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Abstract
The main subject of this thesis is user pairing for mobile communication systems.
User pairing in general describes a user selection process, where we choose the
users that should transmit on the same time and frequency resource in the same cell.
Typically, user pairing is optimized for a prescribed performance criterion, like bit
error rate (BER) or achievable data rate. The spectral efficiency of a communication
system employing user pairing is thereby increased compared to a system without
coordinated pairing. In this thesis, user pairing is considered for two systems and
the spectral efficiency gains compared to randomly chosen pairs are shown to be
impressive.
The first part of this thesis focuses on downlink transmission with orthogonal
sub-channels (OSC). The evolution of the Global System for Mobile Communications
(GSM) led to the standardization of Voice services over Adaptive Multi-user channels
on One Slot (VAMOS). The aim of VAMOS is to double the spectral efficiency of
GSM voice transmission by deliberately transmitting two Gaussian minimum-shift
keying (GMSK) signals on the same time and frequency resource in the same cell,
while guaranteeing backward compatibility for legacy receivers. The phase of the
signal of the second user is rotated by 90◦ compared to that of the first user, which
is referred to as OSC transmission. In this work, downlink OSC transmission is
considered, where different transmit powers can be assigned to the two users of an
OSC pair.
Advanced receiver architectures are necessary to improve the separability of the
users of one pair. Therefore, algorithms for channel estimation, equalization, and
interference cancellation for an OSC downlink transmission are investigated in
this thesis. Two novel algorithms for joint estimation of the channel and the power
imbalance between the users, i.e., the subchannel power imbalance ratio (SCPIR), are
proposed. The Cramer-Rao lower bound (CRB) w.r.t. the mean-squared error (MSE)
of the joint estimation is derived for the first time for this estimation scenario. A
comparison of the MSE of the suggested algorithms with the lower bound given by
the CRB exhibits their excellent performance. Moreover, several equalization and
interference cancellation algorithms are developed and evaluated via simulations.
Furthermore, a novel asynchronous co-channel interference cancellation technique,
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based on modeling the equalizer metric by a Generalized Gaussian probability
density function (pdf), is proposed.
Additionally, radio resource allocation (RRA) performed by the base station (BS)
is considered for OSC transmission. Power allocation as well as user pairing, i.e., the
decision which pairs transmit in the same time slot and frequency resource, have
to be optimized with the aim to maximize the network capacity. A practical RRA
algorithm for OSC transmission is proposed and evaluated by network simulations
for a GSM VAMOS network.
Simulation results reveal significant frame error rate (FER) performance gains
for the proposed downlink OSC receivers compared to state-of-the-art receiver
architectures. Furthermore, simulations of a GSM VAMOS network employing the
proposed RRA algorithm jointly with the novel receiver algorithms exhibit a network
capacity gain of about 100 % compared to non-OSC transmission.
The second part of this thesis considers the uplink of Long Term Evolution (LTE).
In contrast to the downlink of LTE Release 8, where orthogonal frequency-division
multiple access (OFDMA) and single user multiple-input multiple-output (MIMO)
transmission are employed, the first release of LTE specifies only a single transmit
antenna single-carrier frequency-division multiple access (SC-FDMA) transmission
for the uplink. To enhance the spectral efficiency in the uplink, a virtual MIMO
(V-MIMO) transmission can be employed, where multiple users transmit on the same
time and frequency resource. Here, multiple receive antennas at the BS facilitate
a separation of the signals of a user pair. By employing the proposed V-MIMO
transmission, the spectral efficiency is impressively improved compared to a singleinput multiple-output (SIMO) transmission.
Various receiver algorithms for a V-MIMO SC-FDMA transmission are proposed
in this thesis to separate the signals of the users of each pair. An algorithm for
reference signal based channel interpolation and prediction, which is necessary to
