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ABSTRACT

DESIGN OF LOW COMPLEXITY UNSOURCED
RANDOM ACCESS SCHEMES OVER WIRELESS
CHANNELS

Mert Ozateg
Ph.D. in Electrical and Electronics Engineering
Advisor: Tolga Mete Duman
November 2023

The Sixth Generation and Beyond communication systems are expected to
enable communications of a massive number of machine-type devices. The traffic
generated by some of these devices will significantly deviate from those in conven-
tional communication scenarios. For instance, for applications where a massive
number of cheap sensors communicate with a base station (BS), the devices will
only be sporadically active and there will be no coordination among them or
with the BS. For such systems requiring massive random access solutions, a new
paradigm called unsourced random access (URA) has recently been proposed. In
URA, all the users employ the same codebook and there is no user identity. The
destination is only interested in the list of messages being sent from the set of
active users. While there are many interesting URA schemes developed in the
recent literature, many significant challenges remain, in particular in designing
low-complexity and energy-efficient solutions.

With the motivation of addressing the current challenges in URA, we de-
velop practical solutions for several scenarios. First, we propose and study URA
over frequency-selective channels via orthogonal frequency division multiplexing
to mitigate the fading effects. The decoder employs a joint activity detection
and channel estimation algorithm coupled with treating interference as noise
and successive interference cancellation (SIC). Our results show that the pro-
posed scheme offers competitive performance with grant-based frequency divi-
sion multiple-access while the performance loss due to the estimated channel
state information is limited. We then examine the scenario for which the re-
ceiver is equipped with a massive number of antennas and develop a simple yet
energy-efficient solution by dividing the transmission frame into slots where each
active user utilizes a non-orthogonal pilot sequence followed by its polar encoded
codeword. At the receiver, we first detect the transmitted pilot sequences by a

generalized orthogonal matching pursuit algorithm and utilize a linear minimum
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mean square error (LMMSE) solution to estimate the channel vectors. We then
perform iterative decoding based on maximal ratio combining and single-user
decoding followed by SIC. Numerical examples and analysis results demonstrate
that the proposed scheme either outperforms the existing approaches in the lit-
erature or has a competitive performance with lower complexity. We then adapt
our solution to the scenarios with residual hardware impairments (HWIs) at the
BS and the user equipment sides by developing a hardware-impairment aware
LMMSE solution for channel estimation using the HWI statistics and observe
that the newly proposed solution improves the energy efficiency and increases the
number of supported active users. Finally, we study on-off division multiple ac-
cess in the context of URA where each active user utilizes a small fraction of the
transmission frame and show that the new approach is superior to the existing

ones in terms of performance or complexity.

Keywords: Unsourced random access, polar codes, massive random access,
frequency-selective channels, multiple-input-multiple-output systems, generalized
orthogonal matching pursuit, hardware impairments, on-off division multiple ac-

Cess.



OZET

KABLOSUZ KANALLAR UZERINDE DUSUK

KARMASIKLIKLI KAYNAKSIZ RASTGELE ERISIM
SEMALARININ TASARIMI

Mert Ozateg
Elektrik ve Elektronik Miihendisligi, Doktora
Tez Danigmani: Tolga Mete Duman
Kasim 2023

Altmer Nesil ve Otesi iletigim sistemlerinin cok sayida makine tipi cihazin
iletisimini saglamasi beklenmektedir. Bu cihazlardan bazilarinin olusturdugu
trafik, geleneksel iletigim senaryolarindan énemli dlciide farkl olacaktir. Ornegin,
¢ok sayida ucuz sensoriin bir baz istasyonu (BS) ile iletigim kurdugu uygula-
malarda, cihazlar yalnizca ara sira aktif olacak ve aralarinda veya BS ile her-
hangi bir koordinasyon olmayacaktir. Masif rastgele erisim ¢oziimleri gerektiren
sistemler i¢in yakin zamanda kaynaksiz rastgele erigim (URA) adi verilen yeni
bir paradigma onerilmistir. URA’da tiim kullanicilar ayni kod kitabini kullanir
ve kullanict kimligi yoktur. Hedef yalmzca aktif kullanici grubundan gonderilen
mesajlarin listesiyle ilgilenir. Giincel literatiirde gelistirilen birgok ilging URA
semas1 olmasina ragmen, ozellikle diigiik karmasiklikli ve enerji agisindan verimli
¢oziimlerin tasarlanmasi konusunda bir¢cok onemli zorluk devam etmektedir.
URA’daki mevcut zorluklarin tistesinden gelme motivasyonuyla cesitli senary-
olar icin pratik coziimler geligtiriyoruz. Ilk olarak, soéniimleme etkilerini azalt-
mak icin dikey frekans bolmeli ¢coklama yoluyla frekans segici kanallar tizerinden
URA’y1 6neriyoruz ve tizerinde ¢alisiyoruz. Kod ¢oziicii, girigimi giiriiltii olarak
ele alma ve ardigik girigim iptali (SIC) ile birlegtirilmig bir ortak aktivite algilama
ve kanal kestirimi algoritmasi kullanir. Sonuglarimiz, onerilen semanin, hibe
bazli frekans bolmeli ¢oklu erigim ile rekabetgi bir performans sundugunu ve tah-
mini kanal durumu bilgisinden kaynaklanan performans kaybinin sinirh oldugunu
gostermektedir. Daha sonra alicinin ¢ok sayida antenle donatildigl senaryoyu
inceliyoruz ve iletim cercevesini, her aktif kullanicinin dikey olmayan bir pi-
lot diziyi ve ardindan kutupsal kodlanmig kod sozciiglinii kullandig1 yariklara
bolerek basit ama enerji acisindan verimli bir ¢oziim gelistiriyoruz. Alicida, ilk
once genellegtirilmig bir dikey eglestirme takip algoritmasi ile iletilen pilot dizileri
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tespit ediyoruz ve kanal vektorlerini tahmin etmek i¢in dogrusal bir minimum or-
talama kare hatasi (LMMSE) ¢oziimi kullaniyoruz. Daha sonra maksimum oran
birlegtirme ve tek kullanicili kod ¢6zmeye ve ardindan SIC’ye dayali yinelemeli kod
¢ozme gerceklestiriyoruz. Sayisal ornekler ve analiz sonuglari, onerilen semanin
literatiirdeki mevcut yaklagimlardan daha iyi performans gosterdigini veya daha
diigik karmasiklikla rekabetci bir performansa sahip oldugunu gostermektedir.
Daha sonra ¢oziimiimiizii, donanim bozukluklar1 (HWI) istatistiklerini kullanan
kanal kestirimi i¢in donanim bozukluguna duyarh bir LMMSE ¢oztimii geligtirerek
BS ve kullanici ekipmani tarafinda kalan donanim bozukluklarinin oldugu senary-
olara uyarliyoruz ve yeni onerilen ¢oziimiin enerji verimliligini ve desteklenen
aktif kullanici sayisimi artirdigini gozlemliyoruz.  Son olarak, her aktif kul-
lanicinin iletim ¢ercevesinin kiigiik bir boliimiinti kullandigi agma-kapama bolmeli
¢oklu erigimi URA baglaminda inceliyoruz ve yeni yaklagimin performans veya
karmagiklik agisindan mevcut yaklagimlardan tistiin oldugunu gosteriyoruz.

Anahtar sozciikler: Kaynaksiz rastgele erigsim, kutupsal kodlar, masif rastgele
erigim, frekans secici kanallar, ¢coklu-girigli ¢oklu-cikigh sistemler, genellegtirilmis
dikey esleme takibi, donanim bozukluklari, agma-kapama bolmeli ¢oklu erigim.
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Chapter 1

Introduction

1.1 Overview

Next generation wireless communication systems require massive connectivity,
low latency, and high spectral efficiency. As a result, massive machine type com-
munications (mMTC) will become a key aspect of beyond 5G (B5G) wireless
networks. In some applications of mMTC like the Internet-of-Things (IoT), there
are a huge number of devices (e.g., millions of devices per km?) with short pay-
loads and limited computational power, and their transmissions have a sporadic

and uncoordinated nature. This scenario is generally referred as massive access

[1].

Multiple access is a building block for massive access, which allows multiple
users share a communication medium for their transmissions simultaneously. A
conventional way to serve multiple users in the same system is to assign them
orthogonal system resources as in time division multiple access (TDMA) or fre-
quency division multiple access (FDMA). However, these schemes require schedul-
ing of the users by the base station (BS) and are infeasible when the number of

the users becomes large due to the excessive delay and high signaling overhead.



A well-known solution for the communication of a large number of users is
grant-free random access where the users transmit their data independently with-
out any scheduling by the BS. In this scenario, the receiver does not have the
information of the active user set; however, the users can pick unique code se-
quences prior to the transmission which can be utilized by the receiver to differ-
entiate them via activity detection. However, this approach becomes insufficient
in the case of massive access due to the lack of resources (code sequences), hence

other solutions are needed.

In order to address the massive access problem, Polyanskiy introduced the
unsourced random access (URA) paradigm in [2]. In URA, it is assumed that a
potentially unbounded number of devices with short payloads sporadically com-
municate with the BS without any coordination. The devices share the same
codebook, hence there is no user identity and the decoding is only up to a per-
mutation of the transmitted messages. Since there is no user identity, the system
can operate irrespective of the total number of devices. In addition, per-user
probability of error (PUPE) is adopted as the main performance criterion rather
than the stringent global error probability. These aspects lead to a substantial

departure from the traditional multiple access scenario.

Polyanskiy also developed a random coding achievability bound on the en-
ergy efficiency of URA over additive white Gaussian noise (AWGN) channels.
Since then, there have been substantial efforts to develop low-complexity coding
schemes to approach the theoretical limits. The main approaches for this purpose
are using a slotted ALOHA protocol that is capable of recovering up to T' col-
liding users (T-fold ALOHA), coded compressed sensing, and random spreading
that can be thought as an application of code division multiple access (CDMA)
to the URA scenario.

In the Gaussian multiple access channel (MAC) model, the received powers of
all the users are equal. However, due to the differences in their distances to the
BS or different environment conditions, this model may be inadequate. With this
motivation, fading channel models where the transmitted signals of the users are

attenuated with a random fading coefficient are also considered in many recent



works in the URA context. The channel state information of the users is unknown
at the receiver, which makes the estimation of the fading coefficients a part of the
problem. However, approaches for designing low-complexity coding schemes in
the Gaussian MAC scenario can be utilized by also incorporating suitable channel

estimation algorithms.

Massive multiple-input multiple-output (MIMO) is a key technology for cur-
rent wireless communication systems due to its potential to provide high spectral
efficiencies and spatial multiplexing gains. Hence, it becomes a prominent candi-
date to increase the supported active user load and the energy efficiency of the
URA systems. There are already several solutions addressing URA with a mas-
sive MIMO receiver adapting the similar design concepts with the case of single

antenna receivers.

Motivated by the recent developments, in this thesis, we develop practical
transmission schemes for different scenarios in the context of URA. Specifically,
we consider frequency-selective channels for the first time in this context, which
is a more realistic scenario caused by multipath fading, compared to flat fading.
We propose to employ orthogonal frequency division multiplexing (OFDM) to
overcome the detrimental effects of the multipath, i.e., to eliminate the inter-
symbol interference. We then investigate URA with a massive MIMO receiver
and develop an energy-efficient scheme with low complexity employing slotted
transmissions and generalized orthogonal matching pursuit (gOMP) based ac-
tivity detection, linear minimum mean square error (LMMSE) channel estima-
tion, and polar coding. We also extend the proposed scheme for the case with
transceiver hardware impairments, which is an inevitable practical scenario for
URA. Finally, we study URA based on on-off division multiple access (ODMA)

with polar coding employing single-antenna receivers.



1.2 Contributions

In the first part of the thesis, we propose and study URA over frequency-selective
channels, which can be observed in many practical environments due to multipath
propagation. To this end, we assume that the active users transmit their data
over a frequency-selective channel and employ OFDM to overcome the multipath
fading effects. We consider slotted transmissions in the frequency domain, and
the pilot signal of each user is uniformly distributed in its OFDM word to be
transmitted along with the data part encoded by a polar code. We propose a
joint activity detection (AD) and channel estimation algorithm to estimate the
channel taps of the users, followed by treating interference as noise (TIN) in con-
junction with successive interference cancellation (SIC) to recover the message
bits. We consider grant-based FDMA for comparison and observe that the pro-
posed scheme offers a competitive performance. The results along this line of

investigations have been published in [3].

In the second part of the thesis, we consider URA with a massive MIMO
receiver and propose an energy-efficient scheme with low complexity based on
slotted transmissions. We assume that the users employ non-orthogonal pilot
sequences followed by polar encoded codewords to transmit their data. At the
receiver side, we propose a decoding algorithm combining the ideas of gOMP
for AD, LMMSE channel estimation, maximal ratio combining (MRC) for sym-
bol estimation, single-user decoding and re-estimation of the channel vectors for
SIC. We also analyze the performance of the proposed scheme using an ana-
lytical signal-to-interference-and-noise ratio (SINR) characterization and normal
approximations (based on some results from finite length information theory).
Through a set of numerical results, we demonstrate that the proposed solution
either outperforms the schemes in the literature or has a competitive performance
with lower complexity, and it has a small gap with its approximate performance
limits. Furthermore, it is suitable for fast-fading scenarios due to its excellent
performance in the short blocklength regime. The results along this line of inves-

tigations have been published in [4, 5].



We also extend our work on URA over wireless channels to the case with
residual hardware impairments (HWIs) at both the BS and the UE side with the
motivation that they are widely observed in practical massive MIMO systems
and the devices in URA scenario are likely to have a cheap hardware due to their
massive numbers. We propose a HWI-aware receiver using the HWI statistics
and observe that the HWI-aware receiver can increase the energy efficiency and
the number of the active users that can be supported. Our results in this context

have been published in [6].

In the last part of the thesis, we investigate on-off division multiple access
(ODMA) for URA combined with polar coding. Namely, we assume that the
active users distribute their polar codewords to the transmission frame based on a
transmission pattern determined by a part of their message bits. We propose a low
complex pattern detection method based on the received signal energy followed
by single-user decoding and SIC. We observe that the newly proposed scheme
offers a promising performance in both Gaussian and fading MAC scenarios with

low complexity.

1.3 Thesis Outline

The rest of the thesis is organized as follows. We review the existing literature
on multiple access and unsourced random access in Chapter 2. We present our
proposed coding scheme based on OFDM and TIN-SIC for URA over frequency-
selective channels in Chapter 3. We then focus on URA with a massive MIMO
receiver and propose a slotted transmission scheme in Chapter 4, which we extend
for the scenario with HWIs in Chapter 5. We introduce a transmission scheme
based on ODMA and polar codes for URA in Chapter 6, and conclude the thesis

in Chapter 7 along with some future research directions.



Chapter 2

Review of Multiple Access and

Massive Random Access

In this chapter, we start with an overview of multiple access and then present an
extensive literature review of unsourced random access. For the part on URA, we
first provide the system model and fundamental performance limits along with a
summary of the existing coding schemes considering Gaussian MAC and fading
MAC with a single antenna receiver, and then we extend our coverage to URA

over fading channels with a receiver equipped with a massive number of antennas.

2.1 Multiple Access Techniques

Multiple access refers to the scenario in which more than one user simultaneously
share the system resources. One way to serve multiple users is to assign dedicated
resources (e.g., time, frequency, or code) to them by a central coordination unit
through a prior handshaking procedure. The conventional techniques in this
framework are TDMA, FDMA, code division multiple access (CDMA), and space
division multiple access (SDMA). In TDMA and FDMA, non-overlapping time

slots or frequency sub-channels are assigned to the different users, respectively,



and the data of each user is detected in its allocated time frame or frequency band.
On the other hand, in CDMA, all the users can utilize the entire time-frequency
resources simultaneously through different (nearly) orthogonal code sequences
coupled with a low-complexity decorrelation based receiver. SDMA relies on
the principle of creating (nearly) orthogonal spatial channels for different users
to minimize the inter-user interference by employing beamforming and spatial

multiplexing.

All of the approaches described in the previous paragraph are in the class of
orthogonal multiple access (OMA), where the number of users is strictly limited
due to the orthogonal resource assignment. In order to increase the number of
supported users, non-orthogonal multiple access (NOMA) techniques are inves-
tigated in the literature, where multiple users can utilize the same resources to
transmit their data, allowing the system to support more users. However, this
brings an inter-user interference to the system, and more sophisticated interfer-
ence cancellation receivers are needed with an increased complexity compared to
OMA.

The NOMA schemes are divided into two main categories, which are called
power-domain NOMA and code-domain NOMA. In power-domain NOMA [7],
the users employ different power levels to transmit their data using the same
resources, and the receiver exploits the received power difference for detection
through SIC. On the other hand, code-domain NOMA is similar to classical
CDMA in the sense that the users employ user-specific code sequences to transmit
their data, however, the code sequences are sparse sequences or non-orthogonal
sequences with low cross-correlation [8]. Here, the receiver can employ mes-
sage passing algorithms utilizing the code structure to differentiate the users.
Some examples of code-domain NOMA schemes in the literature are low-density
spreading code division multiple access [9], low-density spreading aided orthog-
onal frequency division multiplexing [10], sparse code multiple access (SCMA)

[11], and multi-user shared access [12].

