to an existing cluster By with probability

Z;V:Lj;éz’ de,,(¢5) (4.23)

P[¢Z = ek‘(ﬁ_ivawin] = N+ o P[in7in 9k]?

where Plzy,, yu,|0k] ~ N, or to a new cluster with probability

«
N+«

P[QSZ — 0n6w|¢_inymin] = /(z) 0 P[xUlayUAQSZ]GO(QSZ)dQSZ
i€ilg

4.24
Ko 1 ( )

c (%

= > —Ton s a7(2u, ;)

N . 1,75% i) i/
+Oéj:1 70,5

where equality (c) comes from our derivation in (4.20) in Sec. 4.3.3 (the T-distribution
parameters are defined below (4.20).) Then, the value of ¢; with the maximum
probability is selected. In the case when ¢; < 0,.,, a new randomly generated
cluster is created and the total number of clusters increases by one. The parameters
of the new cluster are defined through 6,,.,,, which consists of a randomly chosen mean

(ZB,0ns UB,..,) and covariance COVp, = = Puacloxo.

4.4.3 Clustering Parameters Update

The means of the clusters are updated as follows.

N

m Z(ZEU“ yu; )00, (¢3)- (4.25)

113

(sza yBk) =



For the covariance matrices, they are refined through multiple stages. In the first
stage, the algorithm computes the most likely covariance matrix COVp, given the

data. That is,

2 Zi]\il(IUi - ka)256k (¢2)

= 4.26
e R ) e
2 — Zi\il(yUz - yBk)25€k (¢Z> 4 26b
T o) o)
o Zi]\il(IUi B ka)(in B yBk)(sek(qbl) 4.96
Ol = > 6, (60 ‘ 14269

We then adjust the parameters of the covariance matrices to approach the intended
constraints on the capacity per cell. As discussed in Sec. 4.3.2.4, if the number
of elements N is far from the bounds by factor ry, ), we update the covariance
matrix as COVp, < 7y, (s)COVp,. Considering the last updated values of COVp,,
we verify the joint constraint on the coverage and the transmit power provided in
(4.3.2.3). Recall that (4.3.2.3) means that it is possible to guarantee that the average
coverage per cell is higher than or equal to A, while respecting the power constraint.
In the case when the power constraint is not satisfied, we consider the most likely
distribution Ny, that would satisfy the power constraint. To this end, we derive the
normal distribution ./\fe;c that minimizes the Kullback—Leibler divergence distance to
Ny, while respecting the power constraint [73].

Lemma 4.3. Given a normal distribution Ny, with a covariance matriz that does not

r 2 ro ’
Ok, TeO0k 20k.y

verify the constraint in (4.3.2.8), the covariance matriz COVBk = )

i ! i

TkOk,aOk,y Ok,y
ofj\/'@]rc that minimizes the Kullback—Leibler divergence given the constraints in (4.3.2.3)

is defined as follows.

(TI; = Tk; O-;C,LE = UOk,zs U;c,y - Ngk,) ) (4‘27)
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P F2A-Ag) )
where @ = max ( .
M \/1—T;§<7k,m0k,y Ath’\/th(o'g""lk)

Proof. See Appendix B.3. g

To summarize, the parameters of each cluster are first updated based on the
positions of the users belonging to that cluster. Then, the constraint on the capac-
ity per cell is verified. Otherwise, the covariance matrix is updated as COVp, <
TN, (0)COVp,. Next, the output is examined to see if it verifies the constraint in
(4.3.2.3) or not. If not, one has to update the parameters of the COV g, as described

in Lemma 4.3.

4.4.4 Fine Tuning of «

For each «, at the end of the algorithm, if the capacity and coverage per cell are
satisfied in all cells, the while loop ends. Otherwise, the value of o increases or
decreases depending on the obtained results. If the system is saturated and/or the
coverage constraint is not satisfied, « increases. In the case when the resources are
over provisioned, a decreases. We make use of the bisection algorithm to update
a [124].

It may happen that the system is coverage limited and it is not possible to satisfy
the lower bound on the cell capacity. Such cell will be exempted from the capacity
constraint. The question is how one can know that a cell is coverage limited. This
can be done by analyzing its transmit power. If it uses the maximum transmit power,
ie., (1=72)Ct +Ciy = Play and the number of users remains lower than the minimum

required, it is considered as a coverage limited cell.
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4.5 Supporting Existing Cellular Systems

Throughout the development of our framework, we have considered the scenario in
which the cellular network design is intended for a new area (i.e., clean slate). How-
ever, as mentioned before, the proposed framework works as well for existing cellular
infrastructures whereby new BSs may need to be deployed permanently or temporar-
ily. The latter scenario may be encountered in certain areas during special events,
peak hours, BS failure, etc. The objective therefore becomes to augment an existing
configuration with additional BSs.

We assume that there are K, existing BSs {Bi, Bs,..., Bg.}. As a first step,
we associate the users to one of the existing cells. Then, we compute the bivariate
distribution that represents the user in each cell, where the distribution means are
the terrestrial BSs positions. The covariance matrices parameters can be found as
described in (4.26). Then, considering the coverage and constraint parameters, the
elements of COVp, are updated as described in Lemma 4.3. Once we obtain the
updated distribution parameters, we incorporate this knowledge into the prior. In

fact, rather than starting with prior GGy, we consider the following prior.

K.
’ [0 1 =
G, = G Nidg, . 4.28

0 NT+Oé 0+NT+C¥; K0 ( )

This has the form of a posterior of a Dirichlet process given prior G (see (4.21).)
As per the Ferguson theorem [81-83], the posterior also follows a Dirichlet process.
Then, we proceed exactly as described in Algorithm 3. The only main difference is
that we do not update the means of the cluster { By, Ba, ..., Bk, }. The final posterior

will be of the form.

K K
(6]
G = Go + Z 7Tk5€k + Z 7Tk5€k- (429)
Nr +a k=1 k=Kc+1
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4.6 Simulation Results and Discussion

As mentioned before, in practice, a cellular system is said to be well planned if the net-
work provides a good coverage, i.e., Ay, > 90% per cell, and good system utilization,
i.e., cmin = 70% and cpax = 90% [110], [90]. We set Npyax = 150. This suggests that
the number of users per cell has to be in the range [¢iminNmax, CmaxNmax] = [105, 135].
The remaining simulation parameters are set as follows. Transmission frequency and
bandwidth are set to 2100Mhz and 10Mhz, respectively. The thermal noise is set to
174dBm. The considered geographical area is assumed to be of size 100Km? in which
the users are randomly distributed so that different areas have different densities.
Pax and vy, are considered to be equal to 10dB and 30dBm, respectively.

In [115-117], the planning process is divided into two phases that are executed
iteratively. In the first phase, the served area is fully covered while the users are
associated to the nearest BSs. Then, if the upper bound on the capacity is not satisfied
in a given cell, a new BS is added. Then, the BS positions and users association are
updated. This is similar to using the K-mean approach to cover the entire area and
to associate users to the nearest BSs, increasing the number of BSs if the constraint
on the capacity upper bound in a cell is not satisfied.

We compare the proposed planning approach to two benchmark approaches. We
first consider the K-mean approach for a constant number of BSs, denoted by K-
meanC. The number of clusters K in this case equals the one provided by the proposed
algorithm. In the second benchmark approach, we consider the K-mean approach
where the number of BSs increases as the upper bound constraint on the maximum
number of users per cell is not satisfied. This approach is called K-mean with a

varying number of BSs (K-meanV).
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Figure 4.4: Dense urban area: users distribution and association.

4.6.1 Proposed approach for a new cellular network design

We consider here two main scenarios. The first one corresponds to a dense urban
area, that is, the areas are capacity limited. The second one corresponds to an urban

scenario, where, some areas are capacity limited while others are coverage limited.

4.6.1.1 Dense urban area

We consider Ny = 3000 and Np.x = 150. As such, the minimum required BSs is

K = [Cmaivﬁmaj = [R] = 23. We set K = 24 for K-meanC.

Figs. 4.4.a and 4.4.b show the BSs positions as well as their coverage for the
K-meanC and K-meanV approaches, respectively. In Fig. 4.4.c, we provide the
BSs and their coverage using the proposed approach, denoted by SML (statistical
machine learning). From the figures, we can easily conclude that the resources are
over provisioned using K-meanC, as it results in 37 required BSs, which is not in the
range [23,29].

We provide in Fig. 4.5 the performance in terms of the normalized capacity per
cell. The number of users per cell is normalized with respect to Ny... Recall that
we would like to have the normalized number of users per cell to be in the range

[0.7,0.9]. In the figure, the coverage constraint is satisfied if the normalized coverage
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Figure 4.5: Dense urban area: coverage and capacity performance.

is less than one. We can observe from the figure that, using K-meanV, the resources
are clearly over provisioned, where 34 out of 37 cells have numbers of users less than
the minimum value. Moreover, using K-meanC, 50% of the cells are either over or
under provisioned. The proposed approach, however, suggests using 24 BSs while

satisfying the capacity constraint in all cells, unlike the K-meanC method.

4.6.1.2 Urban area

We consider in this section the scenario of an urban area where some sub-areas are
capacity limited whereas others are coverage limited. We use Ny = 1500. For K-
meanC, we set K = 12. Figs. 4.6.a and 4.7 show that K-meanC results in resource
over provisioning in the coverage limited sub-areas and resource under provisioning in
the capacity limited sub-areas. In fact, ~ 66% of the cells do not respect the capacity
constraints. It is also shown in the figure that the K-meanV approach satisfies the
upper bound constraint on the capacity for all cells, whereas «~ 50% of the cells are
over provisioned (i.e., lower bound constraint is not satisfied). This translates to a
higher number of required BSs, which is 15.

Figs. 4.6.c and 4.7 show that SML adapts the size of the cells according to the

density of the users. Some cells are with large coverage that reach up to 92% from
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Figure 4.7: Urban area: coverage and capacity performance.

its maximum size, whereas some others are of small size that reach up to 35%. Fig.
4.7 shows that the coverage and capacity constraints are fulfilled for each cell. Recall
that we consider the same number of BSs for both K-meanC and SML. However, SML
outperforms K-meanC considerably, which demonstrates the efficacy of the proposed

framework in utilizing the available resources.
4.6.2 Supporting an existing architecture

We analyze the performance of the proposed technique where the BSs have to be
located to support an existing terrestrial cellular system. We assume that there exits
three static BSs located in the following positions {(—2.5,2.5), (0, —2.5), (2.5,2.5)} Km.
We assume that N = 1500. The simulation results are summarized in Fig. 4.8. In

the figure, the red circles are used to localise the existing BSs, whereas the sign X is
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Figure 4.8: Supporting an existing architecture.

used to localise the new BSs.

Fig. 4.8 shows that the existing terrestrial system is not able to meet the QoS
requirements as the coverage and capacity constraints are not satisfied. Using the
proposed approach, the constraints on the capacity and coverage are satisfied for each
cell including the terrestrial ones. This proves the efficacy of the proposed approach
for providing a good BSs deployment plan to support an existing terrestrial cellular

system.

4.7 Conclusions

We proposed in this chapter a machine learning-based framework for unsupervised
cellular planning. The proposed solution determines the essential planning param-

eters that are the minimum required BSs, their transmit antenna patterns and the
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users clusters, while guaranteeing capacity, power and coverage constraints. The pro-
posed solution achieves the intended goal, which is a network setup that gives a good
coverage while preventing resources over/under provisioning which is not possible to
achieve using traditional techniques such as K-mean. We have shown that the pro-
posed framework can be used to plan cellular networks from scratch (new network),
or expand existing terrestrial networks by adding new BSs to accommodate certain

services.
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Chapter 5

Achieving Full Secure
Degrees-of-Freedom for Wiretap
Channel with an Unknown

Eavesdropper

We explored in Chapters 2-4 ways to advance key enabling technologies for 5G and
beyond networks. The focus has been to propose schemes that improve the spec-
tral efficiency and network connectivity. An integral part of developing 5G networks
and their deployment is assuring communication secrecy. As mentioned in Chapter
1, communication secrecy has been centered around using cryptography techniques,
which is normally done at a higher layer in the system. However, cryptography is
rendered insufficient in wireless environments since an important part of the trans-
mitted packets remain in the open and therefore one may be able to collect sensitive
information about the communication without the need to break the cryptography

code. For instance, 5G/6G is expected to provide ULLRC services where very short

9The work done in this chapter leads to two IEEE published journals [67], [68].
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bit-sequences are transmitted and have to be instantaneously decoded. Meanwhile, it
is a common knowledge that encrypted short bit sequences are easy to decipher. To
enhance the security of such transmission and other forms of transmission, PLS has
been recently proposed to reinforce security, owing its ability to fully achieve secure
communications regardless of the data size and without sharing a priori an encryp-
tion code. Much potential has been shown by employing PLS. However, it has been
shown that PLS can be hindered by several challenges, which will be discussed in this

chapter. Moreover, a promising solution will be presented.

5.1 Introduction

The broadcast nature of wireless systems makes communications susceptible to eaves-
dropping, and this has prompted an immediate action from concerned bodies such
as governments, telecommunication industry, service providers, etc., to make every
effort to provide secured communications. Encryption-based strategies have been in
place for many years now as a first line of defense against many forms of security
threats, including cycler attacks, hacking, etc. More recently, PLS has gained inter-
est from the research community, owing to its great potential for enhancing security
by exploiting the unique characteristics of the wireless medium in many different
ways. PLS, unlike encryption-based techniques, can provide secrecy independent of
how powerful eavesdroppers can be in terms of computational capability [51], [52].
The concept of PLS was first coined by Wyner in his seminal work [51] in which
he introduced the wiretap channel. He proved that, for a degraded wiretap channel,
where an eavesdropper (Eve) receives a degraded version of the signal sent from a
transmitter (Alice) to a legitimate receiver (Bob), a positive secrecy rate can be
supported without sharing a key between the communicating parties. This result was

generalized for the non-degraded broadcast channel with confidential and common
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messages [52]. Considering that Eve’s CSI is known to Alice, the authors in [52] proved
the existence of a coding method that ensures reliable communications and guarantees
that Eve’s observation is asymptotically independent from the transmitted message.
In particular, the authors in [51] and [52] characterized the achievable secrecy rate
as the difference between the mutual information of the Alice-Bob and Alice-Eve
channels in the sense of weak secrecy, implying that the rate of information, with
respect to the confidential message length, leaked to Eve vanishes asymptotically.

Coding schemes providing weak secrecy can only ensure that the rate of informa-
tion leaked to Eve vanishes asymptotically in the confidential message block length,
but cannot guarantee confidentiality of the entire message. Therefore, providing a
secrecy rate in the sense of weak secrecy is deemed too weak in practice. Strong
secrecy, on the other hand, requires that the amount of information leaked at Eve
vanishes asymptotically in the confidential message block length. To elaborate on
the difference between weak and strong secrecy, assume that a confidential message
of length n is transmitted. Let [,, be the amount of information leaked to Eve. In
terms of weak secrecy, the rate defined as %" should go to zero as n goes to infinity,
implying that [,, grows at a rate slower than n. In terms of strong secrecy, the leaked
information, [,,, goes to zero as n goes to infinity.