obtain channel state information (CSI) for RRA, is presented and an MSE expression
for the channel acquisition error is derived. Furthermore, power allocation and
beamforming (BF) with quality of service (QoS) requirements are studied for a
V-MIMO SC-FDMA transmission and closed form solutions for zero-forcing (ZF)
equalization at the receiver are obtained. Simulation results for random user pairs
exhibit significant transmit power savings for the BF algorithm compared to constant
power allocation for all subcarriers.
Finally, several joint user pairing/grouping and RRA algorithms for SC-FDMA
V-MIMO transmission are proposed and studied. First, different criteria for user
grouping are introduced. Then user pairing in time and frequency direction are
considered. For the latter, we investigate joint user grouping and frequency allocation.
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The combinatorial optimization problems for the considered scenarios are stated and
novel suboptimal algorithms with reduced complexity are proposed. Furthermore,
user pairing with QoS constraints, minimizing the required sum transmit power
with or without BF, is investigated. A study of the influence of inaccurate CSI on
the user pairing performance concludes the thesis. All proposed algorithms are
evaluated via simulation of a V-MIMO SC-FDMA transmission. It is shown that
significant performance gains are achieved compared to random user pairing. An
exhaustive search would be needed to find the optimal solution to the joint user
pairing and frequency allocation problem. However, the proposed suboptimal
algorithms provide a close-to-optimum performance as well as a low computational
complexity.
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Zusammenfassung (in German)
Das zentrale Thema der vorliegenden Arbeit ist die Benutzerpaarung für Mobilkommunikationssysteme. Unter Benutzerpaarung versteht man einen Zuordnungsprozess, bei dem diejenigen Benutzer ausgewählt werden, die zur selben Zeit auf
derselben Frequenzressource in derselben Zelle übertragen. Typischerweise wird
durch den Einsatz von Benutzerpaarung ein vorgegebenes Gütekriterium, z.B. Bitfehlerwahrscheinlichkeit (BER) oder individuell erreichbare Datenrate optimiert.
Die spektrale Effizienz eines Kommunikationssystems das Benutzerpaarung einsetzt kann dabei im Vergleich zu einem System ohne Koordinierung der Benutzer
gesteigert werden. In dieser Arbeit wird Benutzerpaarung für zwei unterschiedliche
Systeme betrachtet und es werden beachtliche Gewinne bezüglich spektrale Effizienz
im Vergleich zu zufälliger Benutzerpaarung nachgewiesen.
Im ersten Teil der Arbeit liegt der Fokus auf der Orthogonal Sub-Channels (OSC)
Übertragung im Downlink. Die Weiterentwicklung des Global System for Mobile
Communications (GSM) führte zur Standardisierung von Voice Services over Adaptive Multi-user Channels on One Slot (VAMOS). Das Ziel von VAMOS ist die
Verdoppelung der spektralen Effizienz durch die gezielte Übertragung von zwei
Gaussian Minimum-Shift Keying (GMSK) Signalen zur selben Zeit, auf der gleichen Frequenzressource und in derselben Zelle, wobei die Abwärtskompatibilität
für bestehende Empfänger gewährleistet werden muss. Die Phase des Signals des
zweiten Benutzers wird dafür um 90◦ im Vergleich zur Phase des ersten Benutzers
verschoben; dieses Verfahren wird als OSC Übertragung bezeichnet. In dieser Arbeit
wird OSC Übertragung im Downlink betrachtet, bei der den beiden Benutzern eines
Paars unterschiedliche Sendeleistungen zugewiesen werden können.
Weiterentwickelte Empfängerarchitekturen sind nötig um die Trennbarkeit der
Benutzer eines Paars zu verbessern. Aus diesem Grund werden in dieser Arbeit
Algorithmen zur Kanalschätzung, Entzerrung und Interferenzauslöschung für eine
OSC Übertragung im Downlink untersucht. Es werden zwei neue Algorithmen
für die gemeinsame Kanalschätzung und Schätzung des Leistungsunterschieds
der beiden Benutzer, der Subchannel Power Imbalance Ratio (SCPIR), vorgeschlagen. Die untere Schranke für den mittleren quadratischen Schätzfehler (MSE), die
Cramer-Rao Bound (CRB), wird für die gemeinsame Kanal- und SCPIR-Schätzung
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erstmalig für dieses Schätzproblem hergeleitet. Ein Vergleich des MSE der vorgeschlagenen Algorithmen mit der unteren Schranke in Form der CRB zeigt deren
exzellente Leistungsfähigkeit. Des Weiteren werden mehrere Entzerrungs- und Interferenzauslöschungsalgorithmen ausgearbeitet und mit Hilfe von Simulationen