All of the described schemes up to now are grant-based. That is, they require

scheduling grants and coordination by the BS prior to transmission, and it is
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assumed that the number of the users, their activity patterns etc. are available at
the BS. However, when the number of users become large, they become infeasible
due to the excessive delays and signaling overhead. For example, typical number
of users per signal dimension in time-frequency domain (per degree of freedom) is
between 1.5-3 according to 3GPP studies, as the system performance significantly
degrades beyond that threshold [1].

Grant-free multiple access is a well-known candidate to enable communica-
tion of a large number of users where the users transmit their data without any
prior grant by the BS using the common system resources, which reduces the
latency and signaling overhead. Nevertheless, the users can have specific signa-
tures/preambles or they can utilize different codebooks pre-configured by the BS.
In this line, grant-free NOMA is the prominent solution for future communication
systems due to its low latency, improved spectral efficiency, and its potential to
support massive connectivity since the transmission resources are non-orthogonal.
Note that the main difference between grant-based and grant-free NOMA is that,
the BS does not have the information of the set of active users in the latter,
which brings many challenges such as blind activity detection and data recovery,

channel estimation, and synchronization with minimal overhead [13].

Power-domain NOMA and code-domain NOMA represent the two main cate-
gories of NOMA. Among them, the power-domain NOMA is hard to extend to the
grant-free scenario as the successful recovery at the receiver heavily depends on
the power difference of the users, which may not be maintained due to the grant-
free nature of the transmissions. On the other hand, signature based schemes in
code-domain NOMA can be adapted to the grant-free case with a proper activity
detection prior to the data detection or joint activity detection and data recovery.
For instance, a grant-free version of SCMA is proposed in [14]. Furthermore, the
inherent sparsity of the user activity in grant-free multiple access is utilized in

[15, 16, 17, 18] through compressive sensing algorithms for multi-user detection.

Another candidate solution to address the drawbacks of the coordinated mul-

tiple access is uncoordinated multiple access, where the users exploit the system
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Figure 2.1: An illustration of pure and slotted ALOHA. Red boxes show the
collided packets and green boxes are the successfully transmitted ones.

resources independently to transmit their data using the same transmission pro-
tocol without any coordination by the BS. This scheme is particularly useful when
there are stringent latency requirements or the user activity is random/sporadic,

which renders assigning dedicated system resources ineffective.

The first approach for uncoordinated multiple access is the ALOHA protocol
[19] proposed in the 1970s, where the users transmit the data packets whenever
they have data to send. The data packets are assumed to be lost in the case of
a collision and they should be re-transmitted. ALOHA is simple; however, it is

2L

inefficient as the system throughput is 7' = Le™*" with a maximum of 1/2e ~ 18%

where T is the system throughput and L is the system load. An improvement
to the pure version of ALOHA is called slotted ALOHA. In slotted ALOHA,
it is assumed that the time is divided into slots and the users can start the
transmission only at the beginning of the time slots. Thus, there are no partial
collisions, and a packet is assumed as successfully received if there are no other
transmissions in the same slot. In this case, the throughput can be calculated as
T = Le~ L, with a maximum of 1/e ~ 37%. The transmission structures in pure
ALOHA and slotted ALOHA are illustrated in Figure 2.1, and their throughput
with respect to the system load is depicted in Figure 2.2.
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Figure 2.2: Throughput comparison of pure and slotted ALOHA.

Although slotted ALOHA doubles the throughput of pure ALOHA, it is still
less than 40 %, which is limited. With the motivation to increase the throughput,
several variants of ALOHA are proposed in the recent literature. For instance,
in Contention Resolution Diversity Slotted ALOHA (CRDSA) [20], two copies of
the packets are transmitted in two different slots, and in the case that a packet
is successfully recovered in one slot, the effect of its replica in the other slot is
subtracted. In this way, the maximum throughput can be increased to 52%. This
scheme is improved by irregular repetition slotted ALOHA (IRSA) [21], where
the packets are repeated different number of times rather than twice. With
the optimization of the repetition distributions by density evolution techniques,
IRSA achieves T' ~ 0.8 in practical implementations. An extension of IRSA
exploiting forward error correction is called Coded Slotted ALOHA (CSA) [22],
which improves the efficiency even further, approaching a throughput of almost
1 when sufficiently low coding rates are employed. TRSA and CSA are further
studied in [23] - [26].

In some mMTC applications, the total number of devices can be in the order
of millions, and they are only active very sporadically. This makes achieving

any level of coordination infeasible. As a result, none of the multiple access
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techniques summarized in this section is suitable for enabling the communication
of these devices. To address this problem, Polyanskiy proposed URA paradigm
in [2] where the devices share the same codebook, hence there is no user identity,
and the system operation becomes independent of the total number of devices.
The decoding is done only up to a permutation of the transmitted messages, and
the main performance criterion is the per-user probability of error. The existing

literature on URA will be presented in the following sections.

2.2 Unsourced Random Access over (Gaussian
MAC

2.2.1 Basic Model and Random Coding Bound

In his pioneering work [2], Polyanskiy introduces the URA paradigm and focuses
on the following Gaussian MAC model:

y =X+ +Xg, +2, (2.1)

where K, is the number of active users, x; is the transmitted signal of the i-th user,
y is the received signal and z ~ A/(0,1,) is the AWGN. Assuming ||x;|° < nP is

satisfied, the energy-per-bit becomes

Eb nP

- - 2.2

where M is the cardinality of the set of the possible messages [M] and n is the
length of the transmission frame. In [2], an (M, n, €) random access code is defined

as follows

Definition 1. An (M, n,€) random access code for the K,-user channel Py |y,
is a pair of (possibly randomized) maps - the encoder f : [M] — &A™ and the
decoder g : V" — ([I]‘é]) - satisfying

11



LS b < (23)

a .
]:

where E; £ {W, ¢ L} U {W,; = W, for some i # j} is the error event of the j-th
user, W1y, ..., Wy, are independent and uniform on [M], and L is the list of the

estimated user messages that is produced by the decoder.

A random coding achievability bound is also obtained in [2]. This bound can
be used as a benchmark for the energy efficiency of URA over real-valued AWGN
channel as it assumes that there are no complexity constraints. It is given by the

following result.

Theorem 1 (Random coding achievability [2]). Fiz P’ < P. There exists

an (M,n,€) random-access code for K,-user GMAC satisfying power-constraint
P and

Ka

t
< —mi 2.4
€ > Z:: Kamln<pt7qt) +p07 ( )
]
where
Ka n
Po = ( ) + K, P Z Z: > £ pr=e "0 (2.5)
M J:1 Vi P/ ) )
where F(t) = o Jnax —pp1tRy — p1 Ro+ Eo(p, ,01), Ey = pla—I—l log(1 —2bp1), a =
>PP1>
— — _ Pt=1+VD
D = (P't—1)? +4P' lff:zl, Ry = %logM L log(t ) Ry = Llog (%), and ¢, is

defined as
g = infP[l; < 9]+ exp(n(thy + By) — 7). (2.6)
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The random variable ; is defined as I; = ming, i;(c(Sp); Y |c(SS) where ¢(Sp) £
> ¢ for ery... e ~ N(0,P') and the minimum is over all ¢- subsets of [K,].
JESo
The information density i, is defined as

| loge (lly = b}
in(asylb) = nCy+ 2 (Fm2 =y —a = bl3). 2.7)

where C; = Llog(1+ P't). B

The idea behind the proof of this theorem is as follows: Let S = {W,..., Wk, }
be a random K,-subset of [M], the proof of the theorem is based on bounding
the error event F, 2 {|S\ S| = t} with two different methods, one considers a
Gallager-type bound and the other uses the information density in (2.7). The

details can be found in [2].

The random coding bound is an information-theoretic performance limit, and
it is derived without any complexity constraints as it assumes that all active users
are jointly decoded, which has a prohibitive complexity. Practical coding schemes

for URA are needed to approach the results predicted by the bound.

Since the communication in URA is uncoordinated and the number of total
users is huge, grant-based schemes like TDMA or FDMA are infeasible as they
require scheduling of the users. Hence, the random access schemes such as slotted
ALOHA and TIN become the first candidate solutions.

In slotted ALOHA, the transmission frame is divided into sub-frames and each
user transmits randomly in an independently selected sub-frame. It is assumed
that the slot decoding works if there is no collision and the single-user decod-

ing is successful. Moreover, as shown in [2], TIN coding satisfies the following

nPlog?e
log M ~ nCrin(P) — \/ H%Qfl(ﬁ% (2.8)

where CT[N(P) = %1Og (1 + 1+(K]:—1)P>’

approximation
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Figure 2.3: Required Ej,/N, for versus the number of active users.

In [2], the performances of these approaches are evaluated assuming that there
are K, active users transmitting & = 100 bits of information through a transmis-
sion frame of length n = 30000, with a target PUPE of ¢ = 0.1. The required
Ey /Ny versus number of active users for these schemes are plotted in Figure 2.3
along with the random coding bound derived in [2]. The results in Figure 2.3
show that the conventional random access techniques (i.e., slotted ALOHA and
TIN) are energy inefficient for the URA scenario as there is a huge performance
gap between these and the random coding bound, and the development of low-
complexity coding schemes is needed. The performance of the grant-based TDMA
scheme where the frame is divided into sub-frames of length y208 and each active
user transmits in its dedicated sub-frame referred as Orthogonal M.A. is also plot-
ted in the figure (though it is infeasible for URA). Note that in all of the curves,
it is assumed that the single-user codes satisfying the normal approximation in

[27] are employed.
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2.2.2 Practical Coding Schemes for URA

As indicated in the previous subsection, it is shown in [2] that conventional ran-
dom access techniques are energy inefficient for URA. As a result, there have been
substantial efforts to develop low-complexity and energy-efficient schemes in the
subsequent literature. One of the design strategies for this purpose is slotting the
transmission frame to reduce the multiuser interference, where each active user
picks one or a few slots to transmit its data depending on the exact setting. In
this direction, Ordentlich and Polyanskiy propose the first practical scheme for
URA in [29], where a concatenated coding scheme is considered combined with
the T-fold ALOHA protocol. T-fold ALOHA is an approach similar to slotted
ALOHA in the sense that the users choose a random sub-block (slot) to transmit
their packets, but in the slotted ALOHA, packets are lost in the case of a collision.
However, in T-fold ALOHA, T or fewer users can be simultaneously decoded in
each slot. In [29], the users choose one slot randomly to transmit their message in
that slot. The concatenated coding scheme consists of an inner binary linear code
which is used to decode the modulo-2 sum of the codewords transmitted within
a slot and an outer code to recover the individual messages. Many off-the-shelf
codes can be used for the inner code. The authors construct the outer code from
the columns of a T-error correcting BCH code. This scheme suffers in terms of
energy efficiency as the performance gap with the random coding bound is about

20 dB when the number of active users is 300.

The authors of [30] also consider a slotted structure where the users can repeat
their codewords across sub-blocks, which is referred as T-fold IRSA. They propose
to split the message into two parts and employ a coding scheme based on a
combination of compressed sensing (CS) and low-density parity check (LDPC)
coding at the slot level. The replicas of the recovered codewords are peeled from
the other slots through successive interference cancellation (SIC). Note that the
slotted transmission structure in [30] is depicted in Figure 2.4. T-fold IRSA is also
utilized in [31] by replacing the LDPC codes with the polar codes, which provides
a significant performance gain over [30]. In [32], the authors employ random

signatures to convert the equal-gain channel into a more favorable independent
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Figure 2.4: The slotted transmission structure in [30] based on T-fold IRSA.

and identically distributed (i.i.d.) fading scenario along with the trellis-based
codes in a T-fold ALOHA structure. Their proposed approach provides a low

complexity solution with moderate performance.

In another line of investigation, the problem is addressed through an approach
that is called coded compressed sensing [33] - [37]. Namely, the message is divided
into sub-blocks and each block is individually encoded by a combination of an
inner CS code and an outer code to add redundancy. The encoded sub-blocks
are then transmitted in different slots. At the receiver side, each sub-block is
recovered through compressed sensing algorithms, and the recovered segments
are stitched together by an outer tree code. In this line, a recent scheme employs
sparse regression codes (SPARCs) as inner codes [37]. Then, the sub-blocks are
CRC-encoded and they are connected via block Markov superposition transmis-
sion. At the receiver, a hybrid decoder combining successive cancellation (SC)
and approximate message passing (AMP) is employed for inner decoding, and tree
decoding is utilized to piece the inner-decoded sub-blocks together. This scheme
improves the performance of the proposed scheme in [34] with lower complexity
and provides the best performance among the works based on idea of coded com-
pressed sensing for URA over Gaussian MAC. The general encoding-decoding

structure in coded compressed sensing is illustrated in Figure 2.5.

In another design strategy, there are no slots and the active users utilize the

whole transmission frame. In some of the works following this strategy, the idea
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Figure 2.5: Encoding-decoding structure in coded compressed sensing.

is to spread the channel coded bits through the transmission frame using random
signatures [38] - [40]. The message is divided into two parts: the first part
determines the signature sequence while the second part is encoded by a polar
code in [38]. At the receiver side, first, the selected signature sequences are
detected by a correlation-based energy detector. Then, an iterative decoding
algorithm consisting of MMSE filtering followed by single-user polar decoding
is employed to recover the channel coded bits. Also used is SIC at the end of
each iteration as illustrated in Figure 2.6. The authors of [39] propose to assign
different power levels to the active users in the proposed scheme in [38]. This
approach creates an artificial fading-like scenario, where the users with higher
received power can be decoded first, and the ones with lower received power
are decoded after SIC. This approach provides a performance improvement over
[38] for K, > 150. The authors of [40] replaces the polar codes in [38] with
LDPC codes to exploit the soft information produced by the belief propagation
decoder to perform soft-input-soft-output (SISO) MMSE filtering. This approach
improves the decoding performance since the information about the partially
decoded codewords can be utilized, and it provides the best performance among

the proposed schemes based on random spreading.

In [38] - [40], each active user occupies the entire frame for data transmission.
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As an alternative approach, in some works, the active users distribute their code-
word bits onto the transmission frame where each user occupies a small fraction
of it. For instance, in [41], LDPC encoded bits are sparsified along the chan-
nel frame through zero-padding and interleaving. At the receiver side, a single
joint Tanner graph is utilized for message recovery. Furthermore, the authors of
[42] propose to encode the data as the Kronecker product of the two component
codewords, and employ an iterative decoder based on bilinear generalized approx-
imate message passing to decompose the Kronecker product and a soft-in-soft-out

decoder for the individual components.

In another recent work [44], the authors employ on-off division multiple access
(ODMA) [43] in the context of URA, where the active users exploit a small part
of the transmission frame to transmit their data encoded by a repeat-accumulate
(RA) code according to a transmission pattern, while the remaining time in-
stances are idle. At the receiver side, the BS first recovers the transmission
patterns and then employs multiuser detection and decoding over a sparse fac-
tor graph. Among the proposed schemes for URA over a Gaussian MAC, [40]
exhibits the best performance for K, < 225 with the cost of high computational
complexity, while the low complexity approach of [44] is superior to the other

schemes for K, > 225.

18



The conventional assumption in URA is that all the users have the same num-
ber of message bits, which holds in most of the existing works in the literature.
However, this may be impractical in the situations where the devices have dif-
ferent payload requirements, power budgets etc. To address this problem, the
scenario that two different user groups have different number of message bits is
studied in [45, 46] in the coded compressed sensing framework, called multi-class
URA. In [45], SPARCs are utilized as inner codes and LDPC codes are employed
as outer codes. On the other hand, in [46], the compressed sensing techniques

and tree codes are exploited as the inner and outer codes, respectively.

2.3 URA over Fading MAC

2.3.1 Channel Model

Gaussian MAC is an idealized model as the users’ transmissions have equal re-
ceived powers. A more realistic model is quasi-static fading MAC, where the
codewords are attenuated by random fading coefficients. For the single-antenna
quasi-static fading MAC, the model becomes [49]:

Kq
y'= Z hix; + z, (2.9)
i=1

where x; is the transmitted signal of the i-th user, h; ~ CN(0, 1) is the channel
coefficient of the i-th user which are i.i.d. among the users and z ~ CN(0,L,) is
AWGN. Assuming that ||x,]|* < nP, the energy-per-bit is defined as

E, nP
== 2.1
No k' (2.10)

where k is the number of message bits. The authors of [49] also present a converse

bound based on the results from [47] and meta-converse from [48], stated below.
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Theorem 2 (Converse bound [49]). Let

Ln=n 1og(1+PG)+zn: <1— ’@Zi—m‘2>, (2.11)

n ‘\/ﬁZi—lr
Sn:nlog(1+PG)Z 1- e :

=1

(2.12)

where G = ||h||* and Z; ~ CN(0,1). Then, for every n and 0 < € < 1, any
(M,n — 1,€) code for the quasi-static K, MAC satisfies

log(M) <log(K,) + log (2.13)

P(L, > nv,)’
where 7, is the solution of P[S, < ny,] =e. [ |

The problem of designing of low complexity coding schemes approaching the
information theoretic limits remains as an important problem. Towards this goal,
the T-fold slotted ALOHA protocol mentioned in the previous section is a good
candidate for the fading scenario as well since it can provide a good performance-
complexity trade-off between the classical slotted ALOHA and joint decoding of
all users. Therefore, the authors of [49] derive an achievability bound for T-fold
slotted ALOHA and propose a practical coding scheme also employing LDPC
coding, that is explained in the next subsection in more detail. The energy
efficiencies of the achievability bound of T-fold slotted ALOHA and the practical
LDPC coding based solution along with the converse bound are plotted in Figure
2.7 for T' = 4, which demonstrates that there is a considerable performance gap
between the proposed solution in [49] and the converse bound. Therefore, it is
argued that it may be possible to develop practical transmission schemes with
a significantly higher energy efficiency, some of which are reviewed in the next

subsection.
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Figure 2.7: Required E,/Ny versus number of active users of the information
theoretic limits for the fading case and the practical scheme in [49].