In [125], the authors classified code construction methods into channel capacity-
based and channel resolvability-based. Channel capacity-based code construction
refers to the method used in [51] and [52] which maps a confidential message to a
subcode with a rate lower than the mutual information of the Eve’s channel, which
leads to weak secrecy. The channel resolvability-based construction, however, refers
to the method that maps a confidential message to a subcode with a rate higher than
Eve’s channel resolvability. Channel resolvability was applied in [125] to encode in-

formation for the wiretap channel, where Eve’s CSI is assumed to be known to Alice.

125



The author showed that the proposed code achieves the same secrecy rate reported
in [52], but in the sense of strong secrecy whereby the entire message is asymptoti-
cally confidential to Eve. Achieving strong secrecy is justifiably more desirable than
achieving weak secrecy, albeit being more challenging.

Motivated by the results in [51], [52], considerable efforts have focused on devel-
oping precoding techniques and proposing various scenarios (e.g., using an interferer
node or multi-antenna nodes) to maximize the mutual information difference for wire-
tap channels under different assumptions on Eve’s CSI, see for example [126-133].
In [126-129], the Eve’s CSI is considered to be known to Bob. The CSI is used to
design the appropriate precoding technique to maximize the secrecy rate and the
appropriate code that achieves weak or strong secrecy.! In [126], [127], the author
proposed using beamforming where the transmitted signal is beamed in the direction
of Bob while being nulled out in the direction of Eve. In [129], the authors considered
interference (IC) and multiple-access (MAC) wiretap channels. They conducted an
asymptotic study, i.e., high signal-to-noise ratio (SNR), where the secrecy rate is char-
acterized by secure degrees-of-freedom (sdof). They provided the sdof region for IC
and MAC wiretap channels. In [128], upper and lower bounds on the secrecy capacity
are provided for the diamond wiretap channel where Eve receives a degraded version
of the one received by Alice. On the other hand, the authors in [130-133] proposed
using artificial noise to degrade Eve’s channel without requiring any knowledge of
Eve’s CSI. Nonetheless, those papers were based on the model used in [52], in which
coding messages to achieve weak or strong secrecy requires that Eve’s CSI be available
at Alice. Note that the secrecy rate is normally defined as the difference between the

mutual information of the Alice-Bob and Alice-Eve channels [126], [127], [130-133].

!Precoding and coding in this chapter are used to denote two different signal processing stages.
Coding is used to map a binary sequence to a sequence of symbols that are ready for transmission.
Whereas precoding is used to maximize Alice-Bob’s mutual information and to degrade Alice-Eve’s
channel.
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However, for this definition to be valid, Eve’s CSI must be known to Alice. In fact,
it is crucial that Eve’s CSI be known for both channel capacity-based [51], [52] and
channel resolvability-based [125] methods to code messages to achieve weak or strong
secrecy. Otherwise, this secrecy rate definition is rendered irrelevant.

The notion of using artificial noise in the context of PLS is often considered an
efficient strategy to enhance the achievable secrecy rate. Artificial noise is normally
treated as noise by Eve, stemming from the belief that two interfering signals are
indistinguishable in a one-dimensional space unless a signal is treated as noise while
decoding the other. Recent works showed that it is possible to jointly decode intended
and interfering signals if they are transmitted over rationally independent channels
when the transmitted signals belong to a discrete constellation [134], [121]. In [135],
more general results about this technique, referred to as real interference alignment,
were presented. The authors showed that it is possible to jointly decode intended
and interfering signals for almost all channel realizations and hence they proved that
interfering signals are naturally aligned by the channel. They also showed that two
signals belonging to a discrete constellation are inseparable only if they are transmit-
ted simultaneously over the same channel, i.e., aligned by the same channel. Even
when signals do not belong to discrete constellations, they can be discretized to make
their effect less severe by applying real interference alignment. This technique offers
Eve the possibility of efficiently decoding the intended signal in the presence of artifi-
cial noise. This leads us to believe that relying solely on artificial noise as a strategy
to improve the secrecy rate may not be as efficient as one thinks. Furthermore, in the
absence of Eve’s CSI, nulling out the signal in Eve’s direction is clearly impossible.

Eve is by nature a passive entity and normally does not cooperate with the commu-
nicating parties, which makes it difficult for Alice to obtain Eve’s CSI. Consequently,

the problem of providing positive secrecy rates in the sense of weak or strong secrecy
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becomes challenging at different levels. For example, it is unclear how to construct
a codebook and code a message to achieve weak or strong secrecy without Eve’s CSI
knowledge. It is also difficult to degrade Eve’s channel, especially considering that
artificial noise may not be efficient and nulling out signals in Eve’s direction is not
possible. Moreover, there is no rigorous analysis towards identifying the secrecy rate
and a mathematical expression for it in the absence of Eve’s CSI. This motivates us
to consider in this chapter the case when Eve’s CSI is unknown to Alice.

As mentioned above, employing PLS aims at achieving a secrecy rate that ap-
proaches the Alice-Bob channel capacity in the sense of strong secrecy. However, in
the practical scenario where Eve’s CSI is unknown to Alice, even providing weak or
strong secrecy may not be possible. The methods proposed in the literature are far
from achieving this goal. Even asymptotically, i.e., high SNR, where the secrecy rate
is characterized by sdof, providing a secrecy rate in the same order of the Alice-Bob
channel capacity (i.e., achieving full sdof) is very challenging and may not be possi-
ble. To the best of our knowledge, the highest achievable sdof in the sense of weak
or strong secrecy was provided in [136] for the wiretap channel with an unknown
Eve. The authors considered a MIMO non-degraded wiretap channel with an un-
known Eve. The system considered in [136] consists of K;-antenna Alice, K, -antenna
Bob and K.-antenna Eve. The scheme proposed in [136] comprised a precoding and
coding technique that achieves max(0, min(Ky, K,) — K.) sdof in the sense of strong
secrecy. However, to achieve this result, it was proposed to transmit artificial noise
in an effort to adversely affect the signals received by both Bob and Eve. Moreover,
we can easily see that this technique cannot achieve full sdof, i.e., min(K;, K,), and
it provides zero sdof for the MISO wiretap channel, where K, = K, = 1, which is the
system model considered in this chapter.

Motivated by the above discussion, we consider in this chapter the MISO wiretap
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channel where Alice is equipped with multiple antennas, and Bob and Eve are each
equipped with a single antenna. This model is characterized as one-dimensional space
and offers one degree-of-freedom (dof). It is assumed that Eve has knowledge of the
CSI of all channels, implying that such channels cannot be used as a signature. We
prove in this chapter that it is possible to achieve full sdof in the sense of strong
secrecy for this system model with an unknown Eve without using artificial noise or
beamforming. The proposed technique consists of a precoding stage and a coding
stage. Precoding is based on a nonlinear interference alignment technique in a one-
dimensional space proposed in [122], [137], [138]. As for coding, it is based on channel
resolvability, but it does not require Eve’s CSI knowledge. This result is significant
because all proposed techniques reported in the literature suggested that the MISO
wiretap channel achieves zero sdof in the sense of weak or strong secrecy. Moreover,
the method proposed in this chapter proves that it is possible to achieve full sdof in
the sense of strong secrecy for the MISO wiretap channel without knowing Eve’s CSI
and without transmitting any artificial noise. To summarize, the main contributions
of this chapter are as follows:

— We propose a precoding technique that achieves zero dof for the Alice-Eve chan-
nel, without using artificial noise, while achieving full dof for the Alice-Bob chan-
nel. Eve can achieve a non-zero dof if and only if the Alice-Eve channel vector
is parallel to the Alice-Bob channel vector, which is practically impossible.

— We show that the proposed precoding technique uses the channel as a signature
to provide secrecy. We propose a coding technique and prove that it achieves
strong secrecy. We show that the proposed precoding and coding technique
achieves full sdof in the sense of strong secrecy.

— Assuming Rayleigh distributed channel gains, we prove that, at a reasonable

SNR, the proposed technique achieves a secrecy rate that is near Alice-Bob
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achievable rate, and this is achieved in the sense of strong secrecy for almost all
channel realizations.

The rest of chapter is organised as follows. In Section 5.2, we provide the system
model and discuss fundamentals of the wiretap channel. In Section 5.3, we provide
the proposed precoding technique. In Section 5.4, we present the proposed coding
technique. We conclude the chapter in Section 5.5.

Throughout the rest of the chapter, we use |-|, (:)*, ()7 and (-,-) to denote the
2-norm, the conjugate, the transpose operators and the inner product between two

vectors, respectively.

5.2 System Model and Definitions

In this chapter, we consider a MISO wiretap channel where Alice is equipped with K
antennas, Bob and Eve are each equipped with a single antenna. We assume that Alice
has knowledge of Alice-Bob’s CSI. However, Eve is assumed to know the CSI of all
channels, which represents the worst case scenario since the Alice-Bob channel cannot
be used as a signature. This assumption is used often in the literature. For simplicity,
we consider real-valued signals, although complex-valued signals are also possible.
We consider quasi-static fading where the channel gains remain constant during a
coherence time. The proposed technique development and its performance analysis
are provided for a given channel realization. The channel gain vectors of the Alice-Bob
and Alice-Eve channels are denoted by h = {hy, ha, ..., hx} and g = {g1, 92, .-, 9k },
respectively.

We assume that Alice intends to reliably communicate, with Bob, a confidential
message W' with rate R, symbols per channel use in the presence of Eve over m
channel uses, i.e., the message length is mR,. The message is coded into a sequence of

symbols (codeword), denoted by X™. Alice precodes the symbols then the resulting
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signal (the channel input) is transmitted. The codeword is chosen from a codebook
X™ containing 2™ codewords of length mR, where R denotes the transmission rate.
Obviously, R > R, [139] and R should be less than or equal to the Alice-Bob channel
capacity in order to achieve reliable communication. The channel output is denoted
by {Y™, Z™}, which represents the signals received by Bob and Eve, respectively.
Bob computes an estimate W™ of the message based on the observation Y. A

secrecy rate R, is said to be achievable if there exists a coding technique such that?
PAW™ #W") < i,

and
LI(W™, Z™) <, for weak secrecy

I(W™ Z™) <mn,, for strong secrecy,

where 7,, and 7, vanish as m goes to infinity, that is, nlbl_ngo Nm = Trlbz_ozgo n,. =0. P()
denotes the probability of an event. I(-, -) denotes the mutual information.

Assuming that Eve’s CSI is known to Alice, the authors in [125] used channel
resolvability to code the message so as to achieve a secrecy rate that equals the
difference between the mutual information of the Alice-Bob and Alice-Eve channels
in the sense of strong secrecy. For a given transmission technique, the achievable
secrecy rate may be expressed as [52]

R, = %max(o, [(X™ Y™ — [(X™ Z™)). (5.1)

The secrecy capacity is essentially the maximum of all achievable secrecy rates, which
is obtained by maximizing the secrecy rate in (5.1) over the channel input distribution.

In the following, we briefly describe the channel resolvability-based method (see

2Note that coding schemes achieving strong secrecy are normally different from those achieving
weak secrecy. We focus on those that achieve strong secrecy.
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[125] and [136]). Moreover, this method is applied when I(X™; Y™) > I(X™; Z™).
Otherwise, Alice simply does not transmit any message to Bob. Alice constructs a
codebook X™ containing 2m(X™Y™)=em) §j d. sequences generated from a certain
distribution, e.g., Gaussian. The variable ¢, is a positive constant that can be arbi-
trarily small. Alice divides the codewords into N bins, where each bin contains N

codewords. These quantities are calculated as follows.

Ne = Qm(I(X”L;ZmHE;n)’ (5.2)

/

NB — 2m(I(Xm;Ym)_577L_I(Xm§Zm)_Em). (53)

To compute No and Np, Alice requires the knowledge of 1(X™; Z™) which requires

Eve’s CSI knowledge. With this assumption, Alice selects a sequence of bits of length?
mR, = logy(Ng) = m(I(X™;Y™) — e — [(X™ Z™) —¢,,), (5.4)

and maps it to a bin. From [139], it is established that the knowledge of the bin is
sufficient to know the confidential message, implying that a receiver requires only the
knowledge of the selected bin to correctly decode the confidential message. Alice then
chooses randomly a codeword among the Ng codewords in the selected bin. Next,
we briefly describe how this method achieves the secrecy rate in (5.4) in the sense of
strong secrecy.

As mentioned above, Alice would need m channel uses to communicate codeword

X™. The transmitted information,

logy|X™|=m(I(X™; ¥Y™) — €n),

3 We show later that the proposed technique does not require Eve’s CSI knowledge.
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is less than the Alice-Bob’s channel mutual information mI(X™;Y™). As such,
Alice can reliably communicate the codeword with Bob, and Bob can know the exact
selected bin, implying that Bob is able to correctly decode the message. However,
Eve cannot correctly decode the whole codeword, since the transmission rate is higher
than the Alice-Eve mutual information. The decoded codeword, which contains at
least one error, may not belong to the bin associated with the confidential message and
may also belong to a bin not adjacent to the selected one. Therefore, one erroneous
symbol may lead to several errors in the decoded message. In [125] and [136], the
authors showed that Alice can communicate message W™ confidentially to Bob, in
the sense of strong secrecy, using the above described method. They proved that

there exist 7,,, and 7., such that

PW" W) <,

and

(W™, Z™) <, .

At high SNR, the behavior of the secrecy rate is characterized by the achievable
sdof. It represents the rate of growth of the achievable secrecy rate with the Alice-Bob
channel capacity 3 log,(P) (log,(P) for the case of complex signals) when P tends to
infinity, that is,

sdof = lim Ry(P)

—_— 5.5
A T, (P (5:5)

R,(P) emphasizes the dependence of the secrecy rate on P, where P denotes the

transmit power per symbol.

133



5.3 On the Achievable Rate and dof

We proposed in [122], [137] an interference management technique, referred to as
interference dissolution (ID) with the objective of managing interference in a one-
dimensional space over MISO time-invariant channels. We showed that ID achieves a
rate of two symbols per channel use while each symbol gets % dof, implying that both
symbols are perfectly separable at the receiver. We also showed that ID achieves the
maximum dof, which is one, for the MISO channel. We adapt in this section ID to
the underlying system model, i.e., the MISO wiretap channel. The objective here is
to propose a precoding technique and a coding scheme that together achieve full sdof
in the sense of strong secrecy. Precoding is based on ID, proposed in [122], [137],
and it aims at maximizing Alice-Bob’s mutual information and degrading Alice-Eve’s
channel. Coding, on the other hand, is used to provide strong secrecy. We evaluate
the performance of ID in the context of the wiretap channel where we analyze the

achievable rate and dof for the Alice-Bob and Alice-Eve channels.