evaluiert. Es wird außerdem eine neuartige Interferenzauslöschungstechnik für
asynchrone Gleichkanalinterferenz vorgeschlagen, die auf der Modellierung der
Entzerrerzweigmetrik durch eine verallgemeinerte Gaußsche Wahrscheinlichkeitsdichtefunktion (pdf) basiert.
Darüber hinaus wird die Zuweisung der Funkressourcen (Radio Resource Allocation, RRA), welche von der Basisstation (BS) durchgeführt wird, für eine OSC Übertragung betrachtet. Leistungszuweisung und Benutzerpaarung, das heißt die Entscheidung, welche Paare im gleichen Zeitschlitz und auf der gleichen Frequenzressource
übertragen, müssen dahingehend optimiert werden, dass die Netzkapazität maximiert wird. Ein praktisch umsetzbarer RRA Algorithmus für eine OSC Übertragung
wird vorgeschlagen und mittels Netzwerksimulationen eines GSM VAMOS Netzes
evaluiert.
Die Simulationsergebnisse zeigen, dass mit den vorgeschlagenen Downlink OSC
Empfängern beachtliche Gewinne bezüglich der Rahmenfehlerraten (Frame Error
Rate, FER) im Vergleich zu Empfängern vom aktuellen Stand der Technik erzielt
werden können. Des Weiteren zeigt eine GSM VAMOS Netzsimulation, bei der die
vorgeschlagenen RRA Algorithmen zusammen mit den neuen Empfängeralgorithmen verwendet werden, einen Kapazitätsgewinn von ca. 100 % auf im Vergleich zu
einer Übertragung ohne OSC.
Der zweite Teil dieser Arbeit betrachtet den Uplink von Long Term Evolution (LTE).
Im Gegensatz zum Downlink von LTE Release 8, bei dem Orthogonal Frequency-Division Multiple Access (OFDMA) zusammen mit Multiple-Input Multiple-Output
(MIMO) Übertragung für einen Benutzer verwendet wird, spezifiziert das erste Release von LTE nur eine Single-Carrier Frequency-Division Multiple Access (SC-FDMA)
Übertragung mit einer Sendeantenne für den Uplink. Um die spektrale Effizienz im
Uplink zu steigern, kann eine Virtuelle Multiple Input Multiple Output (V-MIMO)
Übertragung verwendet werden, bei der mehrere Benutzer auf derselben Zeit- und
Frequenzressource übertragen. Dabei ermöglichen mehrere Empfangsantennen an
der BS eine Trennung der Signale einer Benutzergruppe. Durch die Verwendung der
vorgeschlagenen V-MIMO Übertragung wird die spektrale Effizienz im Vergleich zu
einer Single-Input Multiple-Output (SIMO) Übertragung in beeindruckender Weise
gesteigert.
Unterschiedliche Empfängeralgorithmen für die Trennung der Benutzersignale jedes Paars werden für eine V-MIMO SC-FDMA Übertragung in dieser Arbeit
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vorgeschlagen. Zudem wird ein Algorithmus zur referenzsignalbasierten Kanalinterpolation und Kanalprädiktion, welche man zur Erlangung der Kanalzustandsinformation (CSI) für die RRA benötigt, wird vorgestellt. Ein Ausdruck für den MSE
des Fehlers der Kanalzustandsinformation hergeleitet. Des Weiteren werden Leistungsregelung und Beamforming (BF) mit Quality of Service (QoS) Anforderungen
für eine V-MIMO SC-FDMA Übertragung analysiert und eine geschlossene Lösung
für Zero Forcing (ZF) Entzerrung am Empfänger hergeleitet. Simulationsergebnisse
für zufällige Benutzerpaare zeigen, dass eine deutliche Sendeleistungsreduktion
mit Hilfe von BF erzielt werden kann im Vergleich zu konstanter Sendeleistung für
alle Subträger.
Abschließend werden mehrere Benutzerpaarungs-/Benutzergruppierungs-Algorithmen vorgeschlagen, welche zusammen mit der RRA für eine V-MIMO SC-FDMA
Übertragung optimiert werden. Zunächst werden unterschiedliche Kriterien zur
Benutzergruppierung eingeführt. Dann werden Benutzerpaarung in Zeitrichtung
und gemeinsame Benutzergruppierung und Frequenzzuweisung betrachtet. Die
kombinatorischen Optimierungsprobleme werden für die betrachteten Szenarien
formuliert und neue suboptimale Algorithmen mit reduzierter Komplexität werden vorgeschlagen. Des Weiteren wird Benutzerpaarung mit QoS Anforderungen
untersucht, bei dem die benötigte Summensendeleistung für den Fall mit BF als
auch den Fall ohne BF minimiert wird. Eine Untersuchung des Einflusses von ungenauer CSI auf die Leistungsfähighkeit der Benutzerpaarung schließt diese Arbeit
ab. Alle vorgestellten Algorithmen werden mit Hilfe der Simulation einer V-MIMO
SC-FDMA Übertragung evaluiert. Es wird gezeigt, dass im Vergleich zu zufälliger
Benutzerpaarung beindruckende Gewinne erzielt werden. Eine Vollsuche wäre nötig, um die optimale Lösung der gleichzeitigen Optimierung von Benutzerpaarung
und Frequenzzuweisung zu finden. Die vorgeschlagenen suboptimalen Algorithmen bieten sowohl eine nahezu optimale Leistungsfähigkeit als auch eine niedrige
Rechenkomplexität.