2.3.2 Review of Existing Works on URA over Fading
MAC

The first practical coding scheme for URA over quasi-static fading MAC is based
on a T-fold ALOHA structure in conjunction with LDPC coding [49]. In this
work, the authors propose an alternating belief propagation (BP) decoder to
estimate the channel coefficients as a part of joint BP decoding by adding the
fading nodes to the joint BP decoder consisting of function nodes, and LDPC

variable and check nodes.

In another work, a practical polar coding based scheme using T-fold ALOHA
protocol combined with TIN-SIC decoding at the receiver side is proposed [51].
Namely, the users are decoded one-by-one given the channel coefficient estimates
obtained by clustering techniques while the others are treated as noise and the
effects of the successfully decoded users are subtracted at the end of each iteration.
This scheme is particularly suitable for fading scenarios as the users with stronger

channel coefficients can be decoded first and once their effects are subtracted
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from the received signal, the remaining users can be decoded more easily. The
authors also provide some achievability bounds for their proposed scheme, and
demonstrate that using polar codes in conjunction with TIN-SIC detection can
provide a considerable performance improvement over LDPC coding combined

with joint BP decoding approach of [49].

As another solution, an approach where the active users utilize the entire trans-
mission frame to transmit their data is considered in [52]. Specifically, the channel
frame is divided into pilot and data parts. The active users pick a pilot sequence
from a common codebook for transmission in the pilot part, and they repeat
their codeword bits along the rest of the transmission frame with permutation
and scrambling in the data part. At the receiver side, approximate message pass-
ing (AMP) is employed for joint pilot detection and channel estimation, and the
data part is recovered by iterative data estimation and interference cancellation
using the repeated codeword bits. Numerical examples show that this scheme
offers the best performance in terms of energy efficiency in the context of URA
over quasi-static fading MAC with a single antenna receiver. Furthermore, the
idea of coded compressed sensing is applied for this setup in [53] by employing

Reed-Solomon codes and tree codes modified to correct up to ¢ errors.

The works in [49] - [53] consider a completely synchronous scenario, i.e., the
transmissions of all active users are aligned in the time domain. With the mo-
tivation that this assumption may not be completely feasible in practical im-
plementations, the authors of [54] consider an asynchronous scenario where the
active users have time delays of less than 1/4 of the slot length in a T-fold slotted
ALOHA scheme. They propose an OFDM-based transmission scheme operating
in the frequency domain to convert the time synchronization problem into a phase
shift estimation problem, which can be addressed through a cyclic prefix (CP)
extension to the OFDM signal. They employ LDPC codes as a channel code, and
TIN-SIC decoding in the frequency domain at the receiver side where the problem
of fading coefficient estimation is tackled as in [50]. Via numerical examples, they
show that the performance of the proposed scheme in the asynchronous setup is

competitive with its synchronous counterpart.
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2.4 URA with a Massive MIMO Receiver

Massive MIMO systems play an important role in a wide class of next generation
communication systems. In particular, in the context of URA, they have the
potential to overcome some bottlenecks. With this motivation, several recent
studies on unsourced random access consider a massive number of antennas at
the BS. Note that in most of the existing works, a quasi-static Rayleigh fading

channel model is assumed.

In [55], the idea of coded compressed sensing is utilized. Namely, the message
payload is divided into sub-blocks and each sub-block is encoded individually
to one column of a common codeword matrix to be transmitted in a particular
slot. At the receiver side, a covariance based approach is employed to recover
the inner sub-block codewords via maximum likelihood (ML) decoding or non-
negative least squares (NNLS) based decoding. The recovered segments are pieced
together by an outer tree code. Numerical examples show that the scheme is
particularly suitable for fast fading scenarios as short blocklengths are employed

for user transmissions.

The authors of [56] introduce the concept of tensor-based modulation in URA.
More specifically, they propose to use rank-1 tensors constructed from Grassman-
nian sub-constellations as transmitted signals, and a two-step decoder involving
multi-user separation exploiting the tensor structure and single-user demapping.
The tensor structure allows multi-user separation without the pilot sequences.
It exhibits good performance up to around 600 active users, and can be applied
to the single-antenna fading and Gaussian MAC scenarios as well. This scheme
is extended to the presence of timing offsets in [57] by employimg OFDM. The
tensor-based approach is also considered in [58], where the authors propose a
block-term decomposition for decomposition of the 3-dimensional tensors, where
two low-rank factor matrices and a factor vector is utilized in each block term.

This solution provides some performance improvements over the scheme in [56].

In several recent works on URA with a massive MIMO receiver, a separate
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pilot transmission is adopted. For instance, in [59], the transmission frame is
divided into pilot and data parts, where non-orthogonal pilots are utilized in the
pilot part based on part of the message bits and the remaining bits are encoded
by a polar code to be transmitted in the data part. At the receiver side, a multi-
ple measurement vector approximate message passing (MMV-AMP) algorithm is
used to recover the active pilot sequences followed by LMMSE channel estimation,
MRC data detection, and single-user polar decoding. The authors of [60] propose
to use multiple stages of orthogonal pilots instead of a single non-orthogonal pi-
lot followed by a polar codeword in a slotted structure. They detect the active
pilots using Neyman-Pearson hypothesis testing and utilize an iterative decoder
to recover the data part. In [61], the idea of utilizing the diversity of the repeated
bits in [52] is extended to the massive MIMO setup. That is, each user picks a
pilot from a common codebook which is recovered by MMV-AMP at the receiver,
and the data part of the signal is transmitted after repetition, permutation and
scrambling, which is then decoded at the receiver employing multiuser detection
techniques. Moreover, the idea of spreading the random sequences with channel
coded bits through the transmission frame is applied to the MIMO case in [62],
where the selected pilot and spreading sequences are identified by an energy de-
tector, and a two-stage iterative decoding is employed for the data part. Namely,
the estimates of the channel vectors and the transmitted symbols of the users are
obtained by LMMSE filtering followed by MRC and single-user polar decoding in
the first stage. Then, the channel vectors are re-estimated using the pilots and
temporary coded decisions, and the subsequent operations are repeated with the
re-estimated channel vectors with SIC at the end of each iteration. Furthermore,
the authors of [63] extend the idea of encoding the data as a sparse Kronecker-
product of two component codewords introduced in [42] to the MIMO case, which
provides the best performance for URA over i.i.d. Rayleigh fading channels for a

receiver equipped for a massive number of antennas.

While most of the works consider the transmission over i.i.d. Rayleigh fading
channels, the more practical Rician fading case is considered in [64] through an
application of coded compressed sensing. A correlated fading scenario is tackled

in [65]. Moreover, the authors of [66] study the asynchronous scenario and propose
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a slotted concatenated coding scheme based on the SPARCs and tree codes in an
OFDM system.

The fundamental information theoretic limits on the performance of URA
with a massive MIMO receiver are studied in [67], where the authors derive
achievability and converse bounds for the required E}/N, for a given PUPE for
URA over quasi-static Rayleigh fading channels. The converse bound is stated

below.

Theorem 3 (Converse bound [67]). The minimum energy-per-bit for the URA
model described in Section II of [67] can be lower bounded as

nP
* > : . .
Eb (na Ma E) = }132% 7 (2 14)

where J = log, M is the number of message bits, M is the cardinality of the

message set. The inf is taken over all P > 0 satisfying
J —logy, K, < —log, P [X*(2L) > (1 + (n+1)P)r], (2.15)

where L is the number of receive antennas and r is the solution of P [y?(2L) < r] =
e. A

An achievability bound has also obtained in [67, Theorem 1]. The idea is to
obtain an upper bound on the minimum required energy-per-bit by utilizing the
random coding and ML decoding, and applying Fano’s “good region” technique.

The details of the theorem and its proof can be found in [67].

We plot the required Ej,/Ny with respect to the number of active users K, for
the achievability and converse bounds presented in [67] and SKP coding based
scheme in [63] since it offers the best performance among the proposed practical
approaches for this setup. The results in Figure 2.8 show that SKP coding based
scheme performs very close to the achievability bound; however, there is still
some room for improvement for the case of higher user loads. Moreover, the gap

between achievability and converse bounds is less than 5 dB for K, < 1000.
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Figure 2.8: The information theoretic limits and the performance of the scheme
in [63] for 50 receive antennas and e = 0.05.

2.5 Chapter Summary

In this chapter, a review on the existing literature on the multiple access and
unsourced random access is presented. We first briefly reviewed the coordinated,
grant-free and uncoordinated multiple access techniques. We then summarized
the information theoretic performance limits and existing practical coding solu-
tions on URA over Gaussian and fading MACs. Finally, we concluded the chapter
with a review of URA with a massive MIMO receiver. In the following chapters,

we propose new solutions for different practical scenarios in the context of URA.
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Chapter 3

Unsourced Random Access over

Frequency-Selective Channels

In this chapter, we propose and study URA over frequency-selective channels,
which constitute more practical models for certain environments, e.g., for urban
areas. We assume that the users experience independent multipath fading with
arbitrary path delays and path gains, and propose to employ a slotted transmis-
sion scheme using OFDM. We develop a practical orthogonal matching pursuit
(OMP) based joint activity detection and channel state information (CSI) esti-
mation method utilizing the sparsity of the multipath channel via compressed
sensing and use a TIN-SIC based detection at the receiver side. We also consider
grant-based FDMA for comparison, and derive achievability bounds for multi-
path fading using normal approximations. Numerical examples show that the
proposed URA scheme has a competitive performance with the ultimate case,
namely, the grant-based FDMA; and that, there is a relatively small gap with
its finite blocklength (FBL) performance bounds. Also, the performance loss is
less than 2 dB with the estimated CSI at the receiver when the number of active

users is not very large.

The rest of the chapter is organized as follows. In Section 3.1, we introduce the
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system model. The proposed scheme is described in Section 3.2, and the grant-
based FDMA is presented in Section 3.3. Section 3.4 consists of some numerical

results, and Section 3.5 concludes the chapter.

3.1 System Model

We consider a massive random access scheme with K, active users out of K.
users (K, < K,,), each transmitting B bits of information through n uses of
the channel. We assume that the BS is equipped with a single antenna, and the
users encode their messages with the same channel code. The encoded signals
are transmitted over a multipath fading channel, where the channel taps are zero
mean complex Gaussian, i.e., Rayleigh fading. Each user has K channel taps,
and the gain and delay of its i-th tap are denoted as h; and 7;, respectively. We
assume that the channel taps do not change over each frame, i.e., slow fading
scenario, and n channel resources (in the frequency domain) are divided into S
slots of length nq, and each active user independently transmits its signal in a

randomly selected (frequency) slot.

In order to address the effects of multipath fading, we employ OFDM, i.e., dif-
ferent channel uses correspond to different subchannels in the frequency domain.
Assuming that the cyclic prefix (CP) length is longer than the maximum delay
spread, there is no interference between consecutive OFDM words. A high-level
illustration is depicted in Figure 3.1. The transmitted time-domain signal of a
user (without the CP) is given by [54]

o(t) =Y XA e [0 (3.1)

=1

2

where X is the [-th element of the transmitted codeword of the user, and Af is
the subcarrier spacing, i.e., the symbol duration is 1/Af. The received signal in

the frequency domain Y € C™*! is then
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Figure 3.1: Transmission system model for two-tap multipath fading with a cyclic
prefix longer than maximum delay spread.

Y =) HoX+Z, (3.2)

=1

where r is the number of users transmitting in the slot under consideration, ® de-
notes the element-wise multiplication, X; € C"*! is the transmitted signal of the
i-th user, H; € C"*! is the vector of the subchannel gains, and Z ~ CN(0,1,,,)
is circularly symmetric complex additive white Gaussian noise (AWGN). Note
that the slot index is dropped in the rest of the letter to simplify the notation.
The elements of X; have average power P; i.e., the total transmitted power is

(ny + L)P, where L is the CP length in terms of the time-domain samples.

The decoder aims to recover the list of messages L£(y) = {W1,..., Wk, } up to
a permutation. The PUPE defined as

Po= > Pr(wi ¢ L) 33)
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is used as the performance metric. The energy efficiency of the scheme is measured

by the required energy-per-bit, which can be calculated as

N, B

to obtain P. < ¢, where € is the target PUPE.

3.2 Coding Scheme

3.2.1 Encoding

In this section, we describe the encoding process in each slot. We assume that each
active user picks a pilot signature from a common codebook A € R"*Ms hased
on the first J bits of its message w similar to [76], where M, = 2/ and n,, is the
pilot length, and distributes it uniformly across the OFDM word. Namely, part
of the subcarriers are allocated for pilot transmission, and the rest of them are
used to transmit the data. The elements of A are drawn from a standard normal
distribution and its columns are normalized as ||a;||> = n,P, i = 1,2,... M,.
Note that in URA, it is impossible to assign dedicated pilots to the users since
there are a massive number of them, hence there will be collisions when the pilot
bits of the different users are selected identically. Denoting the pilot locations by

a vector p, the received signal at the pilot locations in a slot becomes

T T
Yy = diag(Ap)Hpp + 25 = Y diag(Ap)F 1.y + 2zp, (3.5)
k=1 k=1

where Ay, is the pilot selected by the k-th user, Hy , is the vector of the subchannel
gains of the k-th user specified by the vector p, z, is the AWGN vector, F, .1
is the submatrix obtained by taking the first L columns and rows of the n;-point
discrete Fourier transform (DFT) matrix F corresponding to the pilot locations,

and hy, is the channel vector of the k-th user in the time domain.
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The remaining k — J message bits are encoded by an (n., k — J + ¢) polar code
and modulated using BPSK to obtain the transmitted symbol vector s, where c is
the number of cyclic redundancy check (CRC) bits. Denoting the data locations
by a vector d, the received signal at the data subcarriers in a slot can be written

as

Yq= Z diag(sy)Har, + 24, (3.6)

k=1

where s, is the symbol vector of the k-th user, Hq 4 is the vector of the subchannel
gains specified by d, and zq is the AWGN vector.

3.2.2 Activity Detection and CSI Estimation

At the receiver side, we first employ a compressed sensing-based joint activity
detection and CSI estimation algorithm to obtain the channel taps of the ac-
tive users along with the selected signatures. Note that estimating the channel
coefficients on the pilot subcarriers and obtaining the remaining ones by linear
interpolation is also possible; however, its performance would be inferior due to
the multiuser interference. An example of the subchannel gains in the frequency

domain due to the multipath channel is depicted in Figure 3.2.

We estimate the channel taps of the users from the most significant to the
least significant one by employing an OMP-type solution which is similar to the
one used in [68]. For this purpose, we first extend the pilot codebook by tak-
ing an elementwise multiplication of each pilot signature by the columns of the
submatrix Fp 1.7 to get an observation matrix A, = [A;, Ay, ..., AL], where

Al = [a1 ® F[p,1]7 A ® F[p’”, <oy A, ® F[p,l}]'

We then perform a joint iterative estimation of the selected pilot sequences
and multipath channel vectors in the time domain. At each iteration, we first

multiply the observation matrix with the residual pilot signal as in [68]
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Figure 3.2: Frequency domain subchannel gain magnitudes of the multipath chan-
nels of three different users with 3 time-domain channel taps.

R = ‘Apr(j)

) (3-7)

to obtain an M L x 1 vector R where |x| denotes the elementwise absolute values
of the vector x, and Yp(j) denotes the residual signal at the j-th step which is
initialized as Yp," = Y,. Then, the index of the maximum element of R, I,
gives the selected signature and delay of the most significant tap. Namely, the
index of the pilot signature estimate can be obtained as a; = I; mod M, and the
delay estimate becomes d; = [I,/M,], where mod and [.] denote the modulo
and ceiling operations. Adding I; to the set of detected indices I , the estimates

of path gains of the channel taps at the j-th step are obtained as

~

h; = ((Ax)[;,f])+Ypa (3.8)

where (A;); ; denotes the set of collections of columns of A, in I and A™ is
the pseudo-inverse of A. We then subtract the effect of the current set from the

residual as

~

YU =Y, — (AL by, (3.9)
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and continue the iterations until min is the cardinality of

vie| 1|

ﬁ](z)‘ < § where ‘f

the set I as the receiver does not know the actual number of taps and ¢ is a
threshold on the absolute values of the channel taps. We then collect the channel
taps corresponding to the same signature to obtain the channel vectors of the
users in time-domain, and use their DFT in the decoding algorithm which is

described in the next subsection.

3.2.3 TIN-SIC Decoding Algorithm

We adopt the TIN-SIC coupled with a polar successive cancellation list decoder
(SCLD) with CRC as the decoding approach. This scheme is particularly suitable
for fading scenarios as it allows the receiver to decode the messages of users with
higher Euclidean-norm channel vectors, subtract their effects and decode the

remaining users in subsequent iterations.