5.3.1 ID for MISO wiretap channel

Without loss of generality, let as assume that Alice intends to transmit mK pairs
of symbols, namely, ({11,212}, {z13, %14}, .-, {Tk2m-1, Tx 2m}) to Bob. As shown
in [122,137], there is no restriction on the statistical distribution of the symbols.
However, since this chapter is concerned with the analysis of the achievable rate and
dof, the input distribution is assumed to be Gaussian such that the received signal
tends to Gaussian. (More on this later.) Note that the restriction on grouping the
transmitted symbols into pairs stems from the fact that ID is developed to achieve a
rate of two symbols per channel use. We emphasize here that the transmitted symbols
can be grouped in threes, fours, and so on and this does not have a profound impact

on how ID is implemented.
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The way ID is developed involves sending from the transmitter of all the mK
pairs of symbols during the first channel use (or time slot). Then, during subsequent
channel uses, the transmitter nonlinearly precodes symbols and sends them in such
a way that one pair of symbols becomes separable at the receiver. As such, the total

required number of channel uses to complete the transmission and reception of the

2mK
mK+1

2mK symbols is mK + 1. As such, ID allows to transmit el 2 symbols
per channel use. In this section, we describe in detail the precoding and decoding
processes.

In the first channel use, Alice sends the mK symbol pairs such that the sum of
each m symbol pairs is transmitted from one antenna. That is, Alice sends the sums
(02 g, S oy S0 e} from the K antennas {1,2, ..., K}, respectively.

Bob then receives after the first channel use a linear combination of the transmitted

symbols, which is expressed as

K 2m
Y1 = Z hy Z T+ na, (5.6)
k=1 i=1

where {hy, hs,...,hg} are the Alice-Bob channel gains, and n; is additive white
Gaussian noise (AWGN) with zero mean and variance .

To illustrate the precoding and decoding processes, let us start by the first symbol
pair (z11,212) (the same is done for the remaining symbol pairs as will be given
later). Since the first symbol pair is the intended one, the remaining symbols, i.e.,
({x13, 214}, -, {TK 2m—1, Tk 2m}), are seen as interference. Precoding of the first
symbol pair is done in such a way that the interfering signals are aligned by the

signal vector (hyzy2, —hiry1)" which is orthogonal to {hiz;1,hiz12} at Bob, and

this allows to decode (x1,1,z12) without interference. To this end, Alice calculates a
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dissolution factor §; by solving [122], [137]

K 2m
hiziy + Prhizp = thzka (5.7)
k=1  i=1

where 3; is equal to*

m ha S0 w4 Sy b Yo T
h1$1,2 '

pr = (5.8)

Then, Alice communicates z1 9 — 1211 via hy with Bob. The signal vector received
at Bob during the first and the second channel uses can be written as
Y1 h1931,1 h1931,2 ny

= + 5
Y2 hiziz —hyxy Ny (5.9)

=v(211,212) + 51")L(£E1,1, x12) + (n1, nz)T,

where ny is AWGN with zero mean and variance 2. v(x11, T12) and v* (211, 712)
denote the vector (hixy 1, hiz12)T and its orthogonal vector (hyxy9, —hi711)". One
can easily see that the remaining signals are confined to the sub-space formed by the
signal vector v (xy 1, 212) = (hz12, —hi711)".

The remaining signals are aligned by the signal vector (hor12, —hiz11)7 as shown
in (5.9). However, there are three unknowns, namely zy;, z12 and £y, while the
receiver has only two signal combinations. We emphasize that ID decoding allows
to extract {x 1,212} without any knowledge about f; as shown in [122], [137]. The

decoding process is described as follows (for more details, please refer to [122], [137].)

4We remark that in the unlikely event that h; (or any other channel gain) is close to zero, it
means that the corresponding channel is in deep fade, and therefore the associated antenna may
not be used, i.e., no transmission takes place from that antenna, which is what happens in practice.
That is, if the channel gain is small enough such that the transmitted power violates the maximum
allowed value, the corresponding antenna is kept idle, and consequently ID will use K — 1 antennas.
Moreover, the analysis in this chapter pertaining to the dof is asymptotic in the SNR, and thus there
are no constraints on the transmitted power.
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The receiver starts by building the set of all possible pairs of signals (hyz 1, h1212),
namely,
hiZ1,

S=qv(T1, 212) = RE (T11, T12) € M2 3,
h1$1,2

where M, is the symbol constellation. Then, for each vector v(Zy 1, T12) € S, the

decision weight component is expressed as

w(F11,T12) = (1, y2)" = v(F1,1, F12),0(F1,1, T12))|
1,1, %1,2) = |lv(Z1,1,Z1,2)]|
— ‘<’U(:L"1,1, z12) + Brot (@11, 012) + (n1,m2)" — v(F10,712), 10
CRE T p—
v(T11,712 _—.
lv(z1,1,T12)|

It is clear from (5.10) that the noiseless part of the weight component w(Zy 1,1 2)
is equal to zero when (Z11,%12) = (211, 712). Otherwise, it takes a non zero value
for almost all channel realizations. For more details, we refer the reader to Lemma
1 in [122], [137]. The decision rule consists therefore of choosing the symbol vector

(11, 712) that minimizes the weight component, i.e.,

(T11,72) = argmin  w(T11,Z12). (5.11)
(Z1,1,21,2)EM?2

After decoding (11, 212), the transmitter and receiver consider (xy 3,1 4) as in-

tended and the rest of the symbols as interference®. Precoding proceeds as described

before, where the noiseless part of y; is used this time to dissolve h; Z?Z“ 31+

5Tt may be intuitive to realize that subtracting the contribution of (®1,1,21,2) after having been
decoded while decoding (z1,3,21.4) may enhance the achievable rate associated with (13, %1,4)-
However, this is valid only under the condition of correctly decoding (z1,1,21,2). Otherwise, this
leads to error propagation. Quantifying the effect of error propagation on the performance of the
proposed technique from an information theoretic perspective is difficult to provide and makes the
derivation of the sdof intractable. Furthermore, the proposed technique already achieves optimal
performance in terms of sdof and near optimal performance in terms of secrecy rate on the Alice-Bob
channel. Therefore, jointly using the proposed technique and successive decoding might result in a
slight enhancement in performance, if any.
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S e S 2y in by 4 by calculating the dissolution factor

2m K 2m
ha Zi:l,i¢{3,4} T+ D ey e D5l Tk
h1931,4

Bp=1+

In the third channel use, the transmitter sends the nonlinearly precoded symbols
in order to align the interference by the intended ones. The receiver proceeds, as

explained above, to decode (1 3,14) using the signal vector (yi,ys), i.e.,

U h1331,3 h1331,4 n

- + By
Y3 hiz1,4 —hyzy3 ng3 (5.12)

=v(r13, T14) + 51’Ul(561,3, T14) + Na,

where ngy is the AWGN vector (ny,n3). Then, Alice and Bob proceed in encoding
and decoding the remaining symbol pairs in the exact same way as what was done
for the first symbol pair. To elaborate, during the ((k — 1)m + i + 1)th ((k,7) €
{1,2,..., K} x{1,2,...,m}) channel use, the {zy2;,_1, T} 2} symbol pair is precoded

then sent. Bob then uses (1, Y(k—1)m+i+1) to decode this symbol pair.

5.3.2 Achievable rate and dof on the Alice-Bob channel

As shown above, the symbols are precoded and decoded in pairs. Moreover, the
precoding and decoding processes are similar for all symbol pairs. Therefore, we
first start by analyzing Alice-Bob’s achievable rate considering the first symbol pair,
namely, 21, and x; 2. We then generalize the result to the remaining mK — 1 sym-
bol pairs. Considering that the symbols (yi,9) are Gaussian, the achievable rate

associated with the first symbol pair is given by the following Lemma.

Lemma 5.1. The achievable rate associated with the symbol pair {z1 1,212} on the
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Alice-Bob channel is given as

1 omP S 1|2
RB(xl,laxIQ) = _10g2 (1_'_ m Zk:l‘ k‘ )

2 o2

(5.13)

1 2mP S0 | hil* 40
5 g2 :

+-1lo
AmP Y n  |hy|2—4P|hy |2 +02

Proof. See Appendix C.1.

Similar steps to the proof of Lemma 5.1 can be followed to find a similar expression
for the remaining symbol pairs. Specifically, the achievable rate for the {z; 21, %;2}

({7,i} € [1, k] x [1,m] symbol pair is given as

Rp(xj2i—1,%52) = I(xj2i-1, %2 Y1, Yjm+it1)

1 2mP S |l
=5 log, (1 + 2
2mP Zi{zl‘hk‘2+02
4(m — 1) P|h; 2+4mP K |y 2402 (5.14)
k5
1 2mP S8 ||
= 5 10g2 1 + 0_2

L og, ( 2mP YK |hy |2 402 ) |
2 4mP S5 |hg|2—4P|hj|2 402
It is clear from (5.14) that, the symbol pairs transmitted by the same antenna (i.e.,
have the same antenna index j in (5.14)) at the first channel use achieve the same
rate. However, this rate varies slightly between symbol pairs transmitted via different
antennas because h;’s are different for different channels.

Armed with the above results, we now find the overall achievable rate per channel
use, denoted by Rp. Note that mK + 1 channel uses are used to transmit the 2mK

symbols. As such, Rp can be expressed as shown in (5.15), where (a) follows from

the fact that all symbol pairs transmitted over the same antenna have the same rate.
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Rp

K m
= mK—|—1 (;;RB (Tk,2i— 1,9%2@))
W m (x
= mK +1 (;RB Tk,1, Tk 2))
2mP hy|? 2mP K |hy[2+o?
S - (Kl% <1+ zk 1| )+Z Og2< PEicill o’
2(m —~ 4mP YK |hj[2—4P|hy 2o
2mP hi|? 2mP K: hi|?+0?
R <K10g2< zk 1 |> Z < Sl o?
e 4mP Zj:l’hj’ +20
— QmPZk [P
= (mK+1) <log2< + 2 -1].
(5.15)
The total achievable dof per channel use is thus equal to [135]°
R K
lim—2 - _™M% (5.16)

Poool 510g,(P)  mK + 1 mooo

5.3.3 Achievable rate and dof on the Alice-Eve channel

As explained above, the ID precoding process uses the Alice-Bob channel gains to
align symbols by other symbols such that they are perfectly separable at Bob. Since
the Alice-Eve channel gains are different from those of the Alice-Bob channel, the
symbols will not be aligned at Eve. This means that ID cannot be applied at Eve as
it is applied at Bob. Moreover, considering that in the first channel use each symbol

is aligned with (2m —1) other symbols on the same channel, applying real interference

6Note that the transmission of the 2m K symbols is performed within the same (finite) coherence
time. In the performance analysis, we assume that mK is very large, which might appear as
a contradiction with the assumption of having a finite coherence time. The assumption of having
large values of mK is considered merely to determine the dof on the Alice-Bob channel. The original
expression is m’?{ g therefore when mK is very large, this expression approaches 1. This is true
even if mK is not very large. For example, when mK = 20, the expression becomes 1 — % ~ 1.
It should be emphasized here that, in practice, the coherence time is on the order of hundreds of
channel uses and hence the dof on the Alice-Bob channel approaches one.
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alignment to separate symbols at Eve is impossible [134], [121], [135]. In fact, the
best that Eve can do in this scenario is to extract the sum of the m symbols, not
the individual symbols. A heuristic interpretation of this is that any Eve that does
not have the same channel gain vector as that of Bob’s cannot separate the received
symbols and therefore will have a poor transmission rate. In this section, we prove
this result assuming a Gaussian input distribution.

The precoding and transmission processes for the Alice-Eve channel are the same
as those for the Alice-Bob channel (given in the previous section). As such, the

received signal at Eve during the first channel use can be written as

K 2m
2= ngZIkz +n1, (5.17)
k=1 i=1

where n; denotes AWGN with zero mean and variance 2. In the second channel

use, Alice communicates x19 — 111 via hy with Bob. Consequently, Eve receives

x12 — 111 via g1. The received signal is denoted by 2z, and is given as

Z9 = gl(ZL’l,g — 511’171) + Na. (518)

Since {g1,92,...,9K} # {h1,ho,...,hgx} and (; in (5.8) is a nonlinear combination
of symbols and the vector channel {hy, ho, ..., hg}, 21 cannot be written as g (11 +
f1212) + ni. Hence, the remaining signals are not aligned by the intended one as in
(5.8). Although Eve has Alice-Bob’s CSI, it cannot proceed similar to what is done
at Bob to decode z1; and x;2. Moreover, 3; is unknown to Eve and each symbol
is aligned with 2m — 1 symbols on the same channel. Hence, Eve cannot use real
interference alignment to separate symbols. This heuristic interpretation suggests,
from an information theoretic perspective, that the proposed technique achieves very

low rate at Eve, which is proved in Lemma 5.2.
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The achievable rate associated with (x1,x12) given (z1, 2z2) does not scale with

power and it is given by the following Lemma.

Lemma 5.2. For medium to high SNR, the achievable rate associated to the symbol

pair {11,212} on the Alice-Bob channel is written as,

1 IEPIE )
Re(zi1,712) ~ =lo . 5.19
Pl 2) = 5 g2<||h||2||g||2—|<h,g*>|2 (5:.19)

Proof. See Appendix C.2. g

Therefore, the achievable dof associated with z;; and ;2 becomes

 Rp(ai,e
2 2

1o ( 1hI21g)? )
22982\ hiEig -] thg | (5.20)
Lim 3 logy(P)

=0,

unless (g1, go, - - ., gn) is parallel to (hy, ha, ..., hy).

Recall that precoding and decoding (after the first channel use) are identical for
all symbol pairs. Therefore, one may follow steps similar to those that led to (5.20)
to show that the achievable dof for each of the symbols is zero. Having said this, the

overall achievable rate on the Alice-Eve channel can be written as

Rp =

m
g I l"k,zz'—l, Tk,2i5 215 Z(k—l)m+i+1)
1 i=1

Mx

mK+1

e
Il

(5.21)
® m

= m RE(xk,lu xk,2)7

]~

e
Il

1

where (b) follows from the fact that the symbol pairs transmitted by the same antenna
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at the first channel use achieve the same rate and

‘O(zlv z(k—l)m-ﬁ-i—i—l) ‘
|C (21, 2 1ymit1 [Th,1, 21 2) |

1
Re(zk1,Tk2) = 3 log, <E [ (5.22)

For medium to high SNR, equation (5.22), for all &k = {1,2,..., K}, can be ex-
pressed as (5.19), which means that the achievable rate for all symbol pairs will not
scale with the transmit power, i.e., the achievable rate is constant with respect to the
transmit power. Therefore, the total achievable dof on the Alice-Eve channel is zero.
We stress here that this performance is achieved without using any artificial noise.
To the best of our knowledge, there is no precoding technique in the literature that
can achieve such performance when Eve’s CSI is unknown to Alice.