In order to decode the message of a particular user for a given slot, we first
eliminate the multipath fading effect using the CSI estimate of the users. Let
H denote the channel vector estimate of the user to be decoded and Y4 be
the received signal at the data locations in the frequency domain, then the [-th

element of the received signal of the data part can be written as
Yi=His' + > Hhysi+ 7', (3.10)
=2

where H, é,i is the estimate of the [-th channel coefficient of the data part of the
channel vector of the i-th user in the frequency domain and s! is the I-th element
of the symbol vector of the i-th user. Rewriting H, = ‘ﬁé’eﬂg}i, de-phasing Y}

with e74Ha and taking the real part, (3.10) becomes

Yg= ‘ﬁé‘sl + Z ‘fféz cos(lﬁévi — 4ﬁé>s§ + 7' (3.11)
i=2
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We can then compute the log-likelihood ratio (LLR) of s' by treating the
interference as noise. Once the LLRs are calculated, a single-user polar decoder
is employed. If the decoded sequence satisfies the CRC check, we conclude that it
is successfully decoded and add it to the output list D@. At the end of a decoding
attempt, the effect of the transmitted signals of the successfully decoded users

are subtracted from the received signal as follows

YUt — vy _ Z H, © Xy, (3.12)
keDw)

where Xk is the re-constructed transmitted signal of the k-th user, ICI;C is the DFT
of the channel vector estimate of the k-th user, and Y is the residual signal in
the j-th decoding attempt. We set Y = Y. The decoding attempts continue
until there is no improvement between two consecutive attempts or the maximum
number of iterations n., is reached. A pseudo-code of the receiver operation is

provided in Algorithm 1.

3.2.4 Complexity Analysis

We can assess computational complexity of the proposed scheme by computing
the average number of multiplications for decoding of messages of active users
in each slot. The complexity of the joint activity detection and CSI estimation
algorithm is dominated by the correlation step in Eq. (3.7), with a complexity of
O(M;Ln,). The complexity of single-user polar decoding is O(rnpng logng) and
D) n1>.
Therefore, the overall complexity of the proposed scheme is O(M,Ln,), as it is

the elementwise multiplication in Eq. (3.12) has a complexity of O <

dominated by the complexity of the correlation step of the joint activity detection

and CSI estimation method.
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Algorithm 1 Receiver operation of the proposed scheme.

1: Input: Y,, Y4, Ay, 0, Nmax

2: Joint activity detection and CSI estimation:

3: Imitialize [ = ()

4: for j=1,2,... do

5 R= ‘Apr(j)‘.

6: Set the index of the maximum element of R to I; and add it to I.
7 hy=((Ay) )Y,

8: If the termination condition is satisfied, go Step 11.

9:  Otherwise, Y U™ =Y, — (A,), ;jh;

10: end for

11: Collect the channel taps corresponding to the same signature to obtain the
channel vectors.

12: TIN-SIC Decoding:

13: for j =1,2,...nypay do

14: Compute the LLRs by TIN.

15: Decode the users one-by-one.
16 if [DY) =0 then

17: Terminate the algorithm.
18: end if

19: Perform SIC by (3.12).

20: end for

21: Output: List of messages

3.3 Comparison with Grant-Based FDMA

In order to assess the performance of the proposed URA scheme, we compare
it with that of a grant-based FDMA approach. In the grant-based mechanism,
a prior handshaking process is performed between the users and the BS, which
enables the assignment of fixed transmission resources for each user. This kind
of mechanism is not feasible for massive random access since it would lead to
an excessive delay and signaling overhead, which may motivate grant-free ran-
dom access such as the one in [69]. In the grant-based FDMA, the subcarriers
are divided into non-overlapping channels and each user transmits its data in its
dedicated set of subcarriers through proper user scheduling. Despite being infea-
sible for unsourced MAC, we employ the grant-based FDMA for comparison as

it represents the best-case scenario.
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We implement the FDMA scheme by dividing the available number of sub-
channels to the number of active users and utilizing a practical channel code

matching the slot length. That is, in each slot, we consider

Y=HoX+7Z, (3.13)

where H = [Hy, Hy, ..., H,,] is the channel vector with n; being the number of
channel resources in each slot, X is the transmitted signal, and Z is the Gaussian
noise. Conditioned on the channel gains (i.e., the gains of different subchannels
in our set-up), using the formulation for parallel Gaussian channels, the codeword
error probability for a given information rate using normal approximation is given

by

C—-R
P.~Q (\/W) (3.14)

where R is the code rate, C is the channel capacity, V' is the channel dispersion, P,
is the block error rate and n. is the code blocklength [70]. The channel capacity

and dispersion for parallel AWGN channels are given in [71] as follows

1 & Pk Pk+2 2
— =S Jog(1+ o), e), 3.15
m; g(1+ pr) n1zl (e +1)2 g (e) (3.15)

where pp = p|Hg|? and p = % Clearly, the codeword error probability will be
different for different realizations of the channel. To determine the block error
probability as a function of the transmission rate, we average this quantity over

the channel realizations. That is, we compute

Pe,avg ~ EH

(3.16)

C—R
VV/ne
where the expectation is taken over the random channel taps in time-domain.

We evaluate this expectation through Monte Carlo simulations by generating
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many realizations of the channel taps according to the multipath fading statistics,
determining the corresponding subchannel gains in the frequency domain, and

taking the average of the resulting block error probability realizations.

3.4 Numerical Results

To exemplify the proposed URA scheme over frequency-selective channels, we
consider a transmission bandwidth of 10 MHz and assume that the multipath
delay spread is 2 us [72]. We employ a CP length of 2 us to make sure that there
is no ISI between the OFDM words of consecutive slots. We choose n = 30000
and B = 100 as in [2]. We consider two scenarios: (i) all the users’ channels
have two taps; (ii) the number of channel taps is taken uniformly and randomly
between 2 and 5. We consider a slot length of 66 us for scenario (i) and 78.8 us
for scenario (ii), corresponding to 640 and 768 subchannels in frequency domain,
respectively. We take M, = 29 utilize a polar code with a length of 512, and set
the list size to 128 and the CRC length to 11. The path gains are distributed as
h; ~ CN(0,1/K), and the channel taps are located randomly between 0 and L

(in terms of the time-domain samples).

We run the CSI estimation algorithm for both scenarios (i) and (ii) with
0 = 0.23, selected to minimize the probability of missing channel taps without
substantially increasing the complexity. Figure 3.3 demonstrates that doubling
the pilot length improves the MSE by up to 8 dB for scenario (i) and up to 10
dB for scenario (ii). Based on this result, for the rest of the examples, we take
n, = 128 for scenario (i) and n, = 256 for scenario (ii) for channel estimation as
they provide a good CSI estimation performance with an acceptable amount of

overhead.

We measure the energy efficiency of the proposed scheme by the minimum
required energy to serve K, active users with a target PUPE of 0.1. We assume
that the decoder tries to resolve simultaneous transmissions in a slot regardless

of the number of them, and we compare the performance of the proposed scheme
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Figure 3.3: The MSE performance of the channel estimation algorithm for differ-
ent pilot lengths.

with that of the grant-based FDMA and its performance limits. For FDMA, the
polar code length and modulation are chosen based on the number of available

subcarriers for each user.

The results in Figure 3.4 and Figure 3.5 illustrate that the proposed unsourced
MAC with TIN-SIC utilizing the polar codes offers a competitive performance
with the grant-based FDMA for the perfect CSI case in both scenarios, even
though there is coordination among the users in the latter. While the grant-
based FDMA is infeasible for URA, we use it for comparison purposes since there
is no other URA scheme over frequency-selective channels for direct comparison.
The performance gap with the ultimate performance offered by FDMA varies
between 2-6 dB for both scenarios. For instance, for K, = 250, the difference
between the unsourced MAC performance and the ultimate limit of FDMA is only
around 2 dB. We also study the performance of LDPC codes, and observe that
polar codes outperform them by 2-6 dB in scenario (i), and 2-8 dB in scenario
(ii). The results also show that with practical CSI estimation at the receiver, the
extra required energy is about 2 dB or less for K, < 200 for scenario (i), and 2-3

dB for scenario (ii).
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Figure 3.5: Minimum required Ej/Ny for ¢ < 0.1, n = 30000, B = 100 with
different schemes for scenario (ii).
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3.5 Chapter Summary

We study URA over frequency-selective channels and propose to employ OFDM
to overcome the deleterious effects of multipath fading. The receiver utilizes a
compressed sensing-based joint activity detection and CSI estimation method
which exploits the sparsity of the multipath channel followed by TIN-SIC, and
polar coding is employed for channel coding. Our results demonstrate that the
performance of the proposed scheme with TIN-SIC is highly competitive even
with that of the grant-based FDMA, which requires coordination.
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Chapter 4

Unsourced Random Access with
a Massive MIMO Receiver

In this chapter, we consider URA over quasi-static Rayleigh fading channels,
and develop a low complexity and high performing solution based on slotted
transmissions to reduce the multiuser interference, called slotted non-orthogonal
pilot-based unsourced random access (SNOP-URA). We employ generalized or-
thogonal matching pursuit (gOMP) [73] for AD assuming a massive number of
antennas at the BS. The slot length is smaller than the channel coherence time.
Each user transmits a pilot sequence from a common non-orthogonal codebook
followed by its polar encoded and modulated codeword. At the receiver, we first
detect the active pilots by gOMP, and then estimate the channel vectors by em-
ploying LMMSE in each slot. Next, we perform iterative decoding by estimating
the user symbols with MRC, passing these estimates to a polar decoder, and
subtracting the effects of the successfully decoded messages by SIC. Note that
in the SIC step, instead of using the initially estimated channel vectors, we re-
estimate the channel vectors for the successfully decoded users employing both
the pilots and the decisions on data bits by an LMMSE filter, and use the newly
estimated channel vectors for SIC. We also characterize the performance of the
proposed scheme analytically using normal approximations and provide a detailed

complexity analysis. Numerical examples demonstrate that our newly proposed
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scheme either outperforms the existing works or offers a competitive performance
with a lower complexity. Besides, it is suitable for fast fading scenarios due to its

excellent performance in the short blocklength regime.

The rest of the chapter is organized as follows. We describe the system model
in Section 4.1, and the proposed scheme in Section 4.2. We present a performance
analysis in Section 4.3, a set of numerical results in Section 4.4, and conclude the

chapter in Section 4.5.

4.1 System Model

We consider a massive random access scheme where K, out of K;, active users
(K, < Kio) transmit B bits of information over a quasi-static fading channel
to a common BS equipped with M antennas. We assume that K, is not known
at the receiver. We divide the length-n channel frame into V slots of length L,
and assume that the channel vectors of the users remain constant over each slot.
Each user transmits its signal in a randomly selected slot. Then, the received

signal in the s-th slot can be written as

Y= x(mph +Z,, (4.1)
keKs

where Y, € CI*M | IC, is the set of active users transmitting in the s-th slot, my,
is the message of the k-th user, x(my) € CE*! is the transmitted signal of the

CY*M ig the channel vector of

k-th user corresponding to the message my, hy €
the k-th user with independent and identically distributed (i.i.d.) elements hy ;
with zero mean and unit variance, i.e., hy; ~ CN(0,1), and Z; is the circularly
symmetric complex AWGN with i.i.d. zero mean elements with variance Nj.

Assuming that the elements of x(my) have an average power of P, we have

B _ LP w2
Ny BNy’ '
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where FE), is the energy-per-bit. The receiver produces a list of the decoded

messages L. Let nmq = Y lym,¢c)y be the number of misdetections and
kekq
ng = |L£\ {my : k € K, }| be the number of false alarms, where I, is the set

of active users, |.| denotes the cardinality of a set and 1 is the indicator func-
tion. Then, the misdetection probability P,4 and the false alarm probability P,

are defined as

(4.3)

Eltwal p, _g["e]

2]

where |L| = K, — nya + N is the size of the output list £. The PUPE of the
system P, is defined as the sum of misdetection and false alarm probabilities,
i.e., P, = Pynq + Pu. Our objective is to design a URA scheme minimizing the
required ﬁ—g with P, < e, where € is the target PUPE of the system.

4.2 Proposed Scheme

4.2.1 Encoding

We first divide the transmission slot into pilot and data parts of lengths n, and nq,
respectively. In the pilot phase, each user picks one of the non-orthogonal pilot
signatures from a common codebook A € C™*¥ based on the first J message
bits m,, with the corresponding pilot index b(m,), where N = 27 > K,. The
columns of A are normalized as ||A;||> = n,P,, where P, is the average symbol
power of the pilot sequence. The received signal of the pilot part in the s-th slot

can be written as
Y, =AH+7Z,,, (4.4)

where Y, € C"*M corresponds to the first n, rows of Y, A, € C»*Ks s

a submatrix of A including the selected pilot sequences in its columns, H =
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Figure 4.1: Encoding process of the proposed scheme for a user.

[hi,h], ... h} |7 € CF*M is the channel matrix including channel vectors of
the users transmitting in the s-th slot, K is the number of transmitting users in
the s-th slot, and Z,, is the first n, rows of Z;.

The remaining B — J message bits m, are encoded using a (2ng, B — J + 1)
polar code and modulated using quadrature phase shift keying (QPSK), where r
is the number of cyclic redundancy check (CRC) bits. Then, the received signal

of the data part in the s-th slot can be written as follows:

Y.i= Z sihy +Z, 4, (4.5)
keKs

where Y, 4 € Cra*M corresponds to the last ng rows of Yy, s, is the ng x 1 vector
with elements in {\/P;/2(£14 7)} denoting the transmitted symbols of the k-th
user, P, is the average symbol power of the data part, and Zg; is the last ng rows
of Zs;. The encoding process is depicted in Figure 4.1, where the user index is

dropped for ease of presentation.
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4.2.2 Activity Detection and Decoding

At the receiver side, we perform an iterative decoding by first detecting the set of
the selected pilot sequences Z and estimating the corresponding channel vectors
followed by the decoding of the data part in each slot, and SIC at the end of each
iteration. In the following, we explain these processes in detail. Note that we

drop the slot index s for the rest of the subsection to simplify the notation.

We first need to detect the selected pilots in each slot, which is an activity
detection problem to identify the selected columns of A. Since K, < N, this
problem can be regarded as a compressed sensing problem with A as the mea-
surement matrix. We propose to employ the gOMP algorithm [73] to solve this
problem, which is a lower complexity generalization of orthogonal matching pur-
suit (OMP) [74]. OMP is a greedy iterative algorithm to solve sparse recovery
problems. The OMP algorithm selects the column of the measurement matrix
having the maximum correlation with the current residual signal at each itera-
tion and adds its index to the output list. On the other hand, in gOMP, multiple

indices can be added to the list of the detected indices at each iteration.

In order to implement the gOMP algorithm, we first calculate the correlation
between the columns of A and the current residual of the received pilot signal at

each iteration as follows:
RO = AFY(, (4.6)

where R ¢ CV*M | and Yf,t) is the residual of received pilot signal at the t-
th gOMP iteration. We initialize YI(DO) = Y,, then, we calculate the Euclidean
norm of each row of R® to obtain an N x 1 vector R((;t), where we exploit receive
(antenna) diversity. We then take the igyp = {(% +A)/ TLOMP—‘ largest elements

of Rgt), where K, is the estimate of the total number of active users, % is the
estimated average active user load in a slot, A is an integer which may be taken
sufficiently high (e.g., half of the estimated average active user load) to make

the probability of undercounting the number of the transmitting users in the slot
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negligible, and noyp is the number of gOMP iterations. Using the result in [30],

we estimate the total number of active users as follows

M 2
- 1 Y sill” — LN
K,=— ’ , 4.7
M Z - \‘ in +71de ( )
where Y, ; is the received signal of the i-th receive antenna in the s-th slot.

We then add the selected indices to the set of detected signature indices 7 and
subtract their effect from the residual as follows (unless the termination condition

is satisfied as explained later):

Y =Y, — As (AT Az + NoI|f<t)‘)_1A§<t>Ypa (4.8)
where A;() denotes the submatrix of A obtained by retaining the columns in
Z®, which is the set of detected signatures after the t-th gOMP iteration. In
this approach, setting ionp to a high value by taking a large A may lead to a
high number of overcounts. In order to reduce them, we check the [1-norm of
each row of (Alg(i)Aim + NOI|i(t>|)—1Ag(t)Y](f) at each iteration, and terminate
the gOMP iterations if minimum of them divided by the vector length becomes
less than a threshold § to obtain the finalized set of detected signature indices
Z. Our extensive simulations show that setting 0 to a proper value according to
the active user load while taking A sufficiently high gives an accurate estimate
of the number of active users in each slot, however, one can set § to a very
low value to minimize the misdetections without empirical simulations with a
slight increase in complexity. Note that even if the users are overcounted, the
corresponding decoded message in the data part is unlikely to satisfy the CRC
check, which ensures that false alarms will not be a problem, while undercounting
the users will lead to a significant number of misdetections. Also, note that we
have changed the least squares (LS) criterion in the conventional OMP to MMSE
in (4.8) to improve its performance. Note also that the AD can be performed
at each decoding iteration, however, our extensive simulations demonstrate that
this approach provides only a slight performance improvement while increasing

the complexity.
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Once the set of the detected indices is available, the matrix of the channel

vectors of the active users can be estimated via LMMSE as
H=(AYA; + NIz ) 'AIY D), (4.9)

where Y,()j) is the received pilot signal at the j-th decoding iteration which is
initialized as Yf,o) =Y, and K, is the cardinality of the (estimated) active user
set Z.

The decoding of the data part is done by first performing MRC to separate
the users, and then passing the symbol estimates to a single-user polar decoder.

So, the symbol estimates of the k-th user are obtained as follows
8 = YVh! (4.10)

where ng ) is the data part of the received signal at the j-th decoding iteration,
and hy, is the channel vector estimate of the k-th user, which is the k-th row
of H. We extract the bit-wise log-likelihood ratio (LLR) values f3, from the
complex symbol estimate §; by treating it as the output of a virtual single-
user channel with a signal-to-noise ratio (SNR) that is equal to the effective
signal-to-interference-plus-noise ratio (SINR) of the k-th user, which can be well

approximated by the following result.

Theorem 4. The SINR corresponding to the k-th user at the input of the polar

decoder in the first iteration ;. can be approximated as

where &i* = [0, HY AZC3' Az |* + No||hy|)*||C5 Az |,
¢ = HHHAgCEflAIkHQ + MNOHC;AIkHz’ and Cp = AzAZ + NolL,,.
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Proof. Plugging (4.5) into (4.10), the symbol vector estimate of the k-th user at
the output of MRC can be written as follows

K,
1=1i#k

where the first term is the desired signal, the second term is the multiuser in-
terference, and the last one is the noise term. Then, the power of each term in

(4.12) can be calculated as follows

Py = nid]E (sehyhf)syhy ! | = Py ot
1 Ks Ks R H R K ‘
P=- Z;;E {(sihihij[) sjhjth} — Pd; A
itk Ak itk
Py = nidE B2 7| = Ny

where ¢/ = E [ﬁkhf{hzflﬂ, & = E |hyh|, and P}, P}, and P}, are the pow-
ers of the desired signal, multiuser inﬁerference, and Gaussian noise after MRC,

respectively.

In order to calculate ci’k, we first need the following lemma.

Lemma 1. Letting Q be an N x M random matriz with i.i.d. zero mean en-
tries with variance 03, and B be an arbitrary matriz, we have E [QH BQ} =
or Tr{B}1,;.
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Proof. Letting G = E [Q”BQ)], we have
Gi; =E[(Q")i)B(Q)(.)

Z Z qerrsqs,j
s

T

=E

)
S E[lgi*] B,y ifi=j
=7 (4.13)

0, otherwise
\

\
S 0B, ifi=j

\O, otherwise
|
Using Lemma 1, cil’k and c§ can be obtained as
" =E [(AZ CZ (ArH+ Z,))hfh; (HP AL + 211\ C Ll A7)

— [nHPAY CH AL, |” + No|hy 2] Chl Az |, (4.14)
& —E[(ALC; (AZH+Z,))(H'AY + 2/)C5'Az)]  (4.15)

_ 2 _ 2

= |[H"AZCL'Az||" + MNo||CE Az ||,
where Cp = AIAg + NolL,,. This concludes the proof. [ |

Note that the SINR approximation in (4.11) depends on the actual channel
vectors, however, they are replaced with their estimates in the LLR calculation
since they are not available at the receiver. We then feed the calculated LLR
values to a single-user polar decoder, and if the decoded sequence satisfies the
CRC check, it is assumed as successfully decoded and is added to the output list
D. Once this step is completed, we know the successfully decoded messages and
the corresponding pilot signatures as well as the channel vector estimates. Then,
we can re-encode and modulate the successfully decoded messages to obtain the
actual QPSK symbols unless the decoded signal is a false alarm, and construct

the estimate of the transmitted signal of the k-th user in the output list as follows:
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Figure 4.2: Decoding process of the proposed scheme (SNOP-URA) in a slot.
T
Ry = [Agk s;T] , (4.16)

where Az is the estimated pilot signature, and sj, is the re-constructed transmit-
ted symbol for the k-th user.

Ignoring the interference of the non-decoded users, the channel vectors cor-
responding to the successfully decoded messages using an LMMSE filter can be

re-estimated as
Hsic = (X2X5 + N01|75‘)-1ng<j>, (4.17)

where Xﬁ is the matrix of the re-constructed transmitted signals for the success-
fully decoded user messages and Y is the residual received signal at the j-th

iteration. Using these re-estimated channel vectors, we perform SIC as
YU = vO) - X Hge. (4.18)

At this point, one full iteration is complete. To proceed, we pass the residual
signals to the decoder and start another iteration, and continue this process until
there is no improvement between two consecutive iterations, i.e., when no message
satisfies the CRC check in the current iteration, or the maximum number of
iterations is reached. An illustration of the decoding process in a slot is depicted in
Figure 4.2, and a pseudo-code for the receiver operation is provided in Algorithm

1, where ny.y is the maximum number of decoding iterations.
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Algorithm 2 Receiver operation of the proposed scheme (SNOP-URA)

1:
2:
3:
4:
5:

6
7
8:
9: Channel estimation and decoding:
10:

11:

12:
13:
14:
15:
16:
17:
18:

19:
20:
21:
22:
23:
24:
25:
26:
27:

Input: Y,, Y4, A, 0, A, pax, Nomp
gOMP activity detection algorithm:
fort=1,2,.. . noup do

R® = AHYY.

Calculate the Euclidean norm of each row of R® to get C® take the
loMp = ((% + A)/TLOMP—‘ maximum elements of C® and add them to the
set 7.

If the termination condition is satisfied, go to Step 10.

Otherwise, Y™ =Y, — Az (AL, Az + NoIjzo) AL, Y,

end for

for j =1,2,...nya. do
Initialize D = @ , and set K, = ‘f‘

Estimate the channel matrix H using (4.9).
for i = 1,2,...,f(s do
MRC: Estimate §; by (4.10).
LLR extraction 4 polar decoding — my
If CRC check is satisfied, D = D U
end for
if [D] = 0 then
Terminate the algorithm.
end if
SIC:
for k in D do
Re-encode and modulate my, — sj,
end for
Re-estimation and interference cancellation by (4.17) and (4.18)
end for
Output: List of messages
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4.3 Performance Analysis

4.3.1 Error Probability

In this subsection, we present an approximate expression for the error probability
of the proposed scheme in the finite blocklength (FBL) regime. We consider the
operation in a single slot since the slot operations are identical and independent.
In order to simplify the analysis, we assume that the active pilot sequences are
detected without error, i.e., Z = Z. This is justified based on our extensive
simulations since the error probability of AD is much less than the target PUPE
for the considered set of parameters. Moreover, we calculate the approximate
error probability due to the collisions in Sec. 4.3.2 and subtract it from the
target PUPE in order to characterize the performance of the proposed scheme

more precisely.

In order to characterize the error probability analytically, we first calculate the
effective signal-to-interference-plus-noise ratio (SINR) for each user at the output
of MRC as the users are separated at this step. Then, symbol estimates of the
users become outputs of a virtual single-user channel with an SNR equal to their
effective SINR by treating the multiuser interference as Gaussian due to the high
number of interfering terms. Therefore, the finite blocklength analysis based on

normal approximations can be applied.

Assuming that the user channel vectors are perfectly known, the symbol esti-

mate of the k-th user at the output of MRC can be written as

K
S =sghyhf’ + > shyhy’ + Zgh)!
i=1,i%k

K
= ||y ||*sy. + Z sihhy! + Zshy, (4.19)
i=1,ik
where the first term is the desired signal, the second term is the multiuser inter-
ference, and the last one is the noise term. Then, the SINR of the k-th user at
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the output of maximal ratio combiner, i.e., the input of the polar decoder, in the

first iteration 74 can be calculated as

Ps

A 4.20

Ve =

where Pg is the power of the desired signal, P; is the power of the multiuser
interference, and Py is the power of the Gaussian noise after MRC. Assuming
that for ng — oo, the transmitted polar codewords consist of uncorrelated and
equally likely QPSK symbols, i.e., E [sksk } P,L,, Vk € K, and that the polar
codewords of the two different users are uncorrelated under the assumption that

the user messages are independent, each term in (4.20) can be calculated as

1
Ps = —E [(syhyh) s hyhf| = Py [|hy ||, (4.21)

plzi Z Z [(sihihf?)" ;11|

i=1,i#k j=1,j#k

S
&

K
=P Y |nhf (4.22)
i=1,i#k
1
Py = —E [WZ]Zh!] = Ny ||hy|, (4.23)

Ng

where the expectation is taken over the transmitted symbols and the noise.
Strictly speaking, the assumption of uncorrelated QPSK symbols is not accurate

for coded systems, however, it is useful to obtain a good SINR approximation.

For a channel code with blocklength n., the approximate achievable rate for an

error probability of p. on an AWGN channel is given by the normal approximation
[27]

‘/dis

(¢

R~C — Q ' (pe), (4.24)

where @Q(.) is the standard Q-function, R is the code rate, C is the channel

capacity, and Vs is the channel dispersion. It is also known that a quasi-static
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channel is conditionally ergodic given the channel gain [75]. Therefore, for a
given set of channel coefficients (h;’s), the SINR can be treated as known and

the channel capacity and dispersion can be calculated as

% e t2

1
C= élogQ(l + %), Vais = log3(e). (4.25)

2 (p+1)2

Using channel capacity and dispersion in (4.25), the block error probability

conditioned on the channel gains for a given code rate can be calculated as

C-R
Pe = Q) (W) : (4.26)

Therefore, to determine the average error probability across all the users, we

average this quantity over the channel realizations and obtain

pe,avg ~ IEH 5 (427)

Q(C—R)
V V;iis/nc

where the expectation is taken over the randomness of the channel coefficients.
We can evaluate this expectation through Monte Carlo simulations to obtain the

required input power to obtain a target PUPE.

4.3.2 Collisions

In this subsection, a brief analysis of the effects of the pilot collisions on the system
performance is provided. In URA, it is impossible to assign fixed pilot sequences
to the users due to their massive numbers. Therefore, when the pilot bits of
multiple users are the same, they pick the same pilot sequence, and a collision
happens. The operations in the slots are identical yet independent, hence, we can
consider the collision probability in one slot. Note that this is analogous to the

generalization of the birthday problem where the number of days is the number
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of pilot sequences and the number of users is the number of people. Therefore,

we can calculate the probability of a collision as follows

Py—1- KI‘f (1 _ %) | (4.28)

In order to obtain the effect of the pilot collisions on the system performance
we need to calculate the number of users in a collision. For this purpose, first
of all, the probability of a specific user being in a collision can be calculated as

follows
N—1\%""
P,=1- <—> ) (4.29)

Then, the expected number of users in a collision for a given K can be obtained

as

E[S|K,] = K, (1 _ (%) KS_1> | (4.30)

Note that K, is a random variable with a Binomial distribution as it models the
number of successes in K, independent experiments with probability % Using

this fact, the expected number of users in a collision is given by

w= 35 (- (5 ) () () (5T

We know that the first-order approximation (1+x)™ &~ 14nz is tight when r <

1. In addition, in the massive random access, since K, is large, it is reasonable

to assume that K has a normal distribution with mean % and variance %%,
ie, Ky ~ N (%, w> when % is not too small [77]. Therefore, using the

first order approximation for (4.30), the expected number of users in a collision

for a given K can be approximated as
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K, (K, — 1)

E[S| K] ~ === (4.32)

Then, the expected number of users in collision can be approximated as

E[K) -EK] K:-K,
N V2N

E[S] ~ (4.33)

As an example, for K, = 500, V =4 and N = 2!3 (13 pilot bits), the expected
number of users involved in a collision is about 1.90, which leads to an error
probability of 0.0152 if none of the users involved in the collision can be recovered.
On the other hand, if a suitably designed polar code of rate less than % is used
over a Gaussian MAC, then both of the colliding users may be recovered [38].
For our case, if the channel vector of one of the two users has a considerably
higher Euclidean norm, that user will be recovered with a high probability. So,
if we assume that one of the colliding users is non-decodable, the overall error

probability becomes 0.0076.

Note that (4.33) is a decreasing function of V', hence the collision probability
can be decreased by increasing V' for a fixed number of pilot sequences; however,
it also decreases the packet lengths which can degrade the system performance.
There is also a trade-off between the number of pilot sequences N and complexity,
i.e., increasing the number of pilot sequences decreases the collision probability

while increasing the system complexity.

4.3.3 Complexity

In this subsection, we provide a computational complexity analysis of the pro-
posed scheme considering the average number of multiplications in each slot. The
total complexity of the scheme can be calculated by summing this quantity over
V slots. The complexity of each iteration of gOMP is dictated by the correla-
tion step in (4.6), with a complexity of O(Nn,M), where O(.) is used for the
standard big-O notation. This can be further reduced to O(M N log N) by em-

ploying a sub-sampled DFT matrix as the pilot codebook and converting matrix
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multiplications in the gOMP algorithm to FFT operations [76]. The complex-
ity of LMMSE channel estimation is dominated by the complexity of the matrix
multiplication, which is O(([A(S(] ))an), where K is the number of remaining
users to be decoded in the j-th decoding iteration. The complexity of the matrix
multiplication in the MRC step is O(f(éj)M nq), and single-user decoding has a
complexity of O(f(ﬁj )nLnd logng). The complexity of the re-estimation of the
channel vectors for SIC is (’)(([A(S(Q)QL), where [A(S(J[E is the number of successfully
decoded users in the j-th decoding iteration. Therefore, by normalizing over the
decoding iterations, the per-iteration complexity of the proposed scheme becomes
(@] (%MN log N + (Kéj))znp + (IA(S(];)2L> This quantity is either dominated
by the complexity of the gOMP step, the LMMSE channel estimation process or
the re-estimation of the channel vectors for SIC, depending on the system param-
eters, where nge. is the number of decoding iterations. However, based on our
extensive simulations, in the first decoding iteration, K9 ~ % and K ig < %,
and in the last decoding iteration, K9 ~ 0. Assuming that the complexity of
the intermediate decoding iterations is in the same order as the first and last it-
erations, the complexity of SNOP-URA normalized over the decoding iterations

can be bounded as follows

LAY -
CSNOP—URA S O (nOMP MN logN + max ((7) np,maX(K§]§)2L>
J

Ndec

(4.34)

For comparison, the complexity of the scheme in [62] is dominated by the
energy detector which has a complexity of O(N (nqLss+n,)M) at each iteration,
where L, is the length of the employed spreading sequence. This complexity
is much higher than the complexity of the proposed scheme in this paper for

practical system parameters.
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4.4 Numerical Results

We now present a performance evaluation of the proposed URA scheme (SNOP-
URA). We choose n = 3200 for a fair comparison with the available results in
the literature, B = 100, J = 13, M = 50, ¢ = 0.05, and assume i.i.d. Rayleigh
fading channels unless otherwise specified. Our extensive simulations as well as
the approximate analytical results demonstrate that setting the number of slots
to 4 outperforms the other choices for a wide range of active user loads (as will
be clarified later). Therefore, we take the number of slots as 4 which corresponds
to a slot size of 800 and we take n, = 288 and ng = 512. We employ 5G polar
codes with a length of 1024, set the CRC length to 16, and employ successive
cancellation list decoding (SCLD) with a list size of 128. Furthermore, we use a

randomly sub-sampled DFT matrix of size N = 27 for the pilot codebook.

4.4.1 Activity Detection

We first examine the effect of the number of gOMP iterations on the performance
of AD for K, = 300 and 700. We also consider the case of standard OMP, where
the number of iterations is equal to the estimated number of users in the slot since
only one index is added to the output list at each iteration. This is denoted by K,
iter in Figure 4.3. Figure 4.3 shows that implementing gOMP with 4 iterations
offers competitive AD performance with the standard OMP while having a lower
complexity. With this observation, we take the number of gOMP iterations as 4

in the rest of the simulations.

We next evaluate the performance of gOMP with 4 iterations for different A
values with respect to the average active user load along with the case that the
number of active users in each slot is exactly known. The results in Figure 4.4
show that taking A as approximately 30% of the estimated average active user
load or higher leads to a good AD performance. Also, it performs even better
than knowing the exact number of users in the slots since some users with weak

channel vectors may not be in the list of detected users; however, they can be

o8



Misdetection probability of AD

*\
103 oWy
[ -~
- AN
—_— [, = 300, K iter. > N
- ® =K, =700, K, iter.
1074 b | ==K, = 300, 4 iter.
[ |= B =K, =700, 4 iter.
=—Q=— K, = 300, 1 iter.
- @ =K, =700, 1 iter.
10-5 1 1 1
-25 -24 -22 -21 -20

1 (dB)

Figure 4.3: Misdetection probability of gOMP for different number of iterations
for K, = 300, 700.
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Figure 4.4: Misdetection probability of activity detection with different A values
for K, = 300.
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Figure 4.5: Misdetection and overcount probabilities of gOMP with respect to §
for K, = 300, 700.

detected when the indices are selected with some overhead on the average active

user load. In the rest of the simulations, we set A = [03%1

We investigate the effect of the choice of threshold § in the gOMP algorithm
on the system performance by calculating the misdetection (undercount) and
overcount probabilities for K, = 300, 700, and % = —22 dB in Figure 4.5. The
results illustrate that taking the threshold as 0.53 for K, = 300 and 0.5 for
K, = 700 leads to a misdetection probability of 1073 or less while the overcount
is less than 10 % of the estimated active user load. Considering that these active
user loads are representative for low and high multiuser interference regimes, we

take 0 = 0.53 if K, < 400, and 6 = 0.5 otherwise, for the rest of the simulations.

4.4.2 Overall Performance

We assess the energy efficiency of SNOP-URA by calculating the minimum FE; /Ny
for an error probability of 0.05 in Figure 4.6, which demonstrates that the pro-
posed SNOP-URA outperforms the one referred to as multi stage. orth. pilot
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Figure 4.6: Required E,/N, versus number of active users of the proposed scheme
and the schemes in the literature for M = 50 and ¢ = 0.05.