To verify the above results, we performed an experiment which involves numer-
ically examining the achievable rate on the Alice-Bob (Rp) and Alice-Eve channels
(Rg). The expression of Rp for a given channel use is given by the third line in
(5.15). The expression of Rp is provided in (5.21) as a function of the achievable rate
associated with each symbol pair which can be found in Appendix C.2. For instance,
the exact expression of Rg(z11,212) is given by (C.5), where the exact expressions
of the denominator and nominator are given by (C.6) and (C.7), respectively. In this
experiment, we assume that the channel gains are Rayleigh distributed with variance
one. The results are depicted in Fig. 5.1 versus ¢ in dB, where ¢ = U—PQ. The results
are obtained by averaging over many channel realizations. We can observe from the
figure that the achievable rate on the Alice-Bob channel scales with the transmit

power, whereas it is almost zero on the Alice-Eve channel, which proves the efficacy

of the proposed ID for the MISO wiretap channel.

5.3.4 On the achievable dof using linear precoding

We showed above that ID, which is essentially a nonlinear precoding technique,

achieves full dof for Bob’s channel and zero dof for Eve’s channel. We also claimed
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Figure 5.1: Average achievable rate versus ((dB).

that linear precoding techniques, in general, including linear interference alignment,
fail to achieve the results achieved by ID. In this section, we prove this claim.
Considering the MISO wiretap channel, let us assume the general case whereby
Alice sends a linear combination of L symbols during m channel uses. We denote by
Q, H and G the precoding matrix, the Alice-Bob channel matrix and the Alice-Bob
channel matrix, respectively. The received signal by Bob and Eve can then be written

as follows.

y=HQx +ng, (5.23)

z=GQx +npg, (5.24)

where @« is the transmitted symbol vector, of length L. ng and ng denote the AWGN
vector at Bob and Eve, respectively. During the channel use ith (i € {1,2,...,m}),
the coefficients associated with symbol z; (I € {1,2,..., L}) at Eve are (g;, q;), where
g, and g, denote the [th column of @ and the ith row of G, respectively.

Linear interference management in a one-dimensional space (e.g., real interference
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alignment [135]) gives the receiver the possibility to jointly decode interfering sym-
bols if they are received over rationally independent channels. Among the m received
signals, if there exists one such that two symbols received over two rationally indepen-
dent channels, they are considered separable. For example, consider x; and x5. They
are said to be separable if the corresponding received signal is of the form hazy + A 2o
where h and A’ are different (i.e., rationally independent). However, if 21 and x5 are
received over the same channel, they are inseparable. As such, the objective is to
precode the symbols in such a way that they are separable at Bob, but not at Eve.
However, this is not possible using linear precoding, as will be explained below.

Let us consider the scenario in which there exist two inseparable symbols z; and
x, at Eve. Thus, there associated coefficients are rationally dependent during all the
m channel uses, i.e., there exists a rational vector of numbers (aq, as, ..., a,,) such

that,

<gi7 ql> = ai<gi7 ql'>7 VZ € {17 27 s 7m}7
where ¢; and gy denote the /th and I'th columns of Q respectively. Given that the
channel matrix G is unknown to Alice, the only possible solution is to set

ql :aiql’ VZ{l,Q,m}

Note that ¢, and ¢, are independent of ¢. Therefore, one may choose the precoding
matrix with the following parameters a; = a2 = -+ = o, = a and q; = aqy.

However, this gives

(hi,q,) = alh;,qp), Yie{l,2,...,m},

and thus the symbols z; and z; must also be aligned at Bob. Therefore, linearly

precoding symbols to provide zero dof for Eve’s channel results in zero dof for Bob’s
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channel. This proves that linear precoding cannot achieve zero dof on the Alice-Eve
channel while achieving full dof on the Alice-Bob channel without using artificial

noise.

5.4 On the Achievable Sdof in the Sense of Strong-

Secrecy

5.4.1 Achievable sdof

The channel resolvability method in [125] requires that Alice knows I(X™; Z™), i.e.,
Alice has access to Eve’s CSI, in order to achieve a secrecy rate that equals the
difference between the mutual information of the Alice-Bob and Alice-Eve channels.
Since the channel resolvability-based method involves associating a subcode to the
confidential message with a rate above Eve’s channel resolvability, this method can
be simply extended to the case when Alice has an upper bound on [(X™; Z™). The
achievable secrecy rate in the sense of strong secrecy becomes the difference between
the mutual information of the Alice-Bob channel and the used upper bound. To

elaborate, let us assume that there exists a quantity Ry, such that

I[(X™ Z™) < Ry, (5.25)

The inequality (5.25) suggests that there exists a strictly positive constant e, such
that

Ry =I1(X™ Z™) +e, .

If Alice knows Ry, it follows the steps explained in Section 5.2 (see equations

(5.2) and (5.3) and the pertaining discussion) to construct a code that achieves strong
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secrecy. However, the achievable secrecy rate becomes

R, = max(0, [(X™; Y™) — Ry). (5.26)

We stress here that this method can be applied only if Ry, is known to Alice which
is not clear how to obtain it when Eve is completely unknown.

In this section, we propose a coding scheme based on the channel resolvability-
based method described in [125] and this code ensures strong secrecy. Given that
channel resolvability requires the knowledge of an upper bound on the Eve’s mutual
information, which is not possible to obtain when Eve is completely unknown, we
first adapt this method to the underlying scenario where Eve is unknown. Recall that
channel resolvability involves associating a subcode to the confidential message with a
rate above Eve’s channel resolvability. A key idea in this work is to provide an upper
bound on the mutual information of Alice-Eve’s channel without any knowledge about
Eve’s CSI. Then, Alice codes information based on this upper bound as explained
above.

We proved before that the achievable rate on the Alice-Eve channel does not scale
with P at high SNR (see Section 5.3.3). Based on this observation, we may construct
upper bound on the achievable rate on the Alice-Eve channel as follows. For a given

a € (0,1) there exists Py, such that V{i,k} € [1,m] x [1, K] and VP > P,,, we have’

Rp(Tk2i-1, Tr2i) = (5.27)

This suggests that at high SNR, Alice can guarantee that Eve’s mutual information is

upper bounded by % log,(P*) which is known by Alice. Moreover, we showed in (5.14)

"We note that P, is investigated in the next section.
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that the achievable rate on the Alice-Bob channel scales with P. Given that % log, (P?)
scales with P® and o < 1, then there exists P, such that for V{i, k} € [1,m] x [1, K]

and VP > P}, we have

RB(Ik,zi—l, xk,zz’) (Ik,zi—l, Tk.2i5 Y1, y(k—l)m+i+1)

=1
1 (5.28)
> 3 log, (P%).
This inequality guarantees that Bob’s mutual information is higher than Eve’s mutual
information upper bound, which guarantees a positive secrecy rate at high SNR.
For P > max(Py, P,,), i.e., at high SNR, Alice considers Ry, = 3 logy(P®) defined
in (5.25) to construct a code that achieves strong secrecy as described below. Since
each group of 2m symbols are transmitted over the same antenna during the first
channel use, symbols within each group have the same associated mutual information,
and therefore, Alice codes each group separately. We elaborate next how the first
group of symbols, i.e., (211,212, ... %12m), is coded. (Coding of the rest of the groups
follows exactly the same way.) From (5.14), we can see that the achievable rate for

the m pairs, i.e., (211,212, .. Z12m), at high transmit power is

m

Z I(x12i-1, T1,263 Y1, Yiv1) = md (211, 0125 Y1, Y2)
i=1 (5.29)

= mRB(l"l,l,l'l,z)-

Alice considers a message W of length m(I (1,1, 1,2; Y1, y2) — 3 logy(P®) — €,) bits
to transmit, where ¢,, is strictly positive and me,, = 0. To code the message, Alice
proceeds as follows. First, it generates a codebook, of size 2m x 27U (#1,1,21,2:91,92) =€m)
whose entries are drawn independently from some distribution. Then, it divides
the codebook into Ng = omI(@1,1,21,2391,y2) =5 loga (P*)=em) hing and each bin contains

m

No = 27 19%(P%) codewords (see (5.2) and (5.3)). Then, it maps W™ to a bin and
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it chooses randomly a codeword from the bin. From (5.27), there exists €, > 0 such

that 2 logy(P*) = m(I(z1,1,%12; 21, 22) + €,,). From [125], there exists n = 0

such that

Given that the transmission rate m(I(z11, Z1.92; Y1, Y2) — €) is less than the Alice-Bob
channel mutual information, as per Shannon theory, the error probability at Bob is

given as

Pr(W, #W™) = 0. (5.30)

m—o0

Alice uses the same method to construct codebooks for the remaining symbol
groups sent by antennas {2,3,..., K} during the first channel use. Clearly, the re-
sults obtained for the first symbol group hold true for the remaining symbol groups.

Therefore, for P > Py, there exist {77,(#,), nﬁg), o ,m(nK)} such that

]~

[(ern’W;n7’ ?;Zm) = ](W?;Zluz(k—l)m—i-l---ka—l—l)

B
Il
—

(5.31)
n® - 0.

m—ro0

]~

B
Il
—

The expression in (5.30) ensures achieving arbitrarily small error probability at Bob
and the expression (5.31) ensures that the transmitted messages are independent of
the ones received at Eve, which essentially proves that the conditions for achieving
strong secrecy are satisfied.

The achievable secrecy rate in the sense of strong secrecy, at high transmit power

(P > Py,), is then given by

m

R,= ——
mK + 1

S (R, w12) — %logQ(Pa) —en). (5.32)
k
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Consequently, the achievable sdof is given by

sdof = lim IL
P>Py,P—o0 5 logy (P)

#_,_1 Zszl (RB(kav:Ek,Q) - %10g2(Pa))

= lim

P=roo 5 log,(P) (5.33)
m 2mP S F | |hy)? :
> 1im ZEED >kt (log2 (1 + %) —-1- alogz(P))
~ Pooo 5 log,(P)
K(1 -
_mK(l-o

mK+1 m—c

We can choose a as small as desired and thus the achievable sdof can approach the

full sdof, which is one for the adopted system model.

5.4.2 On the ID achievable strong secrecy rate

We showed above that the proposed scheme achieves full sdof in the sense of strong
secrecy. Though sdof characterizes the behavior of the secrecy rate asymptomatically,
i.e., at high SNR. Operating at high SNR suggests that Alice can not guarantee that
Ry, = 1logy(P®) is higher than Eve’s mutual information at finite SNR. Moreover,
this upper bound is not tight at high SNR, which decreases the achievable secrecy
rate

Ry = max(0, [(X™;Y™) — Ry,).

This necessitates analyzing the performance of the proposed scheme in terms of the
achievable secrecy rate at finite SNR.

We argued previously that, as per the notion of channel resolvability, if Alice
knows an upper bound on Eve’s mutual information Ry, it can construct a code that
achieves strong secrecy. In this section, we investigate the minimum threshold Ry,

for V{i,k} € [1,m] x [1, K] such that

](ifk,zi—l, Tk 245 21 Z(k—l)m+i+1) < Ry,. (5-34)
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In this section, we assume that the Alice-Eve channel is Rayleigh distributed, which
obviously does not contradict the assumption that Eve is unknown, as the former
is dictated by the propagation environment. We now proceed to find the minimum
required Ry, to achieve strong secrecy, at finite SNR, with a probability approach-
ing one for a given channel realization. To this end, we find an expression of the
probability of having strong secrecy for a given channel realization as a function of
Ry,. Based on this result, we can then adjust Ry, to achieve strong secrecy with
high probability for a given channel realization. We recall that the knowledge of the
channel distribution is not used in Sections 5.3 and 5.4.1, and the proposed technique
achieves full sdof for a given channel realization (without considering any particular
channel distribution) as shown in Section 5.4.1.

To make the analysis more tractable, we assume that m is reasonably large, while
still assuming finite SNR. This assumption makes the achievable rate for all symbol
groups (each of size 2m) at Eve to be equal. Armed with this result, we may write
the achievable rate at Eve as (expressed in (5.35) on the next page), where arriving

at (c) results from assuming a large m, while this is valid for medium to high SNR.
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The last equality in (5.35) is backed up by the fact that mK ~ mK + 1.

:mK+ Z E(Tk,1, Th,2)

o m Z . (2mP LI 1g512) (2mPIel S0 s )
=1 (2mP)? Z’Z'; [(Zj{zllhjlz) (ZJI'{:1|9J|2> - (Zszl hjgj)ﬂ
_ R (ZEilai) (Z5i0nP) 2
(S 0l2) (S 0a?) — (S5, hg)

2(mK +1)
~ 1 [ lg]?
~ 5 log, SRS — | -
1RI[*llgl*= IR, g7)]

(5.35)
Whenever Ry, > Rpg, it means that
h|]2|gl2 h,g*)? 1
L (5 P |
[R[1?lglI>— [(h, g*)] [R[[*[gll 22Ren
th.g)[’
To find an expression for P.(Ry, > Rg), we need to find the distribution of hH H9||2

Let us consider the normalized vector g = and its orthogonal normalized

g
Igll

vector QL = The channel vector h can be decomposed into a parallel and

9
gl

orthogonal components as follows.

We use ht = (h,g*) and Rl = (h,g) to denote the perpendicular and parallel
components. respectively. Since ||h|?= ||h*||>+||h||?, we can write

G kL N L S L (5.36)

IRI2lgl ARl R Rt R
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From [140], ||hl||2~ I'(1,1) and ||h*|>~ T(K — 1,1), where I'(p, \) denotes the I
distribution with parameters (p, A). By applying this result and considering (5.36),

we can obtain [141]

(h, g")|*
g ~ ALK = 1),

IR[I7lgl]?

where 5(p, \) denotes the Beta distribution with parameters (p, ). In the following
we provide simulation results to validate the obtained results.

To validate the above result, we plot in Fig. 5.2 the probability distribution

|th.g")|”
IhI2lgl2”

function of the random variable The figure shows that the analytical results
match well with the simulation results. Furthermore, it is known that the cumulative
distribution function (CDF) of the Beta distribution is the regularized incomplete

Beta function [141]. As such, for a given channel realization, the probability to have

strong secrecy is given by

b g I
P, —p (MBI g
i = fie) (||h||2||gr|2 <!