[60] by up to 11 dB for a user load of K, < 1000. The proposed scheme is also
superior to the pilot-based non-slotted scheme developed in [59] by up to 11 dB
for K, < 800, and it outperforms FASURA by up to 3 dB for K, < 1000. Note
that we take J = 14 for K, > 800. For further comparison, we also calculate the
complexity orders of the proposed scheme and FASURA for different active user
loads using the parameters in Figure 4.6 with M = 50. As summarized in Table

4.1, the SNOP-URA provides a substantial complexity advantage.

Very recently, a scheme that adopts sparse Kronecker-product (SKP) coding
in [42] for the MIMO scenario is proposed in [63], for which the newly proposed
scheme has a better performance by 0.2 dB for K, = 100, a similar performance
for K, = 200, and it is superior to the proposed SNOP-URA by at most 0.3 dB
for 200 < K, < 800 as shown in Figure 4.6. However, the scheme in [63] has a
complexity of O(M K,n), which is dominated by the outer matrix factorization in
that work. This complexity is higher than that of the newly proposed SNOP-URA
scheme. For instance, for K, = 600, the number of the multiplications required
for the solution in [63] is 96 x 10°, while it is at most 34.6 x 10° for the SNOP-
URA, which amounts to a saving of more than 60 %. Furthermore, [63] considers
only the misdetections as an error metric, and there is no checking mechanism

for false alarms, namely, the corresponding performance may be slightly worsened
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Table 4.1: Comparison of the complexity orders (x10® multiplications)
| URAscheme — K,=300 K,=600 K,=0900 |

Prop. SNOP-URA 21.68 34.6 74.06
FASURA 10486 10486 10486

when considering both the misdetections and false alarms to calculate the PUPE.

In order to compare the performance of the proposed SNOP-URA scheme with
the ultimate limits, we consider the converse bound derived in a recent work [67,
Theorem 2|. We observe that our proposed scheme performs within 4.5 dB of
the converse bound for K, < 800 as shown in Figure 4.6, and the performance
gap is less than 3 dB for K, < 500. In addition, the performance gap of the
proposed scheme and the achievability bound in [67, Theorem 1] is less than 2
dB for K, < 1000. These aspects demonstrate that the proposed scheme not
only has a superior or competitive performance with the existing works but also
performs relatively close to the information-theoretic (achievability and converse)

bounds.

The performance advantage of the proposed SNOP-URA with respect to FA-
SURA demonstrates that slotting the transmission frame, combined with an opti-
mization over the number of slots can outperform spreading over the transmission
frame. In addition, we utilize an iterative gOMP algorithm for AD while FASURA
employs a correlation-based energy detector in a non-iterative fashion to detect
the spreading sequences. Moreover, we have more flexibility on the slot length
selection compared to the scheme in [60], since we utilize non-orthogonal pilots
rather than multiple stages of orthogonal ones. In other words, while offering
some advantages, the use of orthogonal pilots brings additional constraints on

the pilot lengths, hindering the optimization of the number of slots.

Let us also evaluate the performance of the proposed scheme for the short
blocklength regime by comparing it with the existing schemes operating in this
regime, i.e., for L ~ 200 and M = 100. The results in Figure 4.7 demonstrate
that the proposed scheme outperforms the schemes in [60], referred to as Multi.
stage. orth. pilot for K, < 600, and [55], referred to as Non-Bayesian AD
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Figure 4.7: Required E}/N, versus the number of active users for the short block-
length regime (L ~ 200) for e = 0.05.

for K, < 350, by up to 15 dB. In addition, the proposed SNOP-URA solution
supports an active user load of up to 900 in the short blocklength regime, while

the schemes in [55] and [60] can support up to 350 and 600 users, respectively.

We also investigate the effect of the correlation among the antennas on the
system performance. For this purpose, we multiply the received signal by a
correlation matrix C, € CM*M with elements C, (i, j) = /"~ where a < 1 is the
correlation constant. We evaluate the performance of our proposed scheme for
a = 0.1,0.25,0.4 and the parameters in Figure 4.6 with the assumption that the
receiver is not aware of the correlation. The results in Figure 4.8 illustrate that
the correlation among the antennas degrades the system performance by up to
0.5 dB for a = 0.1, 2.5 dB for a = 0.25 and 10 dB for a = 0.4 for K, < 700, on

the other hand, the solution is still effective for a wide range of active user loads.

Finally, we evaluate the performance of the proposed scheme for the case of
multiple but not massive number of antennas, namely, for M = 8. We compare
the performance of SNOP-URA to those of SKP coding [63] and FASURA [62]
for M = 8 and € = 0.1 in Figure 4.9, which demonstrates that the proposed
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Figure 4.8: Required E,/N, versus number of active users for different correlation
levels among the antennas for ¢ = 0.05.
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Figure 4.9: Required FEj/Ny versus the number of active users of the proposed
scheme and the state-of-the-art schemes in the literature for M = 8 and ¢ = 0.1.
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SNOP-URA outperforms FASURA for all active user loads by up to 3.5 dB and
SKP coding for K, > 200 by up to 1.5 dB.

4.4.3 Verification of Analytical Approximations

In this section, we verify the normal approximation based analytical results ob-
tained in Sec. 4.3. For this purpose, we first obtain the required input power

for a probability of error p. = € — p.. where p. . is the approximate error prob-
E
Fg
the obtained results in Sec. 4.3. We also calculate the f,—g using the SINR ap-

ability resulting from the collisions. Then, we calculate the required using
proximation in (4.11) which is referred as analytical, est. CSI to compare it with
the actual system performance taking the channel estimation errors into account.
Note that this SINR approximation is not rigorously related to FBL analysis and
we only use it as an approximation. For the simulation results, we do not take
into account the SIC step since we are interested in computing the SINR in the
first iteration. Figure 4.10 illustrates that the analysis accurately characterizes
the performance of the proposed scheme as the performance gap is less than 0.85
dB for the entire range of active user loads when M = 100, less than 1.5 dB
for K, < 600 for the estimated CSI, and less than 1.75 dB for K, < 700 when
M = 50. Also, one can observe that the analytical results become tighter with

increasing the number of receive antennas.

We also investigate the effect of the unequal distribution of the total power
to the pilot and data parts by sweeping over the ratio between P; and P, in
(4.11) and calculating the SINR for different numbers of slots and pilot lengths
for ng = 512 and M = 50. This setting is selected since it is a good representative
for the actual system performance and performing the actual system simulations
for each set of parameter is difficult. Figure 4.11 demonstrates that for the
considered set of parameters of our system, the data and pilot power can be the
same but an unequal power assignment can be beneficial for 5 slots and n, = 128
as the SINR is maximized when % = —4 dB. We verify this result in Figure 4.12
by calculating the required % for the same set of parameters. The results show
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Figure 4.11: SINR values for different sets of parameters with respect to power
distribution between pilot and data parts.
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Figure 4.13: Average number of users in a collision with respect to number of
active users for different number of pilot sequences and number of slots.
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that the minimum required %’3 is obtained when %Z = —4 dB for n, = 128, while
it is around % = 0 dB for the other two scenarios, i.e., assigning equal pilot
and data powers is optimal. Note that we consider a slightly higher transmission
frame for K, = 800 and 5 slots by taking n, = 188 since LMMSE estimation
works when n, > K,. Moreover, in order to check the accuracy of the collision
analysis expressions obtained in (4.31) and (4.33), the average number of users
involved in a collision is depicted in Figure 4.13, which clearly illustrates the

tightness of the derived approximate expression.

4.5 Chapter Summary

We consider unsourced random access over Rayleigh block fading channels where
the BS is equipped with a massive number of antennas. We propose a slotted
scheme called SNOP-URA to decrease the multiuser interference, and divide each
slot into pilot and data parts. After randomly selecting a slot, each user transmits
a pilot sequence from a non-orthogonal set in the pilot part and a polar encoded
and modulated signal in the data part. We employ a gOMP based algorithm for
activity detection, and an iterative algorithm with LMMSE channel estimation
and MRC-based polar decoding of data symbols at the receiver. At the end of
each iteration, we re-estimate the channel vectors and use these estimates for SIC.
We also provide a performance and complexity analysis, and examine the effect
of pilot collisions on the system performance. Our results demonstrate that the
proposed SNOP-URA solution offers superior performance to the state-of-the-art,
or has a competitive performance with a lower complexity. Note that since the
proposed scheme works well in the short blocklength regime as well, it may also

be suitable for fast fading scenarios.
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Chapter 5

Unsourced Random Access with

Hardware Impairments

In practical massive MIMO systems, the antenna elements may consist of inex-
pensive hardware which are particularly sensitive to impairments like I1/Q imbal-
ance, phase noise, and quantization errors, leading to new models with transceiver
hardware impairments. These impairments can be considered as an aggregate,
called residual hardware impairments (HWIs) [78, 79, 80]. Furthermore, since
the potential number of users in a URA system is in the order of millions, the
devices are likely to be very inexpensive, and hence HWIs are inevitable on the
user side as well. With this motivation, in this chapter, we study URA systems
with residual additive and multiplicative HWIs at both the user equipment (UE)
and the BS with a massive MIMO receiver. Specifically, we propose a URA so-
lution based on our work in the previous chapter by adopting it to the scenario
with HWIs. Namely, we employ a slotted transmission scheme, and divide each
slot into pilot and data parts. In the pilot part, each user selects a pilot sequence
that is randomly picked from a common non-orthogonal codebook based on part
of its message bits, and encodes the remaining bits by a polar code. At the re-
ceiver side, we adapt the receiver blocks to make them HWI-aware using the HWI
statistics. Our extensive results reveal that the URA schemes designed for the

case with no HWIs can still operate in the presence of HWIs albeit with some

69



performance penalty. On the other hand, the newly proposed HWI-aware decod-
ing scheme increases the energy efficiency while supporting more active users for

both cases of additive and multiplicative HWIs.

The rest of the chapter is organized as follows. We describe the system model
in Section 5.1, and the proposed coding scheme in Section 5.2. We then present
a set of numerical examples in Section 5.3, and conclude the chapter in Section
54.

5.1 System Model

We consider a massive random access set-up where K, out of K. users (K, <
Kiot) transmit B information bits to a BS equipped with M antennas through
a transmission frame of length-n. We divide the transmission frame into V slots
of length L and assume a quasi-static fading scenario, i.e., the channel vectors
remain constant over a slot. We consider additive and multiplicative residual

HWIs that are modeled as distortion noises at both the BS and the UE.

For the case of additive HWI, the received signal for the s-th slot at the BS

can be written as [7§]

Ys,a, = Z (X(mk) + "”th)hk + T’sBS + Zsu (51)
keKs

where Y, € CH*M K, is the set of active users transmitting in the s-th slot,
my, is the message of the k-th user, x(my) € CI*! is the transmitted signal,
h;, € C*M is the channel vector, Z, is the circularly symmetric complex addi-
tive white Gaussian noise (AWGN) with independent and identically distributed
(i.i.d.) zero-mean and variance Ny elements, i.e., Zs ~ CN (0, NoI). We assume
that the elements of x(my) have an average power of P, and the elements of hy,
are i.i.d. and modelled as hy; ~ CN(0,1). n/F € CF*! is the additive HWI

vector of the k-th user whose elements are 1y ” ~ CN(0, (kVF)?P), where xF
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is the proportionality coefficient of the additive HWI at the user side. Similarly,
nB% € CE*M models the hardware impairment at the BS in the s-th slot whose

rows follow CN (0, T55), where Y55 = (kB5)2P S diag(|hs.l’, . . ., |hr|?) with
ke
X, being the i-th row of X and xB9 is the proportionality coefficient of the ad-

ditive HWI at the base station.

The received signal in the s-th slot at the BS with multiplicative HWIs can be

written as follows [79]

Yom= > ((x(my)oc")hy) o CH +Z,, (5.2)
keKs

where Y, € CI*M © denotes elementwise multiplication, c{? € CL*! and
CB5 € CI*M are the multiplicative HWT vector of the k-th user and the multi-
plicative HWT at the BS in the s-th slot, respectively. The elements of c{¥ and
CPB% can be written as ae’® where a and ¢ are random variables with a given dis-
tribution. For instance, for the case that a has a log-normal and ¢ has a uniform
distribution, the natural logarithm of « is a normal random variable with mean
2, Le., a ~ Lognormal(yg®, (07 %)?) and ¢ ~ U(—¢L5, S

for HWI at the UE and o ~ Lognormal(u29, (65%)2?) and ¢ ~ U(—¢B5  ¢B3)
for HWI at the BS.

1 and variance o

Following the terminology in [59, 60, 4, 62], the PUPE of the system P, is
defined as the sum of the probability of misdetection P,q and the probability of

false alarm P, i.e., P, = Ppnq + Pr. Pagq and P, are given as

o[ 5 )
Poq = € “K , (5.3)

Pn=E { (5.4)

\L’\{mk . k‘ € K:a}‘:|
£] ’

where L is the list of the decoded messages produced by the receiver, K, is the
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set of active users, 1y.; is the indicator function, and |-| denotes the cardinality

of a set.

The energy efficiency of the system is measured in terms of the required ﬁ—g,

which can be written as

B _ LP 55)
Ny BNy’ '

where Fj is the energy-per-bit. The aim is to minimize the required ﬁ—g while

achieving a target PUPE of .

5.2 Proposed Scheme

5.2.1 Encoding

We divide the transmission slot into pilot and data parts with lengths of n, and
ng, respectively to encode the user messages in each slot. We assume that each
user picks a pilot sequence from a non-orthogonal pilot codebook A € Cr»*¥
based on the first J message bits m,, for the transmission in the pilot part, where
N =27, Each column of A is normalized to have a squared Euclidean norm n, P.
The pilot part of the received signal in the s-th slot for additive and multiplicative

HWIs can be written as

Yopa=(As+ i H+ 0l +Z,,, (5.6)
Y,pm= (A, 0CIOH)0 CIY 1+ Z,, (5.7)

respectively, where Y, , and Yy, € C"»*M are the pilot parts of the received
signal in the s-th slot with additive and multiplicative HWI, respectively, A is the

matrix with the selected pilots as its columns, H = [h{ , hi, ... hi |7 e CF*Mig
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the channel matrix consisting of user channels, K is the number of transmitting
users in the s-th slot, and Zj, is the first n, rows of Z,. nng € C*Ks ig the
first n, rows of the set of additive HWI vectors of the transmitting users in the
s-th slot, and 97 is the first n, rows of nP*. CYL is the first n, rows of the set
of the multiplicative HWI vectors of the transmitting users in the s-th slot and
Cfg is the multiplicative HWI at the BS affecting the pilot part of the received
signal in the s-th slot.

To encode the last B — J message bits m,, we add r cyclic redundancy check
(CRC) bits to m, and employ a polar code of length 2n, followed by quadrature
phase shift keying (QPSK) modulation. The data part of the received signal in
the s-th slot for the additive and multiplicative HWIs can be written as

Ys,d,a = (Ss + ng,f) H + 7’5&9 + Zs,da (58)
Y,am = ((Ss @ CUY)H) @ CEJ + Z, 4, (5.9)

respectively, where Y 44, Ysam € Cre*M corresponds to the last ng rows of Y.,
and Yy, respectively, S, € C"*Ks with elements in {\/P/2(£1 + j)} denotes
the matrix of the user symbols transmitting in the s-th slot, ngf € CraxKs and
nli € C"*M are the last ng rows of the set of additive HWT vectors of the
transmitting users in the s-th slot and 5% respectively, CSU’f € Cr*Ks and
CPJ € C"*M are the last ng rows of the set of the multiplicative HWT vectors of
the transmitting users in the s-th slot and CZ9, respectively, and Z, 4 is the last
ng rows of Z,. The encoding process is illustrated in Figure 5.1, where b(m,) is
the pilot index corresponding to m,, and the user index is dropped for the ease

of presentation.

5.2.2 TIterative Hardware Impairment Aware Decoding

We follow an iterative decoding approach at the receiver where we first recover

the set of selected pilot signatures Z and estimate the corresponding channel
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Figure 5.1: Encoding process of the user messages for the proposed scheme.

vectors followed by the decoding of the data part, accompanied by successive
interference cancellation to improve the performance. We have presented the
original version of this scheme with some slight differences for the case of no
hardware impairments in [4], which can also be used in the presence of hardware
impairments (as an HWI ignorant receiver). However, we can modify the receiver
blocks using the statistics of hardware impairments to improve the performance.
We explain these processes in detail in the following, where we drop the slot index

s to simplify the notation.

5.2.2.1 Activity Detection

The detection of the active pilot sequences is essentially a compressed sensing
problem as K, < N, where A is the sensing matrix. In order to solve this prob-
lem, we employ the gOMP algorithm [73], which is a generalization of orthogonal
matching pursuit (OMP) [74]. OMP is a greedy iterative algorithm that is used
to solve compressed sensing problems by finding the column of the sensing matrix

having the maximum correlation with the current residual signal, adding its index
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to the output list, and subtracting the effect of the detected column at each iter-
ation. On the other hand, gOMP allows for adding multiple indices to the output

list at each iteration rather than only one index, which reduces complexity.

To implement the gOMP algorithm, we first calculate the following correlation

in each iteration

R® = APY!)