51— ki LK~ 1)
B(L K —1) (5.37)
=1, (LK-1)

228y,

K-1
22Rth

where 3 (1 — zzﬁ; 1, K — 1) and I, 1 (1, K—1) denotes the incomplete Beta func-

22R¢p

tion and the regularized incomplete Beta function, respectively. We compare in Fig.
5.3 the CDF based on simulations and compare that to the analytical expression for
the CDF. Perfect match between theory and simulations is evident from the figure.
We observe from (5.37) that the probability of achieving strong secrecy, for a given
channel realization, depends on Ry, (used to encode the transmitted symbol) and on

the number of transmit antennas. It is desired to have this probability approach one.
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One way of accomplishing this is to increase Ry,, which translates to increasing the
transmit power, or increasing the number of transmit antennas without the need to
increase the transmit power. Note that Ry, given in (5.37) represents the minimum

required rate, which can be expressed as

Rmzﬁagjﬁb&uf4u3m>3my (5.38)

In light of the above development, the achievable secrecy rate is expressed as

1 omP S E |k |? 1
R82_10g2 1+ m Zk:l‘ k| —Rth__
2 o2 2
K 2
= Liog, (1 MRS =l ) (5.39)
2 o2
b e, (1= PRy > RBp)) — =
2(]{: N 1) Og2 r th E 27

which is achieved with probability P,.(Ry, > Rg).

To elaborate on the implication of expressions (5.37)-(5.39), we consider the fol-
lowing example. Let Alice be equipped with K = 10 antennas, while Bob and Eve
are each equipped with a single antenna. Suppose that it is required to achieve
strong secrecy with probability P,(Ry, > Rg) = 0.999 of the channel realizations (see
(5.37)). Consequently, the minimum required rate is Ry, ~ 0.55. This result is valid
for medium to high SNR. From (5.33), the achievable secrecy rate for a given channel

realization is,

1 2mP 32,2 [l 1
R, > B logy | 1+ 02 Ry, — 5
1 2mP 32,2 [ 1
= Slogy [ 1+ e = 0.55 = (5.40)
1 2omP S0 | hyl?
2 o?
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K
which is within one bit from the Alice-Bob mutual information % log, (1 + M) .

This is consistent with the results obtained in [122] where it was shown that the
achievable rate on the Alice-Bob channel is at most one bit away from the channel
capacity. This result suggests that strong secrecy is not achieved for about 0.1% of
the channel realizations. This does not mean, however, that Eve is guaranteed to
correctly decode the whole message in those instances. The achievable rate is within
one bit from the mutual information of Alice-Bob’s channel which is shown in [122]

to be close to the channel capacity.

5.5 Conclusion

In this chapter, we proposed a combined precoding and coding method that achieves
full sdof in the sense of strong secrecy for the MISO wiretap channel with an unknown
Eve. This is an important result because it is contrary to what has been published
so far on this subject. In particular, it has been shown that a zero sdof is achieved
when the number of antennas at Bob and Eve is the same. Furthermore, the pro-
posed method does not use artificial noise or beamforming to degrade Eve’s channel.
We proved that linear precoding techniques cannot achieve such performance. We
also proved that the proposed technique can achieve a near-capacity secrecy rate in
the sense of strong secrecy at reasonable SNR. We believe that this work is a first
step towards developing transmission techniques that can achieve secrecy rates that
come close to the Alice-Bob’s channel capacity while using all the transmit power to

transmit the information symbol, i.e., without transmitting artificial noise.
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Chapter 6

Conclusion and Future Research

Directions

In this chapter, we conclude the thesis and list a number of potential research problems

to pursue in the future.

6.1 Conclusion

In this dissertation, we first introduced a novel NOMA scheme that exploits the sim-
ilarity between users’ bit sequences of short length [53], [54]. We showed analytically
and by simulations that the proposed technique considerably enhances the spectral
efficiency, which could reach three times that of existing NOMA techniques. More-
over, the proposed technique performance improves as the number of users increases,
contrary to existing techniques whereby the transmission rate per user slightly de-
creases as the number of users increases. This suggests that the proposed scheme is
suitable for 5G as it is expected to provide massive connectivity. This contribution
was the first that exploited the similarity among short bit sequences to enhance the

spectral efficiency. Despite this enhancement in the spectral efficiency, it is still far
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from the promised improvement expected to be achieved by 5G, which is a hundred
times more that of 4G. This has driven the wireless industry to move towards using
mmWave frequencies, which offer much larger bandwidth, in the order of GHz. How-
ever, mmWave transmissions are limited by the physical properties of the channel
particularly since it is sensitive to blockage.

Providing a solution to enhance the communications range of mmWave systems
has been one of the main interests of researchers from both academia and industry.
I have had the opportunity to work on mmWave transmissions during my internship
at Bell Labs, Crawford Hill, New Jersey, which took place between August 2018 and
January 2019. During my visit, we performed multiple RF measurements and we
realized that, in similar propagation environments, dominant signals typically share
similar angle of arrival/departure. This observation is aligned with the conjecture
of the sparsity of mmWave channels. We exploited the channel sparsity, in conjunc-
tion with machine learning, to develop a beam-codebook based analog beam-steering
scheme [65]. The proposed scheme involves that the users’ devices collect measure-
ments when they are idle then send them back to the BS associated to those devices.
The BS uses an unsupervised (completely automated) process, that we developed
using Bayesian machine learning, to build and update the beam-codebook. The BS
then shares the codebook with the new users connected to it to predict the dominant
signal direction and beamwidth. Preliminary performance studies showed that the
proposed approach achieves near optimal performance without any knowledge of the
CSI where the user’s device is equipped with only one RF. This is promising and mo-
tivate us to continue to investigate beam training techniques for mmWave multiple
antennas devices.

Through my interaction with the team members at Bell Labs, I have also come to

realize how important it is to consider the cost of newly developed technologies and
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the impact of that on their feasibility of their deployment. For instance, mmWave
transceivers are deemed to be expensive and power greedy and hence cannot be used in
[oT devices that are expected to have low cost and limited batteries (e.g., sensors for
waste collection in smart cities). This naturally led to the notion of using the concept
of SON, which is considered as a key enabling technology for next generation systems
to optimize the use of network equipment (e.g., BS) and reduce the CAPEX/OPEX.
We conducted studies on the subject and we found that it is possible to provide
automated self-organized network. We developed an unsupervised planning process
that provides the essential planning parameters of cellular networks, including the
minimum number of required BSs, their positions, coverage, and antenna radiation
patterns, while taking into consideration the inter-cell interference and satisfying
capacity, coverage and transmit power constraints [66]. We prove that the proposed
approach minimizes the number of the deployed BSs and hence it minimizes the
CAPEX. Moreover, since the proposed approach is unsupervised, it contributes to
reduce the OPEX by reducing the human intervention.

In terms of achieving secured communications, we developed a special interest in
PLS that is deemed to be efficient and compatible with 5G/6G services. PLS, how-
ever, still lacks success due to the unrealistic assumptions that are normally made. For
instance, most of the methods proposed in the literature failed to transmit messages
completely confidential considering the practical scenario in which the eavesdropper
can be passive and completely transparent to the transmitter and receiver. To this
end, we developed a radically novel nonlinear precoding technique and a coding strat-
egy that together allow to secure communication even in the presence of completely
transparent (i.e., unknown) eavesdropper [67], [68]. Moreover, we showed that the
achievable secrecy rate is almost equal to the channel capacity. This suggests that

one could secure information with almost zero cost. Such performance is a big leap
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towards the transition of PLS from theory to the adoption in 5G/6G systems.

6.2 Future Research Directions

Although we addressed several research challenges related the key enabling technolo-
gies for 5G systems, there are still many open questions that need to be addressed to
clinch closer to the realizing the full potential of 5G and beyond networks. We list

below a few of those questions.

6.2.1 The Road to Practical Implementation

As explained in Chapter 2, the main idea of the proposed NOMA technique is to
broadcast one signal that will be received and decoded by multiple users. It was
shown that the overall throughput can be significantly enhanced as compared to
existing techniques. However, 5G BSs are expected to be equipped with a large
number of antennas and hence the broadcast space could be narrowed when spatial
multiplexing (i.e., beamforming) is intended. This suggests that the number of users
per broadcasting space will be reduced and hence may affect the performance of the
proposed NOMA approach. Meanwhile, spatial multiplexing provides a considerable
gain in terms of throughput. To guarantee that we take advantage of both approaches,
joint users’ selection (based on similarity) and antenna selection will be investigated.
The antenna selection includes computing the beamforming matrix that maximizes
the throughput. The antenna selection task is highly computationally complex when
the number of users and antennas are large even without considering the similarity
between the user bit sequences. It is expected to be more complex, if not unsolvable,
when it is jointly considered with users’ selection. Therefore, heuristic approaches will

be investigated. As there is multiple possibilities and multiple parameters to derive,
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one may need to make use of machine learning reinforcement learning to identify
the appropriate beamforming matrix for a given matrix of similarity between users’

sequences.

6.2.1.1 Self-Planning in the Presence of Heterogeneous Base Stations

Future flexible RAN architectures involve using mobile and static BSs. Static BSs
may result in higher CPEX but lower OPEX as compared to mobile BSs. As such,
one will need to decide to employ a static or mobile BS if a need arises. The decision
has to be made in a such way that the result minimizes both CAPEX and OPEX. The
key idea to address this problem is to first analyze the evolution of the cell sites over
a time cycle (e.g., a day), then provide the lifetime of each cell. Second, based on the
operational and expenditure expenses related to the BS, a decision can be made. To
elaborate, consider the case of a cell site that has a life duration of 80% of the cycle
duration. It is likely that a static BS will be deployed in that position. Otherwise,
the OPEX will be necessary high. To solve this problem in a more formal (rigorous)
way, the problem may need to be formulated as a hierarchical Dirichlet process with
a hidden Markov chain. The main idea is to collect observations (snapshots) on
users’ positions at different times. Each observation corresponds to the positions
of all users in the considered area for a given time. Then one may make use of
hierarchical inference techniques (e.g., Gibbs sampling) to provide the hidden Markov
chain which includes defying the states, their numbers and the transitions between
them. The different states in the Markov chain to infer will correspond to different
network set-ups (BS positions) and different observations’ classes. The observations
in the same class can be served using the same architecture while guaranteeing certain
QoS constraints. By examining all the states of the Markov chain, one will need to

identify sites of similar characteristics and then compute a probabilistic model about
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the lifetime of each site (i.e., BS position). Then, a decision will be made depending

on the cost and the time of use.

6.2.1.2 MmWave for Backhauling/Fronthauling System

The transition from 4G to 5G will certainly require deploying new BSs. Meanwhile,
providing wired links between these BSs and the radio access network gateways (i.e.,
backhauling/fronthauling links) results in high CAPEX. Therefore, it is essential to
consider designing a wireless backhauling/fronthauling system. The problem does
not stop here, since the currently used spectrum in the range of 0.9-5 GHz is already
fully used and allocating a part of it for backhauling/fronthauling communications
may not be possible. One possible option to overcome this problem is to tap into
high frequencies including mmWave, which offers high capacity links. However, it
is common knowledge that mmWave transmissions have high path loss and are very
sensitive to blockage. This gives rise to concerns pertaining to the availability of those
links, their reliability and robustness. It is therefore anticipated that not all mobile
BSs will have a direct link to the radio access network gateway. This suggests that
some mobile BSs may need to be connected to the gateway through multi-hops, which
leads to another challenge that involves finding the best path for data transmission.
Furthermore, the quality of mmWave links between two mobile BSs depends on several
factors, including the transmission distance, power, and weather conditions.

To ensure a reliable cellular backhauling/fronthauling system, provisioning redun-
dant and disjoint paths between nodes must be made in the planning phase. Con-
sidering these aspects will lead to a complex system model, which makes proposing a
solution challenging. We envision that overcoming this challenge will involve deriving
a novel integer linear programming approach that deals with the cost and reliabil-

ity aspects using mmWave links. This is done while taking into consideration the
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beamforming technique presented before (in the preliminary study.) This approach,
however, can guarantee global optimality for only small size planning scenarios. As,
we may deal with large size backhauling/fronthauling networks, one needs to derive
alternative path-oriented optimization solutions. For instance, one could use column
generation to decompose the problem and find in an incremental manner the candi-
date paths for each mmWave node pair. Another solution consists of applying the
column generation method, however, this time in a sequential manner to the mmWave

node pairs which will enable obtaining near-optimal solutions.

6.2.1.3 PLS for Multi-User System

As presented in Chapter 5, we proposed and analyzed a precoding technique for the
MISO single-user wiretap channel with unknown eavesdroppers. We showed that the
proposed solution achieves full sdof. To achieve this, we dedicated all the antennas
at the transmitter to secure the communication for a single receiver. In practice,
however, the transmitter is often connected to multiple receivers (e.g., WiFi access
point) and it has to secure all the communications. Moreover, multiple antennas tech-
nologies could be exploited to provide a multiplexing gain and serving simultaneously
multiple users. This gives rise to the question about the possibility to simultaneously
exploit the multiple antennas for providing secrecy and serving simultaneously mul-
tiple users. It is of interest to quantify the loss in terms of the multiplexing gain that

is necessary to guarantee the confidentially of the information.

6.2.2 Exploring Other Key Enabling Technologies: Massive
MIMO

In this dissertation, we investigated different RAN key enabling technologies with the

exception of massive MIMO. This technology consists of deploying and exploiting a
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large number of antennas at the BS and/or the mobile devices. It is also compatible
with 5G/6G devices where the mmWave antennas are of small size and hence one
could deploy multiple of them in small factors. Massive MIMO gives the possibility
to accommodate simultaneously a large number of users. It also offers a diversity gain
which will help to enhance considerably the reliability of communications. The exist-
ing solutions, however, rely heavily on the knowledge of the CSI at the transmitter
and/or receiver to be able to realize such benefits. Such requirements are deemed to
be undesired from a practical point of view. The time required to get the CSI at the
transmitter is proportional to its number of antennas. As the number of antennas
grows large, the traditional downlink channel estimation strategy becomes infeasible.
Finding new techniques with limited CSI is of the subject of investigation of mas-
sive MIMO techniques. Another possible solution to get read of such requirements
is by performing random beamforming, then selecting the users that maximize the
received signals. The random beamforming technique almost achieves the maximum
gain when the number of users is large. The main drawback of these techniques is that
there is no guarantee in terms of latency, given that the served devices are selected at
random. Providing a novel random beamforming-based approach with a guaranteed

latency is of great interest and is worth investigating.

164



Bibliography

1]

Z. Doffman, “Huawei may have claimed 5G victory over the
U.S. but is now in a street fight,” Forbes, [online] Available at:
https://www.forbes.com/sites /zakdoffman/2019/04 /05 /spy-games-huawei-

claims-5g-victory-over-the-u-s-but-is-now-in-a-street-fight /40081244639, Last

accessed on October 2019.

Z. Soo, “Why are the US and china fighting over 5G domination,” Inkestone-
news, [online] Available at: https://www.inkstonenews.com/tech/china-and-us-
fight-over-5g-potential-military-applications/article /3006911, Last accessed on
October 2019.

A. Rebora, “Losing 5G fight with china would be a disaster for US,” THEHILL,
[online] Available at: https://thehill.com/opinion/technology/434774-losing-5g-

fight-with-china-would-be-a-disaster-for-us, Last accessed on October 2019.