D)

(5.10)

where R®) € CNV*M, Ygg is the residual received pilot signal with HWT at the ¢-th
gOMP iteration, ¢ € {a, m} where a is used for the additive HWI and m for the

multiplicative one, and ()H denotes the Hermitian operator. We set YI(DO) =Y,

We then calculate the Euclidean norm of each row of R® to obtain RY by

exploiting the receive (antenna) diversity, and take ioyp = ((% + A) /nOMp]

Ky
v

A is an integer parameter used to minimize the undercount probability, and

largest elements of Rgt), where is the average active user load in a slot. Here,
nowmp is the number of gOMP iterations. We add the selected indices to the list
of detected signatures Z, and subtract their effects using their projection on the
received pilot signal. We continue the iterations for noyp steps, then we perform
thresholding to decrease the number of overcounts. The details of this process

are similar to the algorithm used in [4].

5.2.2.2 Channel Estimation

We estimate the user channel vectors employing the detected pilot signatures via
a linear minimum mean square error (LMMSE) solution. For this purpose, for the
case of additive HWIs, given the received pilot signal Y, ,, taking the expectation
over the channel vectors, hardware impairments and noise, and using the fact
that the additive distortions due to the hardware impairments are independent
of each other and the AWGN term, the auto-covariance matrix Cy, and the

cross-covariance matrix Czy-, can be calculated as
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CHY,a = ]E[I:IYga]
= E[HH" (A + ") + (n)%)" + 2}))]
— B[R (A" + (/%)")
= MA",

(5.11)

Cv.a = E[Ypa Y]
= E[(A -+ PyAAT (AT + (n)2)1)]
+E [0 (n%)"] +E [Z,2,]
= M (AAY 1 ElnY" (n")") (5.12)
4 E [ BS) QPHHHQ} L, + MNoL,,
= M (AAT - (K, P((VF) 4 (k559)%) + No) I, ),
respectively, where A is the set of detected pilots, H is the set of channel vectors

corresponding to the detected signatures, and ||-|| » denotes the Frobenius norm.

Similarly, in order to estimate the channel vectors of the users for the case of
multiplicative HWIs, the cross-covariance and auto-covariance matrices of Y,

can be calculated as

H(Z}' + (%) o B ((C]")" © A™))]
BS (afS)Q

) (A ) oy (5.13)

UE\2,, BS\2
+
u?s-i-ugE-i-(% ) 2(% ) )

E[AfY AY)

UE\2 BS\2
+
e(ugs+ﬂgE+W)

Il
=
B>
&=

CY,m = E[Yp,mYzfm]
=E[(Ao CH) © CJF + Z,)(Z;] + (C*)"
o HT(C)H)" © AM)))]
=G+ MNoL,,,

(5.14)
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respectively, where exp (,uBS + (J °)” ) and exp (,ugE + @) are the mean of
the HWI at the BS and the UE 81des, respectively, and G is given as

G =E[AH o CZ5((CEHH o (A" AM))], (5.15)
where A = A ® CUP. Then, the ij-th element of G can be determined as

Gi;=E -(A(i,:)ﬁ) cly

p(is)

~E[(Bu, © Cli) ((Cf5)" © (o))

o BS7x * BS
=E E b““czrb]r 7”

(C5)" @ (ALL)]

(5.16)

S b | (e + 080 iti=

;E[b”b*}( BS)2 if i # j,

where B8 = ere HOZ 2 (gBS)2 = (e(0F°)  1)erETHET) X, i is the j-th
column of X and B = AH. The expectations in the last step of (16) can be

calculated as

= ZE [ldis | ] (5.17)

77



E [bi,b;, | = ElA G e B AL

(5.18)

where pdF = erd "H@?2 (GUEY2 — (o) _ 1)eud"+@")?)  The estimated

channel coeflicients can be calculated as
H, =W,Y,,, (5.19)

where H; is the set of the estimated channel vectors, and W; = Cgy Z-C;; is the
LMMSE matrix for the proposed scheme with additive or multiplicative HWIs
indicated by ¢ € {a,m}. Note that the process is given for the first iteration,
however, it can also be applied in the same way after changing Y,; with its
residual after SIC, and updating A by removing the pilot signatures corresponding

to the decoded users in the subsequent iterations.

5.2.2.3 User Separation and Polar Decoding

We decode the data part by first employing MRC/MMSE for user separation and
then utilizing a single-user polar decoder. Using MRC, the symbol estimates of

the k-th user can be produced as follows

8., = YV, (5.20)

) ,i

where Y((fl) is the data part of the received signal at the j-th decoding iteration,
and ﬁ;“ is the channel vector estimate of the k-th user, which is the k-th row of

A

H;.
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Alternatively, one can employ an MMSE estimator for the estimation of the
user symbols. In the case that the receiver does not aware of the HWIs, the

symbol estimates of the k-th user can be obtained as

N N, L
8 = YY) (HiHHiJrFOIM) hi,. (5.21)

In addition, the MMSE estimation can be modified to make it more robust
against HWIs using the HWI statistics. For this purpose, for the case of additive

HWIs, the objective function can be defined as follows:

e = E [llsi - 8l?]
=Eonz [stsk— st Yaa Wi — WY sk + WY Y0 W]
= Tr{Ru s} — 2Re{Es 7 [sf Yaua W]} + Eaz [WHY T, Y4, W]
=ngP —2Req E |st [ (s + 0+ (si + 0l )i+ 02 + Zoa | Wi| o+
iitk
Eon.z {w,fj (; ! (5 T (n,g{g)H) ()" zg{d) (; (50 + ) b+ %5 zs,d> wk]

(5.22)

Then, using the fact that the HWIs are independent of each other and the
AWGN term, we obtain

ex =ngP —E [(SkHSk + angg) h,W,] —E [thf(skHsk + (Ugg)HSk)} I
Esn,z [WI? (Z hl (i + (n;ﬂfﬁf)H)(s;c + n,ZdE)hk. + (nfg)H(nfg) + ndNOIJW) Wk]
k
= ngP — ngP hyWj, — ngP Wihj! (5.23)

+E[WI (ngP +n4(kYE)2PYHTH) + ng Y5 + ngNolns) Wy]
= ngP — ngP hy Wy, — ngP Wi'hi! + Tr{X; W, W'}

where we take expectation over the transmitted symbols, noise, and hardware
impairments, §; = Y4,Wj is the estimated symbol, W € CM*! is the separation
matrix for the k-th user, X; = WF ((ngP + na(k"?)2PYHPH) 4 ng Y25 + ngNoly),
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and we use the rotation of trace for the last term in the equation. Then, a closed
from for the separation matrix can be obtained by taking the derivative of g
with respect to Wy, to minimize ¢ as

vy

Wk = —ngPhl + XTW; = 0 — XI'W; = ngPhl (5.24)

Therefore, we obtain W = ngP(X?)"thi, hence Wy = nyP(X)~thH.

Similarly, for the case of multiplicative HWIs, the objective function of the

k-th user can be defined as

e = E[||sy — 8%
=Esez[(5t — YamWi) " (sk — YamWy)]
= Tr{Ry s} — 2Re{Esc (st Yam Wi} + Esc 2[W/ Yé{mYdyka]

}+
e |[WE ((S062 0 @) o €2+ 28, ) ((Slow o i ) © 25 +2.0) Wi
(5.25)

sﬁ’(((swckd)hw > (sioc/i)h ) C?5+st>Wk

- ’I”LdP - QRG{E&C’Z
1,17k

Then, using the fact that the HWIs are independent of each other and the
AWGN term, we obtain

ex = naP — 2Re{Esc 7 [sff (((sx © pa)hy) © p2) W] b+
s,z [W;’? (Z (hf (s & (c%?)H)) o (CIHY ((Sk ® c,i{?)hk) CBy + ndNoIM> Wk}
k

= ngP — ngP e“hy W}, — ngP e*WHhi!

wi (Z (hi'sd) © (CZH" (Bachy) © Cfﬁ) Wk]

k

+ ngNoWHI W, + E

(5.26)

where we take expectation over the transmitted symbols, noise, and hardware
impairments, p; = exp <,uc 4 (U )2 ) 17lp><M’ [y = exp (Mc + (0 £)? ) 1np><Ks

~ P oBS
Sk:Sk@ng, and a = (Iuc _|-uc +w>
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Then, F = E [Z (hsf) © (CBF)H (5khy) © Cfﬁ} can be calculated as
ks

F=E|) (h/s) o (k)" Eh) ol

k

- (5.27)
—E > (R o (CE)™) (Rvo CFF)
L &
where Ry = §chy. Then, the ij-th element of F' can be calculated as
~ H ~
FiJ =K |:(R'k(, ) (Cs(z )BS(Rk(¢J <CS( J)))]
~ % BS\* ~ BS
=E (> D e () Trepors
L (5.28)
S S E [ ] (852 + (085) it =
SEE [Firaiies] (48°)° if i # J,
where pB5 = ene "+ /2 sy (B2 1) uBS B , X(.,j) Is the j-th column
of X. The expectations in the last step can be calculated as
E [}fk(r,i)|2:| =K Z ‘gr,shs,iF]
= ZE Sral’] Nl
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Taking the derivative of g5 with respect to Wy, to minimize ey:

Oy o " .
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(5.32)

where a = (p25 + pU¥ + w)

We then extract the bit-wise log-likelihood ratio (LLR) values by treating the
complex symbol estimate §; as a single-user channel output, and feed them to a
single-user polar decoder utilizing successive cancellation list decoding (SCLD).
The decoded sequence is deemed successful and added to the output list D if
it satisfies the CRC check. After this step, the decoded messages and the cor-
responding pilot signature estimates become available. Then, the successfully
decoded message is re-encoded and modulated to obtain the actual QPSK sym-
bols, and the estimate of the transmitted signal of the k-th user in the output

list is obtained as follows
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Figure 5.2: Decoding procedure of the proposed scheme in each slot.
A
% = [ /’“] , (5.33)

where A, is the estimated pilot signature, and s}, is the re-constructed transmitted

symbol for the k-th user.

Ignoring the interference due to the non-decoded users, for the case that the
receiver is not aware of the hardware impairments, the channel vectors corre-
sponding to the successfully decoded messages using an LMMSE filter can be

re-estimated as
I:ISIC = (XgXﬁ + NOI|@‘)_1XgY£j), (5.34)

where X@ is the matrix of the re-constructed transmitted signals for the success-
fully decoded user messages, and YZQ ) is the residual received signal at the j-th
iteration for additive or multiplicative HWIs depending on ¢. Considering the
HWIs, we modify the LMMSE procedure using the same way as in Sec. 5.2.2.2
by replacing the set of detected pilot signatures A with the set of re-constructed

transmitted signals X@. Using these re-estimated channel vectors we perform
SIC as

A~ A~

YUY =YY - X g (5.35)

)
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where PAISICJ- is the set of re-estimated channel vectors obtained by HWI-aware
LMMSE filtering. The iterations continue until there is no successfully decoded
message in the current iteration, or a predetermined number of iterations is

reached. The decoding process in a slot is illustrated in Figure 5.2.

5.3 Numerical Results

In this section, we present a performance evaluation of the proposed scheme with
HWIs. We take n = 3200 and B = 100 to be consistent with the existing URA
literature with a massive MIMO receiver, and M = 50. We choose the number
of slots as V' = 4, which leads to a slot length of 800, and set n, = 288 and
ng = 512, employ 5G polar codes with a length of 1024, and set the CRC length
to 16 and the list size of SCLD to 128 as in [4]. For the pilot codebook, we employ
a sub-sampled DFT matrix with N = 27 with J = 13. We set nomp = 4 and

A= ().2%7 which are selected based on our extensive simulations.

The energy efficiency of the proposed scheme is evaluated by the minimum re-
quired E}/Ny for € = 0.05 for different additive HWI scenarios in Figure 5.3. We
consider two scenarios; (i) only the UE has HWI; (ii) there are HWIs on both the
BS and the UE sides. We set both V% and x?9 to 0.4, which is a relatively high
HWI level. The results in Figure 5.3 demonstrate that, although the presence of
the HWIs can be tolerated, i.e., the scheme in [4] with re-estimation of the chan-
nel vectors for SIC (HWI-ignorant receiver) works with acceptable performance,
the proposed hardware impairment aware solution is more energy efficient. For
instance, the new algorithm decreases the required Ej,/Ny by 0.8 dB for K, = 800
in scenario (i), and by 1 dB in scenario (ii) for K, = 700. The proposed scheme
can also increase the range of the supported active user load. For instance, the
scheme can support up to 900 active users in scenario (i) and 800 active users
in scenario (ii), while the scheme in [4] can support up to 800 and 700 active
users, respectively. Moreover, the proposed scheme is more robust against HWIs
compared to the HWI-ignorant receiver. For instance, increasing V¥ and x?°

from 0.3 to 0.4 for K, = 700 in scenario (ii) deteriorates the performance of the
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Figure 5.3: Required E,/N,y versus number of active users for different additive
HWI scenarios and P. < 0.05.

ignorant receiver by 4.2 dB while the performance loss for the proposed scheme
is 3.4 dB. Note that we have opted for a comparison with the state-of-the-art
scheme in [4] since this paper is the first work on URA with hardware impair-
ments and there is no other URA scheme for direct comparison. Furthermore,
the performance loss compared to the no HWI case is less than 3 dB in scenario

(i) for K, <800, and 5.4 dB in scenario (ii) for K, < 700.

We evaluate the energy efficiencies of the proposed scheme and the one in [4]
with multiplicative HWIs in Figure 5.4. We assume that o follows a log-normal
distribution with . = 0, 02 = 0.1, and ¢ has uniformly distributed with ¢,,. = 3
at both the UE and the BS sides. The results in Figure 5.4 illustrate that with
the HWI-aware receiver, the proposed scheme requires less energy to achieve the
same PUPE in this case as well. For instance, it is superior to the scheme in [4]
by 2.5 dB in scenario (i) for K, = 900, and by 1 dB in scenario (ii) for K, = 700.
In addition, the proposed scheme can support 1000 active users in scenario (i),

and 800 active users in scenario (ii), while the ignorant receiver in [4] can serve
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multiplicative HWI scenarios and P, < 0.05.
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Figure 5.5: Required Ej,/N, versus the number of active users with different user
symbol estimators for additive HWIs.
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Figure 5.6: Required E,/N, versus the number of active users with different user
symbol estimators for multiplicative HWIs.

up to 900 and 700 active users in scenarios (i) and (ii), respectively.

We also compare the performance of different choices to estimate the transmit-
ted user symbols and the derived robust MMSE with its non-robust counterpart
for additive and multiplicative HWI scenarios in Figure 5.5 and 5.6, respectively.
The results in both figures show that MMSE estimator can improve the perfor-
mance of MRC up to 1 dB in high active user loads with the cost of increasing
complexity, however, the robust MMSE derivation using the HWI statistics does

not provide any performance advantage.

5.4 Chapter Summary

We investigated the URA problem with a massive MIMO receiver in the presence
of HWIs. We proposed a coding scheme combining the ideas of slotting the
transmission frame, gOMP for AD, LMMSE channel estimation, and polar coding
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with the re-estimation of the channel vectors for SIC. We designed an HWI-aware
receiver by exploiting the HWI statistics. Numerical examples demonstrate that
while the existing schemes can still be used with some success, the proposed
solution decreases the required energy by up to 2.5 dB while supporting more

active users.
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Chapter 6

Unsourced Random Access using
ODMA and Polar Codes

In this chapter, we investigate ODMA [43], which is a newly proposed technique
for non-orthogonal multiple access systems, where each user exploits a small
fraction of time slots based on its transmission pattern in the context of URA.
Specifically, in our proposed scheme, each active user divides its message into two
parts, where the first part determines the transmission pattern (activity indices),
and the second part is encoded with a polar code to be transmitted on the active
indices. We propose an [1-norm based blind pattern detection method to recover
the activity patterns of the active users followed by single-user polar decoding and
successive interference cancellation (SIC). Numerical examples demonstrate that
the proposed scheme is effective in both Gaussian and fading MAC. Specifically,
it offers a superior performance in fading MAC, and a competitive performance

with a lower complexity in Gaussian MAC with respect to the state-of-the-art.

The rest of the chapter is organized as follows. We introduce the system model
in Section 6.1, and provide the details of the proposed solution in Section 6.2.
We present a set of numerical results in Section 6.3, and conclude the chapter
Section 6.4.
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6.1 System Model

We consider a URA set-up, where K, active users out of an unbounded number
of total users transmit B bits of information to a common BS equipped with a
single antenna through a transmission frame of n channel uses. The channel can
be either a Gaussian MAC or a quasi-static fading MAC. If the transmission is

over a quasi-static fading MAC, the received signal at the BS can be written as

Kq
y=> hxp(my) +z, (6.1)
k=1

where my, is the message of the k-th user, x;(my) € R™*! is the transmitted signal
of the k-th user corresponding to the message my, y € C**! is the received signal,
z € C™! is the circularly symmetric complex additive white Gaussian noise
(AWGN) consisting of independent and identically distributed (i.i.d.) elements
with zero mean and variance Ny, i.e., z ~ CN (0, NoI,,), and hy ~ CN(0,1) is the
channel coefficient of the k-th user. Note that if the channel gains in (6.1) are
deterministic, then the channel becomes a Gaussian MAC (GMAC).

We assume that the users utilize n, symbols of the transmission frame for the
pilot transmission (for the fading case) and n. symbols out of the remaining n—n,
ones for data transmission while the remaining symbol periods are unoccupied
(by this specific user). The required energy per-bit of the system can be written

as

By _mply +ncb (6.2)
Ny BN,

where P, is the symbol power of the pilot part and P is the symbol power of the
data part. Note that there are no pilots in the GMAC case since there is no need

for channel estimation.