Avnet, “loT services & solutions,”  Awnet, [online] Awvailable at:
https: //www.avnet.com/wps/portal /us/solutions/iot/overview/, Last accessed
on October 2019.

Postscapes, “IoT devices & products,” Postscapes, [online] Available at:
https://www.postscapes.com /internet-of-things-award /winners/, Last accessed

on October 2019.

165



(6]

[10]

[11]

[12]

HUAWEI, “5G: New air interface and radio ac-
cess virtualization,” HUAWEL, [online] Available at:
http: //www. huawei.com/minisite /has2015 /img/5g_radio_whitepaper, Last

accesse on October 2019.

GSA, “The road to  5G: Drivers, applications, require-
ments and technical development,” GSA, [online] Available at:
http: //www.huawei.com/minisite /5q/img/GSA_the_Road_to_5G, Last accessed
on October 2019.

NOKIA, “5G use cases and requirements,” NOKIA [online] Available at:
http:/ /resources.alcatel-lucent.com/asset/200010, Last accessed on October

2019.

P. Vlacheas, R. Giaffreda, V. Stavroulaki, D. Kelaidonis, V. Foteinos,
G. Poulios, P. Demestichas, A. Somov, A. R. Biswas, and K. Moessner, “En-
abling smart cities through a cognitive management framework for the internet

of things,” IEEFE Commun. Mag., vol. 51, pp. 102-111, no. 6, June 2013.

N. Al-Falahy and O. Y. Alani, “Technologies for 5g networks: Challenges and
opportunities,” IEEE IT Prof., vol. 19, pp. 12-20, no. 1, Jan. 2017.

NOKIA, “Security challenges and opportunities for 5g mobile networks,”
NOKIA [online] Available at:https://tools.ext.nokia.com/asset/201049, Last ac-

cessed on October 2019.

L. Dai, B. Wang, Y. Yuan, S. Han, C. 1. I, and Z. Wang, “Non-orthogonal
multiple access for bg: solutions, challenges, opportunities, and future research

trends,” IEEE Commun. Mayg., vol. 53, pp. 74-81, no. 9, Sep. 2015.

166



[13]

[15]

18]

[19]

Z. Ding, Y. Liu, J. Choi, Q. Sun, M. Elkashlan, C. I, and H. V. Poor, “Ap-
plication of non-orthogonal multiple access in LTE and 5g networks,” CoRR,

vol. abs/1511.08610, 2015.

L. Wei, R. Q. Hu, Y. Qian, and G. Wu, “Key elements to enable millimeter wave
communications for 5G wireless systems,” IEEE Wireless Commun., vol. 21,

pp- 136-143, no. 6, Dec. 2014.

S. Han, Z. Xu, and C. Rowell, “Large-scale antenna systems with hybrid ana-
log and digital beamforming for millimeter wave 5G,” IEEE Commun. Mayg.,
vol. 53, pp. 186-194, no. 1, Jan. 2015.

W. Hong, K. Baek, Y. Lee, Y. Kim, and S. Ko, “Study and prototyping of
practically large-scale mmwave antenna systems for 5g cellular devices,” IEEE

Commun. Mag., vol. 52, pp. 63—69, no. 9, Sep. 2014.

AmeriCAS, “Self-optimizing networks - the benefits of son in lte,” Americas,
[online]  Available at:http://www.5gamericas.org/files/2914/0759/1358 /Self-
Optimizing Networks-Benefits ‘of SON ‘in LTE-July 2011.pdf, Last accessed on
October 2019.

Qualcom, “Self-optimizing networks - the benefits of SON in LTE,” Americas,
[online] Available at:http://www.5gamericas.org/files/2914/0759/1358 /Self-
Optimizing Networks-Benefits of SON ‘in LTE-July 2011.pdf, Last accessed on
October 2019.

O. G. Aliu, A. Imran, M. A. Imran, and B. Evans, “A survey of self organisation
in future cellular networks,” IFEE Commun. Surveys Tuts., vol. 15, pp. 336—
361, no. 1, Jan. 2013.

167



[20]

22]

[25]

[26]

L. Jorguseski, A. Pais, F. Gunnarsson, A. Centonza, and C. Willcock, “Self-
organizing networks in 3GPP: standardization and future trends,” IEEE Com-

mun. Mag., vol. 52, pp. 28-34, no. 12, Dec. 2014.

M. Peng, D. Liang, Y. Wei, J. Li, and H. Chen, “Self-configuration and self-
optimization in LTE-advanced heterogeneous networks,” IEEE Commun. Mag.,

vol. 51, pp. 36-45, no. 5, May 2013.

N. Yang, L. Wang, G. Geraci, M. Elkashlan, J. Yuan, and M. D. Renzo, “Safe-
guarding 5G wireless communication networks using physical layer security,”

IEEE Commun. Mag., vol. 53, pp. 20-27, no. 4, April 2015.

Z.Yang, Z. Ding, P. Fan, and N. Al-Dhahir, “A general power allocation scheme
to guarantee quality of service in downlink and uplink NOMA systems,” IEEE

Trans. Wireless Commun., vol. 15, pp. 7244-7257, no. 11, Nov. 2016.

[. Chih-Lin, S. Han, Z. Xu, Q. Sun, and Z. Pan, “5G: Rethink mobile com-

2

munications for 2020+4,” Philosophical Transactions of the Royal Society A:
Mathematical, Physical and Engineering Sciences, vol. 374, p. 20140432, no.

2062, March 2015.

Y. Saito, Y. Kishiyama, A. Benjebbour, T. Nakamura, A. Li, and K. Higuchi,
“Non-orthogonal multiple access (NOMA) for cellular future radio access,” in

Proc. IEEE VTC, June 2013.

B. Kimy, S. Lim, H. Kim, S. Suh, J. Kwun, S. Choi, C. Lee, S. Lee, and D. Hong,
“Non-orthogonal multiple access in a downlink multiuser beamforming system,”

in Proc. IEEE MILCOM, Nov. 2013.

168



[27]

28]

[29]

[30]

[31]

[32]

[33]

[34]

Y. C. et al., “Toward the standardization of non-orthogonal multiple access for
next generation wireless networks,” IEEE Commun. Mag., vol. 56, pp. 19-27,
no. 3, March 2018.

Z. Ding, 7Z. Yang, P. Fan, and H. V. Poor, “On the performance of non-
orthogonal multiple access in 5g systems with randomly deployed users,” [FEE

Signal Process. Lett., vol. 21, pp. 1501-1505, no. 12, Dec. 2014.

Q. Sun, S. Han, C. L. I, and Z. Pan, “On the ergodic capacity of MIMO NOMA
systems,” IEEE Wireless Commun. Lett., vol. 4, pp. 405-408, no. 4, Aug. 2015.

S. Timotheou and 1. Krikidis, “Fairness for non-orthogonal multiple access in
bg systems,” IEEE Signal Process. Lett., vol. 22, pp. 1647-1651, no. 10, Oct.
2015.

Z. Ding, F. Adachi, and H. V. Poor, “The application of MIMO to non-
orthogonal multiple access,” IEEE Trans. Wireless Commun., vol. 15, pp. 537—
552, no. 1, Jan. 2016.

Y. Sun, D. W. K. Ng, Z. Ding, and R. Schober, “Optimal joint power and
subcarrier allocation for full-duplex multicarrier non-orthogonal multiple access

systems,” IEFE Trans. Commun., vol. 65, pp. 1077-1091, no. 3, March 2017.

Z. Qin, Y. Liu, Z. Ding, Y. Gao, and M. Elkashlan, “Physical layer security
for 5G non-orthogonal multiple access in large-scale networks,” in Proc. IEEFE

[CC, May 2016.

Y. Liu, Z. Qin, M. Elkashlan, Y. Gao, and L. Hanzo, “Enhancing the physical
layer security of non-orthogonal multiple access in large-scale networks,” IFEFE

Trans. Wireless Commun., vol. 16, pp. 1656-1672, no. 3, March 2017.

169



[35]

[37]

[39]

[42]

W. Hong, K. Baek, Y. Lee, Y. Kim, and S. Ko, “Study and prototyping of
practically large-scale mmWave antenna systems for 5G cellular devices,” IFEFE

Commun. Mag., vol. 52, pp. 63—69, no. 9, Sep. 2014.

Snstelecom, “Son (self-organizing networks) in the 5g era: 2019 — 2030 oppor-
tunities, challenges, strategies & forecasts,” Snstelecom, [online] Available at:

http: //www.snstelecom.com/son, Last accessed on October 2019.

Y. Zeng, R. Zhang, and T. J. Lim, “Wireless communications with unmanned
aerial vehicles: opportunities and challenges,” IFEE Commun. Mag., vol. 54,

pp- 36-42, no. 5, May 2016.

I. Bor-Yaliniz and H. Yanikomeroglu, “The new frontier in RAN heterogeneity:
Multi-tier drone-cells,” IEEE Commun. Mag., vol. 54, pp. 48-55, no. 11, Nov.
2016.

E. Kalantari, M. Z. Shakir, H. Yanikomeroglu, and A. Yongacoglu, “Backhaul-
aware robust 3D drone placement in 5G4+ wireless networks,” in Proc. IEEE

ICC Workshops, May 2017.

T. 36.777, “Enhanced LTE support for aerial vehicles,” 3GPP, [Online]. Avail-
able: ftp://www.3gpp.orqg/specs/archive/36_series/36.777, Aug. 2017.

S. D. Muruganathan, X. Lin, H. L. Maattanen, Z. Zou, W. A.
Hapsari, and S. Yasukawa, “An overview of 3GPP release-15 study

on enhanced Ite support for connected drones,” [Online/. Awvailable:

https://arziv.org/ftp /arziv/papers/1805/1805.00826.pdf, Mar. 2017.

X. Lin, V. Yajnanarayana, S. D. Muruganathan, S. Gao, H. Asplund, H. Maat-

tanen, M. Bergstrom, S. Euler, and Y. . E. Wang, “The sky is not the limit:

170



[45]

[46]

[47]

[48]

[50]

LTE for unmanned aerial vehicles,” IEEE Commun. Mag., vol. 56, pp. 204-210,
no. 4, April 2018.

F. Armknecht, J. Girao, A. Matos, and R. L. Aguiar, “Who said that? privacy

at link layer,” in Proc. IEEE INFOCOM, 2007.

M. Gruteser and D. Grunwald, “Enhancing location privacy in wireless lan
through disposable interface identifiers: A quantitative analysis,” in Proc. on

Wireless Mobile Applications and Services on WLAN Hotspots, 2003.

B. Greenstein, D. McCoy, J. Pang, T. Kohno, S. Seshan, and D. Wetherall,
“Improving wireless privacy with an identifier-free link layer protocol,” in Proc.

on Mobile Systems, Applications, and Services, 2008.

D. Singelée and B. Preneel, “Location privacy in wireless personal area net-

works,” in Proc. on Wireless Security, 2006.

J. Pang, B. Greenstein, R. Gummadi, S. Seshan, and D. Wetherall, “802.11

user fingerprinting,” in Proc. on Mobile Computing and Networking, 2007.

K. Zeng, K. Govindan, and P. Mohapatra, “Non-cryptographic authentication
and identification in wireless networks [security and privacy in emerging wireless
networks|,” IEEE Trans. Wireless Commun., vol. 17, pp. 56-62, no. 5, Oct.
2010.

Blackberry, Lockheed Martin and McAfee, “Study of the impact of cyber crime

on businesses in Canada,” International Cyber Security Protection Alliance,

May 2013.
Nearfieldcommunication.org, “Security = concerns  with  nfc  tech-
nology,” NearFieldCommunication.oryg. [online] Available at:

171



[52]

[53]

[54]

[56]

http://nearfieldcommunication.org/nfc-security.html, Last accessed on Oc-

tober 2019.

A. D. Wyner, “The wire-tap channel,” The Bell System Technical Journal,
vol. 54, pp. 1355-1387, no. 8, Oct. 1975.

I. Csiszar and J. Korner, “Broadcast channels with confidential messages,”

IEEE Trans. Inf. Theory, vol. 24, pp. 339-348, no. 3, May 1978.

M. Chraiti, A. Ghrayeb, and C. Assi, “A NOMA scheme exploiting partial sim-
ilarity among users bit sequences,” IEEE Trans. Commun., vol. 66, pp. 4923—
4935, no. 10, Oct. 2018.

M. Chraiti, A. Ghrayeb, and C. Assi, “A spectrally-efficient uplink transmission
scheme exploiting similarity among short bit blocks,” IEEE Trans. Commun.,

pp- 19-32, no. 3, Oct. 2019.

M. Chraiti, A. Ghrayeb, and C. Assi, “A NOMA scheme for a two-user MISO
downlink channel with unknown CSIT,” IEEE Trans. Wireless Commun.,

vol. 17, pp. 67756789, no. 10, Oct. 2018.

D. Nguyen, L. Le, T. Le-Ngoc, and R. W. Heath, “Hybrid MMSE precoding
and combining designs for mmWave multiuser systems,” IEEE Access, vol. 5,

pp. 19167-19181, no. 6, Sep. 2017.

O. E. Ayach, S. Rajagopal, S. Abu-Surra, Z. Pi, and R. W. Heath, “Spatially
sparse precoding in millimeter wave MIMO systems,” IEEE Trans. Wireless

Commun., vol. 13, pp. 1499-1513, no. 3, March 2014.

172



[58]

[59]

[60]

[62]

[63]

[64]

Y. Lee, C. Wang, and Y. Huang, “A hybrid RF /baseband precoding processor
based on parallel-index-selection matrix-inversion-bypass simultaneous orthog-
onal matching pursuit for millimeter wave MIMO systems,” IEEE Trans. Signal

Process., vol. 63, pp. 305-317, no. 2, Jan. 2015.

C. Chen, “An iterative hybrid transceiver design algorithm for millimeter wave
MIMO systems,” IEEE Wireless Commun. Lett., vol. 4, pp. 285288, no. 3,
June 2015.

X. Gao, L. Dai, S. Han, C. I, and R. W. Heath, “Energy-efficient hybrid analog
and digital precoding for mmwave MIMO systems with large antenna arrays,”

IEEE J. Sel. Areas Commun., vol. 34, pp. 998-1009, no. 4, April 2016.

J. Wang, Z. Lan, C. woo Pyo, T. Baykas, C. sean Sum, M. A. Rahman, J. Gao,
R. Funada, F. Kojima, H. Harada, and S. Kato, “Beam codebook based beam-
forming protocol for multi-Gbps millimeter-wave WPAN systems,” IFEE J. Sel.
Areas Commun., vol. 27, pp. 1390-1399, no. 8, Oct. 2009.

J. Singh and S. Ramakrishna, “On the feasibility of codebook-based beamform-
ing in millimeter wave systems with multiple antenna arrays,” IEEE Trans.

Wireless Commun., vol. 14, pp. 2670-2683, no. 5, May 2015.