The receiver aims to recover the list of messages £(y) = {m,...,mg, } up to a

permutation. The per-user probability of error (PUPE) is used as the performance
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metric in URA, defined as

K,
1 a

P, = I ZPr(mi ¢ L(y))- (6.3)
@ =1

Our objective is to design a URA scheme with minimum required ﬁ—g while

satisfying P. < €, where € is the target PUPE.

6.2 Proposed Solution

6.2.1 Encoding

We assume that the message of each user is divided into two parts of m, and
m, with lengths of B, and B. = B — B,, respectively. If the channel is a fading
MAC, we allocate the first n, time instances for pilot transmission and the rest
of the frame is utilized for the data transmission. In the pilot part, each user
transmits a pilot sequence that is selected from a non-orthogonal pilot codebook
A € C»*M: based on its first B, bits m, where M, = 25». On the other hand,
the whole transmission frame is exploited for the data transmission in the GMAC

scenario.

The encoding of the data part in both cases is performed as follows. The second
part m, is encoded using a (n., B. + 1) polar code where r is the number of the
cyclic redundancy check (CRC) bits, modulated by binary phase shift keying
(BPSK), and transmitted according to a transmission pattern dictated by the
first B, message bits. Namely, each user picks a column from the pattern matrix
P based on its first B, bits. Each column of P has n, non-zero elements denoting
the active indices and the remaining elements corresponding to the idle indices.
Then, the data part of the transmitted signal of the k-th user x; can be formed
by placing the elements of the BPSK modulated polar codeword of the k-th user

vj on to the active indices dictated by the pg-th column of P. Encoded signals
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Figure 6.1: An illustration of the transmit signal structure for the fading MAC
scenario. Colored boxes show the utilized symbol periods in the data part. For
the GMAC scenario, there are no pilot symbols since there is no need for channel
estimation.

of active users are illustrated in Figure 6.1 showing the ODMA idea, where ay, is

the pilot sequence of the k-th user.

6.2.2 Receiver Operation

6.2.2.1 Pilot/Pattern Detection

For fading MAC, at the receiver side, we first need to detect the selected pilot
sequences. We utilize the generalized orthogonal matching pursuit (gOMP) algo-
rithm [73], which is a lower complexity generalization of OMP. To perform gOMP,
we first calculate the following correlation between the candidate pilot sequences

and the received pilot signal:

R = |[A"yl)], (6.4)
where y},f ) is the received pilot at the j-th iteration that is initialized as y,(yl) = ¥Yp,

where y, = A;h + z, is the received signal in the pilot part, A; € C"»*%a is the
matrix of the selected pilot sequences and h € CKa*! is the set of user channel
coefficients. We add the igyp indices (depending on K, and the number of gOMP

iterations nomp) corresponding to the largest elements of R to the output list 7,
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subtract the effect of the detected sequences and continue the gOMP iterations
for nomp times. Please refer to [5] for the further details on the application
of gOMP in URA for pilot detection. Note that the transmission patterns are
detected here as well as they are also picked based on the first B, bits for fading
MAC.

For the GMAC scenario, to detect the active transmission patterns, we employ
an [1-norm energy test on the received signal, exploiting the sparseness of the
scheme due to the short blocklengths of the utilized polar codes. Namely, for each
transmission pattern, we calculate the received signal power at the corresponding

locations of the received signal as follows

e =y?op, i=12...M, (6.5)

where ||.||; denotes the [1 norm, ® indicates the elementwise multiplication, and
yU) is the residual signal at the j-th iteration which is initialized as y = y.
We then order these signal powers and take the indices corresponding to the
Ky, = K, 4+ 0 — nqec largest elements, where ¢ is a small integer and ngqe. is the
number of successfully decoded users up to the j-th iteration assuming that K,
is known at the receiver. Note that K, can be estimated with great success by an
energy test similar to [30]. Also, the first B, message bits are inherently decoded
in this step.

6.2.2.2 Channel Estimation

For the case of fading MAC, we also need to estimate the channel coefficients.
To do that, given the detected pilot sequences, we employ a linear minimum
mean-square error (MMSE) solution to estimate the set of channel coefficients

using
h=(AYA; + NI, "AZy), (6.6)
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where K is the cardinality of 7 and A is the set of the columns of A specified
by 7.

6.2.2.3 Channel Decoding and SIC

Given the set of detected active transmission patterns P (and, the channel co-
efficient estimates in the fading MAC scenario), we extract the LLR values of
the codeword bits by treating interference as noise (TIN), and feed them to a
single-user polar decoder. Indeed, given the transmission pattern of the intended
user, the received signal at the active indices dictated by the transmission pattern
becomes the output of a single-user AWGN /quasi-static fading channel assuming
that the multiuser interference is Gaussian. We assume that the output sequence
is successfully decoded and added to the output list D if it satisfies the CRC
check. We then re-encode and modulate the decoded messages to re-construct
the transmitted symbols followed by SIC. In the GMAC scenario, we perform
SIC as

where X, is the re-constructed transmitted signal of the k-th user and DY) is the
set of the detected users at the j-th iteration. For SIC in the fading case, we
re-estimate the channel coefficients using the decoded symbols together with the

pilot sequences as follows
flSIC = (XgXﬁ + NOI‘ﬁ‘)*ngy(j), (6.8)

where f(ﬁ is the set of re-constructed transmitted symbols and utilize these re-

estimated channel coeflicients for SIC as

yUth = () _ Xf)flsm- (6.9)
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We give the residual signal back to the pilot/pattern detection step to start
a new iteration, and continue the iterations until no new message satisfies the
CRC check in the current iteration, or a predetermined number of iterations is

reached.

Note that since the users pick the transmission patterns independently, there
can be pattern collisions when the first B, bits of the two users are the same.
The probability of this case can be adjusted by changing B,. In our simulations,
we choose B, such that the collision of three or more users is negligible. Note
that in the case of two collided users, both of them can be successfully decoded

with a high probability if the rate of the polar code is less than 1/2 [38].

6.2.3 Complexity Analysis

We now provide a computational complexity analysis of the proposed scheme in
terms of the number of multiplications and additions. For the fading MAC sce-
nario, the pilot detection and channel estimation steps are dominated by matrix
multiplication operations with a complexity of O(K?n,). Since we use the [1
norm to calculate the decision metrics, our proposed pattern detection method
in GMAC requires no multiplications and the number of additions is O(M;n..).
The number of multiplications for LLR extraction is O(K,n.), dominating the
number of multiplications for the GMAC case. The single-user polar decoder can
be implemented using only additions and subtractions [81], with a complexity of
O(LK,n. logn.) which dominates the number of additions, where L is the list
size of the polar decoder. The matrix multiplication in the re-estimation step
of the channel coefficients in fading MAC has a complexity of O(KZ2(n, + n.)),

dominating the number of multiplications in the case of fading MAC.
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6.3 Numerical Results

We assess the system performance by calculating the required E,/N for a target
PUPE of e. For a more straightforward comparison with the existing literature,
we take n = 30000, B = 100, ¢ = 0.05 for Gaussian MAC, and ¢ = 0.1 for the
fading case. For the parameters that are specific to our scheme, we set B, = 12
for K, = 50, B, = 13 for 50 < K, < 150, and B, = 14 otherwise. We employ
5G polar codes, set the CRC length to 16, and utilize a successive cancellation
list decoder (SCLD) with a list size of 128. For the pattern matrix, we utilize a

randomly generated binary matrix of size (n —n,) x Mj.

We compare the energy efficiency of the proposed scheme with the state-of-
the-art in Figure 6.2 for the fading MAC scenario assuming i.i.d. quasi-static
Rayleigh fading channels. We set n, = 4000 for K, < 500 and n, = 7000
otherwise, n. = 512, and noyp = 8. The results in Figure 6.2 illustrate that the
newly proposed scheme outperforms the state-of-the-art for the entire regime.
For instance, it is superior to the scheme in [51] by up to 5.5 dB for K, < 600,
and to the one in [52] by up to 0.9 dB for K, < 700. Note that for this scenario,
we subtract the effect of the successfully decoded sequences within the iteration,

too, which improves the performance in the high active user loads.

In the GMAC scenario, we employ unequal power levels among the users sim-
ilar to [39] to improve the decoding performance further. Namely, the codebook
of the transmission patterns P is equally divided by the number of power levels,
and the signal of each user is scaled with a power level based on its transmission
pattern index. For instance, in the case of two groups, if the pattern index of
a user is less than M, /2, its transmitted signal is scaled by +/Pi, and by /P,
otherwise, while P, + P, = 2P to satisfy the energy constraint. Note that the

power levels are numerically determined, which are listed in Table 6.1.

In Figure 6.3, we compare the energy efficiency of the proposed scheme with
those of the two state-of-the-art solutions in [40] and [44]. We set n, = 512 for
K, < 200 and n. = 256 otherwise, and employ one power level for K, < 150,
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Figure 6.2: Required E}/N, versus number of active users for fading MAC.

two for 150 < K, < 200, and three otherwise. These selections are based on our
extensive simulations. The results in Figure 6.3 demonstrate that the proposed
scheme performs better than the ODMA one in [44] up to 0.7 dB for low active
user loads, and it has a competitive performance when the active user load is high.
Also, the proposed scheme outperforms the technique based on random spreading
and soft cancellation proposed in [40] in conjunction with a 5G-NR LDPC code
! Furthermore, the performance of the proposed scheme is comparable with the
random coding achievability bound for K, < 100, and the difference for higher

active user loads is less than 2 dB.

'Note that this comparison is made with the scheme in [40] implemented using 5G-NR LDPC
codes. We did not use the results in [40] directly since we did not have access to the specific
LDPC code used. Nevertheless, performance of the proposed scheme is competitive even with
those provided in [40] with a much lower complexity.
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Figure 6.3: Required Ej,/Ny versus number of active users for GMAC.

Table 6.1: Assigned power levels for different active user loads
K, | 50-100 | 150 | 200 | 250 | 300
P, 1 0.87 | 0.73 | 0.64 | 0.50
P 1.13 | 1.27 | 0.92 | 0.92
P 1.44 | 1.58

Table 6.2: Comparison of the complexity orders

URA scheme Multiplications Additions
Proposed O(Kan.) O(LKn. logn,)
ODMA + RA [44] O(M;sn.) O(Mgn,)
LDPC + spread. [40] O(Kin,) O(K3n.ns)

The complexity of the ODMA scheme in [44] is dominated by the pattern
detection and that of the LDPC coding-based random spreading scheme in [40] is
determined by the soft-in soft-out MMSE filtering. We compute the complexity
orders of these schemes and our newly proposed scheme in terms of the number

of multiplications and additions in Table 6.2, where n; is the spreading sequence
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length in [40]. Note that the additions are much easier to implement in hardware,
hence there is a clear complexity advantage for typical system parameters, since
M, > K, and K} > K,, the order of multiplications in the proposed scheme is
significantly less than those in [44] and [40].

6.4 Chapter Summary

We examine ODMA in a URA set-up, and develop a simple and energy-efficient
solution combining the ideas of exploiting a sparse transmission pattern, blind
pattern detection based on the received signal power, and polar coding. Numerical
examples illustrate that the newly proposed scheme improves the current state-
of-the-art by outperforming the existing works for URA over fading MAC, while
achieving a similar performance for the GMAC scenario with a significantly lower

complexity.
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Chapter 7

Summary and Conclusions

In this dissertation, we develop low complexity solutions for unsourced random
access for different scenarios. URA is a recently introduced approach for mas-
sive random access, which is important for the next generation communication
systems as the expected number of connected devices in a wireless network for
some applications will be in the order of millions in B5G and 6G communications.
The communication of these devices has a sporadic and uncoordinated nature,
hence, the conventional approaches become insufficient to ensure a reliable and
energy efficient communication. URA addresses this problem by dictating that
all the users share the same codebook, which removes the user identity. Then,
the system operation only depends on the number of active users rather than the
total number of them, and the receiver aims to produce a list of the transmitted
messages up to a permutation. The main objective in URA is to minimize the
required energy-per-bit for a given per-user probability of error while supporting

a large number of users.

We first propose and study URA over frequency-selective channels, a more
practical model than the widely considered flat fading in the URA context. We
divide the transmission frame into slots and employ OFDM to mitigate the chan-
nel effects, hence, the system operates in the frequency domain. Each active user

picks a random slot to transmit its data consists of its pilot sequence and polar
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codeword. At the receiver side, we employ an OMP-based joint activity detection
and channel estimation algorithm to estimate the channel taps in the time domain
followed by TIN-SIC detection to recover the message bits. For comparison pur-
poses, we consider grant-based FDMA and derive its approximate performance
limits based on normal approximations. Via numerical examples, we observe that
the proposed scheme offers a competitive performance with grant-based FDMA
and there is a moderate gap with its approximate performance limits. Further-
more, the performance loss with no coordination with estimated CSI is less than

2 dB when the number of active users is not large.

In another line of investigation, we consider URA with a massive MIMO re-
ceiver, i.e., the receiver is equipped with a massive number of antennas. We
propose to divide the transmission frame into slots and each slot is divided into
pilot and data parts as well. In the pilot part, the active users transmit a non-
orthogonal pilot sequence that is selected based on a part of the message bits
from a common codebook, and polar coding is adapted as the channel coding
approach. At the receiver, we utilize a gOMP algorithm followed by LMMSE
to estimate the pilot sequences and channel vectors of users, respectively. We
then employ MRC to estimate user symbols, pass these estimates to a single-user
polar decoder, and re-estimate the channel vectors for SIC at the end of each
iteration. We also analyze the performance of the proposed scheme via normal
approximation, provide a detailed complexity analysis, and study the effect of
the pilot collisions to the system performance. Numerical examples demonstrate
that the proposed scheme has a superior performance compared to the schemes
in the literature or has a comparable performance with a lower complexity. Fur-
thermore, it offers an excellent performance in the short blocklength regime and

in the case that the receiver is equipped with multiple antennas.

In the existing URA schemes, it is assumed that ideal hardware units are
available at both the BS and UE equipment. However, due to the massive number
of users, the employed hardware needs to be inexpensive, hence, such impairments
are inevitable. Similarly, in massive MIMO systems, cheap antenna elements are
also sensitive to hardware impairments. With this motivation, we study URA
with a massive MIMO receiver with residual HWIs at both the BS and the UE
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sides. Specifically, we adapt our proposed scheme for URA with a massive MIMO
receiver in Chapter 4 to this case by deriving a new LMMSE solution using the
HWI statistics. We observe that the original scheme designed for the case of no
HWIs can still operate with a performance penalty, however, the newly proposed
scheme with an HWI-adaptive receiver can increase the energy efficiency and the

number of supported active users.

In the last part of the dissertation, we examine a new multiple access technique
called ODMA in the URA context. In ODMA, the active users exploit a small
part of the transmission resources based on a transmission pattern, leading to
a very sparse structure with a low multiuser interference. Assuming that the
active users employ polar coding to encode their data, we employ a simple pattern
detection approach at the receiver and then recover the message bits using single-
user decoding and SIC. Numerical examples reveal that the proposed scheme
outperforms the existing schemes in the case of fading MAC, and has a superior or

competitive performance with a lower complexity in the Gaussian MAC scenario.

There are several promising extensions of the work items in this thesis that can
be considered for future research. In the case of URA over frequency-selective
channels, in this thesis, we consider a single-antenna receiver. However, the pro-
posed scheme can also be applied to the massive MIMO scenario that can provide
spatial multiplexing gains and some performance enhancement. In addition, dif-
ferent compressed sensing algorithms can be considered for the pilot detection or

the scenario of the time-varying channel taps can be studied.

Our work on URA with a massive MIMO receiver also has some interesting ex-
tensions. First of all, we assume a quasi-static fading scenario where the channel
coefficients remain constant throughout the transmission in this work. However,
a block fading scenario that the channel coefficients of the users only remain
constant within a slot and change from one slot to another can be considered in
conjunction with the repeating user transmissions in multiple slots. Then, the
diversity among the slots can be exploited. Namely, if a user signal is succes-
sively recovered in one slot, its replica can be subtracted from another slot where

it may be transmitted with a weaker channel coefficient. Also, we assume that
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the active users are fully-synchronized. However, as a future direction, one can
consider an asynchronous MIMO-URA setup where the users start their trans-
mission whenever they have a packet to transmit. This assumption makes the
system more practical and leading an easier implementation as it is hard to syn-
chronize a massive number of users. Furthermore, in our proposed scheme and
in the pilot-based schemes in the URA context, the pilot and data transmissions
are performed separately by dividing the transmission frame or slot into pilot and
data parts. However, as an attractive line of research, overlapped pilot and data
transmission can be considered. This allows for the usage of longer pilot and data
sequences that can provide some performance improvement. On the other hand,
the residual pilot interference in the data decoding due to the undetected pilots
after pilot detection and channel estimation may have some deleterious effects,

which need to be quantified.

In the case of residual HWIs at the BS and the UE sides, we assume that the
HWI statistics of all users are the same. However, a more practical extension is to
assume different HWI statistics for the users as they can have different impairment
levels. Also, we have worked on adapting the system blocks individually to the

presence of HWIs, however, a joint optimization of them is also possible.

In our investigation on ODMA for URA, it is assumed that the receiver is
equipped with a single antenna and the user transmissions are synchronized. It
will be interesting to consider extensions to the MIMO setup and to the case of
a fully asynchronous URA scenario using ODMA, namely, allowing the users to
start their transmissions at a random instance in time. Moreover, the random

signatures proposed in [32] can be exploited in conjunction with ODMA.
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