7. Xiao, P. Xia, and X. Xia, “Codebook design for millimeter-wave channel
estimation with hybrid precoding structure,” IEEE Trans. Wireless Commun.,

vol. 16, pp. 141-153, no.1, Jan. 2017.

7. Xiao, T. He, P. Xia, and X. Xia, “Hierarchical codebook design for beam-
forming training in millimeter-wave communication,” IEEE Trans. Wireless

Commun., vol. 15, pp. 3380-3392, no. 5, May 2016.

173



[65]

[67]

[68]

[69]

[70]

[73]

M. Chraiti, D. Chizhik, J. Du, R. A. Valenzuela, A. Ghrayeb, and C. Assi,
“Beamforming learning for mmWave transmission: Theory and experimental

validation,” IEEFE Trans. Wireless Commun., Submitted 2019.

M. Chraiti, A. Ghrayeb, C. Assi, N. Bouguila, and R. A. Valenzuela, “A frame-
work for unsupervised planning of cellular networks using statistical machine

learning,” IEEE Trans. Commun., Submitted 2019.

M. Chraiti, A. Ghrayeb, and C. Assi, “Achieving full secure degrees-of-freedom
for the MISO wiretap channel with an unknown eavesdropper,” IEEE Trans.
Wireless Commun., vol. 16, no. 11, Nov. 2017.

M. Chraiti, A. Ghrayeb, C. Assi, and M. O. Hasna, “On the achievable se-
crecy diversity of cooperative networks with untrusted relays,” IEEE Trans.

Commun., vol. 66, pp. 39-53, no. 1, Jan. 2018.

C. Zhou and E. Schulz, “Cross-device signaling channel for cellular machine-

type services,” in Proc. IEEE VTC, Sep. 2014.

I. Parvez, A. Rahmati, I. Giivenc, A. I. Sarwat, and H. Dai, “A survey on
low latency towards 5G: RAN, core network and caching solutions,” CoRR,

vol. abs/1708.02562, 2017.

E. Shin and G. Jo, “Uplink frame structure of short tti system,” in Proc.
ICACT, Feb. 2017.

J. Lee, Y. Kim, Y. Kwak, J. Zhang, A. Papasakellariou, T. Novlan, C. Sun,
and Y. Li, “Lte-advanced in 3gpp rel -13/14: an evolution toward 5g,” IEEE
Commun. Mayg., vol. 54, pp. 36-42, no. 3, March 2016.

T. M. Cover and J. A. Thomas, Elements of Information Theory. John Wiley
and Sons, 2006.

174



[74]

[76]

[82]

[83]

Y. Polyanskiy, H. V. Poor, and S. Verdu, “Channel coding rate in the finite
blocklength regime,” IEEE Trans. Inf. Theory, vol. 56, pp. 2307-2359, no. 5,
May 2010.

Y. Hu, A. Schmeink, and J. Gross, “Blocklength-limited performance of relaying
under quasi-static rayleigh channels,” IEEFE Trans. Wireless Commun., vol. 15,

pp. 4548-4558, no. 7, July 2016.

B. Makki, T. Svensson, and M. Zorzi, “Finite block-length analysis of spec-
trum sharing networks using rate adaptation,” IEEFE Trans. Commun., vol. 63,

pp. 2823-2835, no. 8, Aug. 2015.

T. A. Schonhoff and A. A. Giordano, Detection and Estimation Theory and Its

Applications. PearsonPrentice Hall, 2006.

P. Diaconis and F. Mosteller, “Methods for studying coincidences,” Journal of

the American Statistical Association, vol. 84, pp. 853-861, no. 408, May 1989.

J. Zheng, The Poisson and Normal Approximations to Binomial Distribution.

Eastern Michigan University, 1995.

K. P. Murphy, Machine Learning A Probabilistic Perspective. The MIT Press,
2014.

D. D. Dey, P. Muller, and D. Sinha, Practical Nonparametric and Semipara-

metric Bayesian Statistics. Springer, 1998.
M. Sugiyama, Introduction to Statistical Machine Learning. Elsevier, 2016.

N. L. Hjort, C. Holmes, P. Muller, and S. G. Walker, ”Bayesian Nonparamet-

rics”. Cambridge University Press, 2010.

175



[84]

[85]

[86]

[87]

[89]

[92]

93]

P.-N. Tan, M. Steinbach, A. Karpatne, and V. Kumar, Introduction to Data

Mining. Pearson Education, 2013.

O. Amayri and N. Bouguila, “A study of spam filtering using support vector

machines,” Artificial Intelligence Review, vol. 34, pp. 73-108, no. 1, Jun 2010.

M. S. Allili, N. Bouguila, and D. Ziou, “A robust video foreground segmentation
by using generalized Gaussian mixture modeling,” in Proc. IEEE CRV, May
2007.

N. Bouguila, “Clustering of count data using generalized Dirichlet multinomial
distributions,” IEEFE Trans. Knowl. Data Eng., vol. 20, pp. 462-474, no. 4,
April 2008.

M. S. Allili, D. Ziou, N. Bouguila, and S. Boutemedjet, “Image and video
segmentation by combining unsupervised generalized Gaussian mixture model-

ing and feature selection,” IEEFE Trans. Circuits Syst. Video Technol., vol. 20,
pp. 1373-1377, no. 10, Oct. 2010.

N. Bouguila, D. Ziou, and E. Monga, “Practical bayesian estimation of a fi-
nite beta mixture through Gibbs sampling and its applications,” Statistics and

Computing, vol. 16, pp. 215-225, no. 16, Jun. 2006.
T. L. Singal, Wireless Communications. McGraw-Hill Education, 2010.

M. Gori, Machine Learning: A Constraint-Based Approach. Morgan Kaufmann,
2018.

J. McNamara, GPS: Theory, Algorithms and Applications. Springer, 2007.

G. Xu, GPS for Dummies. Wiley Publishing, 2004.

176



[94] D. of Deffense USA, Global Positioning system Satndard Positioning service
Performance Standard. [Online|https://www.gps.gov/technical /ps/2008-SPS-

performance-standard.pdf, Last accessed on October 2019.
[95] S. Goswami, Indoor Location Technolgies. Springer, 2013.

[96] C. Wu, Z. Yang, and Y. Liu, Wireless Indoor Localization: A Crowdsourcing

Approach. Springer, 2018.

[97] F. Lemic, J. Martin, C. Yarp, D. Chan, V. Handziski, R. Brodersen, G. Fet-
tweis, A. Wolisz, and J. Wawrzynek, “Localization as a feature of mmWave

communication,” in Proc. IEEE IWCMC, Sep. 2016.

[98] T. Wei and X. Zhang, “mtrack: High-precision passive tracking using millimeter

wave radios,” in Proc. Mobile Computing and Networking, ACM, 2015.

[99] H. Deng and A. Sayeed, “Mm-wave MIMO channel modeling and user localiza-

tion using sparse beamspace signatures,” in Proc. IEEE SPAWC, June 2014.

[100] X. Gao, F. Wang, J. Liu, and Y. Wang, “802.11 protocol based indoor geoloca-
tion,” in Proc. IEEE ICMIT, Dec. 2008.

[101] Nokia, “Indoor positioning with nokia n8, navteq indoor navigation,” Mobile

World Congress, Jan. 2016.

[102] F. Belloni, V. Ranki, A. Kainulainen, and A. Richter, “Angle-based indoor po-
sitioning system for open indoor environments,” in Proc. IEEE WPNC, March

2009.

[103] S. R. Jammalamadaka and A. Sengupta, Topics in circular Satistics. World
Scientific Publishing, 2001.

177



[104]

[105]

[106]

[107]

[108]

109

[110]

[111]

H. H. Andersen, M. Hojbjerre, D. Sorensen, and P. S. Eriksen, Linear and
Graphical Models: for the Multivariate Complex Normal Distribution. Springer,
1995.

S. N. Samuel Kotz, Multivariate T-Distributions and Their Applications. Cam-

bridge University Press, 2004.

W. Penny, “Bayesian inference for the multivariate normal,” [online/ available
at: https://www.fil.ion.ucl.ac.uk/ wpenny/publications/bmn.pdf, Last accessed
on October 2019.

R. Corless, G. Gonnet, D. Hare, D. J. Jeffrey, and D. Knuth, “On the lambertW
function,” Advances in Computational Mathematics, vol. 5, pp. 329-359, no.1,
Dec. 1996.

D. Chizhik, J. Du, R. Feick, M. Rodriguez, G. Castro, and R. A. Valen-
zuela, “Path loss, beamforming gain and time dynamics measurements at
28 ghz for 90% indoor coverage,” arziv: 1712.06580. [Online]. Available:
https://arziv.org/abs/1712.06580, Dec. 2017.

Snstelecom, “SON (self-organizing networks) in the 5G era: 2019 — 2030 — op-
portunities, challenges, strategies & forecasts,” Snstelecom, [Online]. Available:

http:/ /www.snstelecom.com/son, Last accessed on October 2019.

A. R. Mishra, Advanced Cellular Network Planning and Optimisation:
2G/2.5G/3G... Evolution to 4G. John Wiley and Sons, 2007.

M. Mozaffari, W. Saad, M. Bennis, and M. Debbah, “Efficient deployment of
multiple unmanned aerial vehicles for optimal wireless coverage,” IEEE Com-

mun. Lett., vol. 20, pp. 16471650, no. 8, Aug. 2016.

178



[112]

[113]

114]

[115]

[116]

[117)

[118]

M. Mozaffari, W. Saad, M. Bennis, and M.Debbah, “Wireless communication
using unmanned aerial vehicles (UAVs): Optimal transport theory for hover
time optimization,” IFEE Trans. Wireless Commun., vol. 16, pp. 8052-8066,
no. 12, Dec. 2017.

R. I. Bor-Yaliniz, A. El-Keyi, and H. Yanikomeroglu, “Efficient 3-d placement
of an aerial base station in next generation cellular networks,” in Proc. IEEE

ICC, May 2016.

M. Mozaftari, W. Saad, M. Bennis, and M. Debbah, “Drone small cells in the
clouds: Design, deployment and performance analysis,” in Proc. IEEE GLOBE-
COM, Dec. 2015.

J. Lyu, Y. Zeng, R. Zhang, and T. J. Lim, “Placement optimization of UAV-
mounted mobile basestations,” IEEE Commun. Lett., vol. 21, pp. 604-607, no.
3, March 2017.

E. Kalantari, H. Yanikomeroglu, and A. Yongacoglu, “On the number and 3d
placement of drone base stations in wireless cellular networks,” in Proc. IEEFE

VTC, Sep. 2016.

H. Ghazzai, E. Yaacoub, M. S. Alouini, Z. Dawy, and A. Abu-Dayya, “Op-
timized LTE cell planning with varying spatial and temporal user densities,”

IEEE Trans. Veh. Technol., vol. 65, pp. 1575-1589, no. 3, March 2016.

N. Bouguila, D. Ziou, and J. Vaillancourt, “Unsupervised learning of a finite
mixture model based on the Dirichlet distribution and its application,” IFEFE
Trans. Image Process., vol. 13, pp. 1533-1543, np. 11, Nov. 2004.

179



[119]

[120]

[121]

[122]

[123]

124]

[125]

[126]

[127)

[128]

M. Alzenad, M. Z. Shakir, H. Yanikomeroglu, and M. S. Alouini, “FSO-based
vertical backhaul /fronthaul framework for 5G+ wireless networks,” IEEE Com-

mun. Mag., vol. 56, pp. 218-224, no.1, Jan. 2018.

J. Du, E. Onaran, D. Chizhik, S.Venkatesan, and R. A. Valenzuela, “Gbps user
rates using mmWave relayed backhaul with high-gain antennas,” IFEE J. Sel.

Areas Commun., vol. 35, pp. 1363-1372, no. 6, June 2017.

R. Etkin and E. Ordentlich, “On the degrees-of-freedom of the K-user gaussian

interference channel,” in Proc. IEEE ISIT, June 2009.

M. Chraiti, A. Ghrayeb, and C. Assi, “Nonlinear interference alignment in a

one-dimensional space,” http://arziv.org/abs/1606.06021, 2016.
H. GATIGNON, Statistical Analysis of Management Data. Springer, 2010.

J. F. Monahan, Numerical Methods of Statistics. Cambridge University Press,
2001.

M. R. Bloch and J. N. Laneman, “Strong secrecy from channel resolvability,”

IEEFE Trans. Inf. Theory, vol. 59, pp. 8077-8098, no. 12, Dec. 2013.

S. Shafiee and S. Ulukus, “Achievable rates in gaussian miso channels with

secrecy constraints,” in Proc. IEEE ISIT, (Nice, France), June 2007,

S. Shafiee, N. Liu, and S. Ulukus, “Towards the secrecy capacity of the gaussian
mimo wire-tap channel: The 2-2-1 channel,” IEEE Trans. Inf. Theory, vol. 55,
pp. 4033-4039, no. 9, Sept. 2009.

S. H. Lee and A. Khisti, “Degraded gaussian diamond-wiretap channel,” IFEE
Trans. Commun., vol. 63, pp. 5027-5038, no. 12, Dec. 2015.

180



[129]

[130]

[131]

132]

133

[134]

[135]

[136]

J. Xie and S. Ulukus, “Secure degrees of freedom regions of multiple access
and interference channels: The polytope structure,” IEEE Trans. Inf. Theory,
vol. 62, pp. 20442069, no. 4, April 2016.

X. Tang, R. Liu, P. Spasojevic, and H. Poor, “Interference assisted secret com-

munication,” IEEE Trans. Inf. Theory, vol. 57, pp. 3153-3167, no. 5, May 2011.

S. Goel and R. Negi, “Guaranteeing secrecy using artificial noise,” IEEE Trans.

Wireless Commun., vol. 7, pp. 2180-2189, no. 6, June 2008.

H.-M. Wang, Q. Yin, and X.-G. Xia, “Distributed beamforming for physical-
layer security of two-way relay networks,” IEEE Trans. Signal Process., vol. 60,

pp. 3532-3545, no. 7, July 2012.

H.-M. Wang, M. Luo, X.-G. Xia, and Q. Yin, “Joint cooperative beamforming
and jamming to secure af relay systems with individual power constraint and
no eavesdropper’s CSI,” IEEE Signal Process. Lett., vol. 20, pp. 3942, no.1
Jan 2013.

A. Motahari, A. Khandani, and S. Gharan, “On the degrees of freedom of the
3-user gaussian interference channel: The symmetric case,” in Proc. IEEE ISIT,

June 2009.

A. Motahari, S. Oveis-Gharan, M.-A. Maddah-Ali, and A. Khandani, “Real
interference alignment: Exploiting the potential of single antenna systems,”

IEEFE Trans. Inf. Theory, vol. 60, pp. 4799-4810, no. 8, Aug. 2014.

X. He and A. Yener, “Mimo wiretap channels with unknown and varying eaves-
dropper channel states,” IEEFE Trans. Inf. Theory, vol. 60, pp. 6844—6869, no.
11, Nov. 2014.

181



[137]

138

[139)]

[140]

141]

[142]

[143]

M. Chraiti, A. Ghrayeb, and C. Assi, “On managing interference in a one-

dimensional space over time-invariant channels,” in Proc. IEEE ICC, May 2017.

M. Chraiti, A. Ghrayeb, and C. Assi, “Achieving full-secure degree-of-freedom
for miso wiretap channel with unknown eavesdropper,” Proc. IEEE GlobalSIP,

2016.

T. M. Cover and J. A. Thomas, Elements of Information Theory (Wiley Series

in Telecommunications and Signal Processing). Wiley-Interscience, 2006.

M. Maleki and H. R. Bahrami, “On the distribution of norm of vector projection
and rejection of two complex normal random vectors,” Mathematical Problems

in Engineering, vol. 2015, p. 4, no. 8, Oct. 2015.

A. Jeffrey, D. Zwillinger, I. Gradshteyn, and I. Ryzhik, Table of Integrals, Series,
and Products. Academic Press, 2007.

B. Levin, “A representation for multinomial cumulative distribution functions,”

Ann. Statist., vol. 9, pp. 1123-1126, no. 5, Sep. 1981.

M. S. Kaare Brandt Petersen, TheMatriz Cookbook. Technical University of

Denmark, 2012.

182



Appendix A

Let us assume that there are 2¢ sets where each set represents a possible binary
sequence. The users are assigned to those sets according to their bit sequences 'wf(l).
We denote by a; the number of users in the ith set, i.e., v = max(ay,as,...,ax).
The probability to have at least one set with more than n users is the complement
of the probability that all sets have less than n users. Recall that the total number
of users over all sets has to be N, then from [142], the complement of Pr(y > n) can

be written as

Pr(y>n) = Pr(a; <n,ay <n,...,ax <n)

=Prag<n—1,aa<n-—1,...;a9c <n—1)

2¢

NNeN P Zyz = HPT(mi <n-1) (A.1)

i=1

2¢
NNeN P Zyl_ (Przi<n—1)",
where {21, 9, ..., 2y} are independent Poisson random variables with mean 2% and
{y1,y2, ..., ysc } are independent truncated Poisson random variables of mean 2%, in

the range [0,n — 1].
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Since z; is a Poisson random variable with mean 2%, we obtain [79]

3

|

L
=

Rz

Pr(z; <n-—1)=¢"

20)7 41

<
Il
o
—~

However, the probability of the sum of truncated Poisson Pr (Zil yi=N ) is in-
tractable. To overcome this, we make use of the Central Limit Theorem. To this
end, we have {y;,vs,...,ysc} are independent truncated Poisson random variables

and hence y; is of mean

and of variance

= Blyl - (n = 1= Elu]) (5 - Bl

The size of the random variable set {y1, ¥, . . ., Yoc } is considerably large (i.e., 2°) even
for small values of (. Therefore, from the Central Limit Theorem, we can assume
that Zfil y; = N follows a Gaussian distribution with mean 2°E[y;] and variance

2¢y2, which gives

26
1 (N—254)2
Pr Zyl =N| = —— ¢ 220x2
i=1 V2 (A.2)
1 (V-28y)?
= ——— ¢ 2671x2 |

Therefore, (A.1) becomes

(A.3)
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which proves (2.11).
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Appendix B

B.1

For sake of presentation, we consider the case when the center of the ellipse is
(zB,,ys,) = (0,0). To obtain the intended results for the general case, one can
just follow the steps provided bellow while replacing (z,y) by (25, — zv,, ys, — Yu,),
respectively. The standard deviation of the transmit power of By takes the shape of

an ellipse described by the following set of points Sy defined in (4.8).

Sk = {xay € IR2|

2 2 2 !
Ea _kay] :1}. (B.1)

1_(71;)2 Clgw C;fy Cr, Gy

Let us denote by Ap,1 and Ap, o the eigenvalues of ¥p,. Then, the length of the
ellipse axes are 2y/A; and 2v/As [123]. An explicit expression of the eigenvalues is

given as

Gt Gyt (Gt ) — 40— (DA,

)\1,k = 2 ’ (BQ)
2 L2 o 2 4 2 2401 = (7)2)¢2 2
Nk — Ck,x Ck,y \/(Ckx Cka) ( (Tk) )Ckmgky (B.3)

186



Figure B.1: Transmission power standard deviation.

Let us consider the case when user Uj is situated in position (zy,, yu,). We denote by

DB, 2y, a0d p'JBk’mU_ the coordinates of | /Pp, +,, (i.e., standard deviation of the transmit
' 2 2

power) on the x and y axes respectively, i.e., Ppy ay, = (pék’w_) + (p'}Bkva.) . The

tangent of the angle o;, shown in Fig. B.1, can be written as follows.

I
P, zu. ,
tan(o;) = Broo _ YU (B4)

L
Bk,.’EUi in

Bkeri

The elements (pg, ., P ) are in S, defined in (B.1). Moreover, they verify
the equality in (B.4). Therefore, we have a system with two unknowns and two

independent equalities. Solving this system gives

< I )2 _ (1= (7)),

ka’mUi -'E?]Z + y2UZ QT;inin ’
Cg@ ngy Ck,zck,y B 5
2 2 22 (1—(r)%)a? (B.5)
(#hoes,) = (P ) 22 - K2,
PByav, PBy ay, yi T wh, | Wb, 2mleuuu,
‘ Cg,x + Cz,y o Ck,xck,y

2 2
Substituting expressions (B.5) and (B.5) in Pp, 4, = (pﬁk,w) + <p” ) gives

Bkeri

the results in Lemma 4.1, which concludes the proof.
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B.2

Here, we use &, to denote W From (4.4), (4.11) and the fact that Xp, =
f2ey,
£,COV p,, the admission rate in the kth cell is provided in (B.6), where equality (a)

comes from the fact that we have a Gaussian centred at (zp,,ys, ).

Ap

k

= / ABk (xvy)N9k (a:,y)dxdy
z,yE€R?

0'2 + 0'2 g g
k,x k,y k.xCk,y

= / ! exp [ — 1 (zB, — $)2 (yB, — y)2 _ 21,(x, — z)(yB, — V)
2,yeR? 2Di0g Ok y\/1 — T} 2(1 —77)

X exp ( ’Yth(U(Q) +Ik) [((EBk — :EUi,)2 (yB,c — in)Q _ 2Tk(1’Bk - in)(yBk - yU?)‘|> dxdy

2 (1-(m)?) | o, £ot., £0k a0y

:/ gl/c exp | — 1 (ka - x)Z + (yBk - y)2 _ QTk(‘TBk - x)(yBk - y)
z,y€R? 25;gpi(7k,x0k,y 1- 7';3 2(1 - Tl?) gllcol%,z gllcol%,y gl,cak,walmy
a ./ 1
=&, = 2 .
Yen (05 +1x)
I+ =7 B
.6

B.3

Throughout this proof, we use k to denote Py (%) . The Kullback—Leibler
0

divergence between Ny and Ny is written as

2

I~

Ny (z,y)
NolNy = [ Nylo)iog (9—) dady
o z,y€R2 0 NO (‘Ta y)
O-l%,:c - 2T1;Tk0-l,c,xo-kvya;f,xak,w:|

;2 ’
1 1—712)02 o2 o, 02 +o
[10g<(( g = k7y2 -2 R e 2w 7 2 5 2

9 2 2
2 1-— T]; )U;wc J}w (1—-m, )O’k@, Ohy

(B.7)

Equality (d) is obtained by invoking the results in [143]. We know that the elements of

COV, do not respect the condition in (4.3.2.3). This suggests that (1—77)o} 0%, >
2

#*. The goal then is to find the elements of N, that minimize the distance while

verifying (4.3.2.3). To approach N as much as possible, it is evident that the elements
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of the new distribution verify (1 —7/7)0’s, 0"r,,° = k*. Therefore, minimizing (B.7)

becomes equivalent to minimizing

2 2 _2 ’ ’ ’
Ok x TkTkOk,20k,yOk 20k,

log (B.8)

2N 2 2 12 9 !
<(1 - Tk)ak,xak,y) I Tz Thy T Ok
K

Since the first term in (B.8) is a constant, we need to just minimize over the sec-
ond term while removing x in the denominator. Moreover, given the equality (1 —
=~ Using traditional mathemat-

\/1—7,2

ical operations, minimizing over the second term is equivalent to minimizing

/2) r2 0 2 _ 2 1 ! ! b
7'%)0 ke 0'ky” = K*, one can replace o, .0, by

!
1 — T}.T%) Ok y Ok oK
/ /2 )

In (B.9), the two terms are positive and contain completely independent variables

! ! 2 2(
(O’k@,(fk,y — O’k@(fk,x) + (B.9)

.. . . ’ / .
to minimize over. In fact, in the first term, we have o, and o, , whereas in the second

term we have only 7',;. Consequently, minimizing (B.9) is equivalent to minimizing the

!
k,x Ok,x

first term and the second term separately. Minimizing the first term gives ¢ = -
ok,y g 5, Y

This suggests that there exists a positive constant y" such that U;W = 4 oy, and O';f’y =

,u/ak,y. For the second term, it is sufficient to provide the element that minimizes

1_7’“7“2. Setting the first derivative to zero and analyzing the second derivative, we
1-7,

find that the minimum is achieved when 7, = 7. Collecting both findings gives the

following set of equations.

/ / / /
Oy =l Oka, Op. = L0y
k,x »L) k,x )
(B.10)

I 2N 25 2 _ 2
T, =Tk, (1—7%)0" ks 0,y =K.
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Substituting the first three equalities in the fourth one gives

(1= 1) (W) oraony” = 1> = 4 = N = 4. (B.11)

This completes the proof.
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Appendix C

C.1

Considering that the signals (y1, y2) are Gaussian, the achievable rate associated with

the first symbol pair is written:

Rp(z11,212) = 1(x1,1,21,2; Y1, Y2)

= H(y1,y2) — H(y1,y2|r11,712) (C.1)

zllog < ’C(yl7y2)‘ )
2 2\ E[C(y1, y2lz11,212)]] )

where |-| and E[-] denote the determinant and the expectation operators, respec-

tively. Here C'(y1,y2) and C(y1, y2|711, 212) are the covariances of (y1,y2) and (y1, y2)
given (z11,12), respectively. Their explicit formulas are written as follows. (The

expression corresponding to C(y1, ya|211,212) is given in (C.2).)
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E[|C(y1,y2|71,1,21,2)]]

& | EllyPlers,ere]  Elyiyslers, o) ]
Elyiya|z11,212]  Elly2|?|z1,1, 21,2]

. | 2m— )P Pr2mP S b2 re? - (20m = 1) Pl P+2mP Y ) 222
- (2(m — 1)P|hy[>+2mP ZkK:2|hk|2) o (Z(m — )P|h[*+2mP EkK:2|hk|2) % +o°

K
<2 —1)P|h| +2mPZ|hk|2+a ) (2(m— 1)P|h1|2+2mPZ|hk|2+02>

k=2 k=2

K 2
<2 —-1) P|h1|2+2mPZ|hk|2>

k=2

=0 (4( —1)P|hy| +4mPZ|hk| +o )

k=2
(C.2)
Elln1l*] Elyiys]
’C(yl7y2)‘ =
Elyiya]  Elly2]?]
_ 2mPZ£{:1’hk‘2+0’2 0 (03)
0 2mP S |y, [2 402
K 2
= <2mPZ|hk|2+02> .
k=1
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Consequently, the achievable rate in (C.1) becomes

RB($1,17 $1,2)

1 2mPZkK:1|hk|2
1 2mP SN ||+
+ 5108, 2 K 2. ;2 (C.4)
2 4(m — 1)P|hy>+4mP >, | hi|*+o :
1 omP S |y |2
1 2T
2 o
s . 2mP S8 |hy |40
—lo
2772 \4mP K |hy2—4P|hy 2402
which proves (5.13).
C.2
The achievable rate associated with (211, 212) given (21, 22) is,
RE($171>I172) = [(5171,1, T1,2; %1, 22)
= H(z1, 22) — H(21, 22|T1,1, 01,2) (C.5)

zllog ( |C (21, 22)| )
9 ©2 E[|C(z1, 22|11, 212)|] )

Explicit expressions for the covariance matrices in (C.5) are given in (C.6) and (C.7)

on the next page.
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|C (21, 22)]

Ellz1’]  Elz12]

Blziz] Ellz]

B 2mP S g |>+o? 0 ©6)
= . . _
0 2Plgr P+ (20m = )Pl P+2mP S| ?) + o
K 2 N
g1
- <2mP Z\gil2+a2) (P (2@%% (2(m - 1)]h1]2+2m2\hi\2)) +02)
k=1 1 =2
K N
— (omp 12, 2 9 P’91’2 B2 4 o2
m lgi|“+o m e |hi|*+0° ] .
k=1 L
E[|C(21, z2|21,1,71,2)]]
. 2(m — 1) Plg1 *+2mP YK x| +0 — 5L (3(m = 1)Phigy + 2mP SIS, higr)
s (20m = DPhigi +2mP S, hegi) e (20m = VP [Fr2mP T hef?) +o°
K
_ 2 _ 2 |g1[? [P 2 2 2191 _ 2
= o [ 4(m — 1)P|g1|*+2mP > e +gkl? ) +0? )+ P I 2(m — 1)|hy|
k=2

K
2(m — 1)higi +2m Yy _ hig
k=2

1

These expressions can be written in the form o?(PCs + 0?) + P?Cy and (PC) +

K K
+zmz|hk|2) <2<m— 1>|gl|2+zmz|gk|2) -
k=2

k=2

(C.7)

0?)(PCy+0?), respectively, where {C}, Cy, C5, C,} are constants that are independent

of the transmit power. The achievable rate can thus be written as

(C.8)

RE(I1,1,SC1,2) =

1 o (PC? + %) (PC% + o)
2 2 0'2(PC3+0'2)+P204 )

We observe from (C.8) that, at high SNR and when C; # 0, the denomina-
tor scales with P? and the nominator also scales with P? and hence Rp(x11,212)

does not scale with power. By Cauchy Schwartz inequality, Cy is zero if and only
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if (vm — 1g1,/mgs,...,/mgy) is parallel to (v/m — Lhy,/mhs, ..., /mhy), ie.,
(91,92, ---,gn) is parallel to (hy, ho, ..., hy). This is practically impossible and thus

the achievable rate becomes constant for medium to high SNR, namely,

1 CC
RE(l'l,l,ZL'l,g) ~ 5 10g2 ( é42)

(2mP i g,
log,

1
P 2
2 (2mP)* {2

(©)

(2mP e Z][-{:1|hj|2>
(i) (Zilal?) - (20 hjg;ﬂ

| 1h]*]lgll®
082 212 W20
IRl gll*— |(h, g7)|

where arriving at (c¢) results from assuming a large m. This proves (5.13).
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