xii

xiii

Contents
Abstract

v

Zusammenfassung (in German)

ix

1 Introduction

1

I

7

1.1
1.2

Motivation . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
Outline of Thesis and Contributions . . . . . . . . . . . . . . . . . . .

OSC Downlink Transmission

2 System Model
2.1
2.2
2.3

Introduction . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
Fundamentals of GSM . . . . . . . . . . . . . . . . . . . . . . . . . . .
Transmission Model . . . . . . . . . . . . . . . . . . . . . . . . . . . .

3 Downlink Receiver Architectures
3.1

3.2

3.3

3.4

Channel and SCPIR Estimation . . . . . . . . . . . . . . . . . . . . . .
3.1.1 Joint ML Estimation of Channel Impulse Response and SCPIR
3.1.2 Blind Estimation of SCPIR . . . . . . . . . . . . . . . . . . . . .
3.1.3 Complexity Comparison . . . . . . . . . . . . . . . . . . . . . .
3.1.4 CRB for Channel and SCPIR Estimation . . . . . . . . . . . . .
3.1.4.1 Conventional GSM Transmission . . . . . . . . . . .
3.1.4.2 VAMOS Transmission . . . . . . . . . . . . . . . . . .
3.1.5 Simulation Results . . . . . . . . . . . . . . . . . . . . . . . . .
Equalization and Interference Cancellation . . . . . . . . . . . . . . .
3.2.1 Joint Maximum-Likelihood Sequence Estimation (MLSE) . . .
3.2.2 Mono Interference Cancellation (MIC) . . . . . . . . . . . . . .
3.2.3 MIC Receiver with Successive Interference Cancellation . . .
3.2.4 Enhanced VAMOS-MIC (V-MIC) . . . . . . . . . . . . . . . . .
3.2.5 Simulation Results . . . . . . . . . . . . . . . . . . . . . . . . .
3.2.6 Link-to-System Mapping . . . . . . . . . . . . . . . . . . . . .
L β -Norm Detection for ACCI . . . . . . . . . . . . . . . . . . . . . . .
3.3.1 System Model for ACCI . . . . . . . . . . . . . . . . . . . . . .
3.3.2 Analysis of ACCI . . . . . . . . . . . . . . . . . . . . . . . . . .
3.3.3 L β -Norm Metric . . . . . . . . . . . . . . . . . . . . . . . . . . .
3.3.4 Confidence Analysis . . . . . . . . . . . . . . . . . . . . . . . .
3.3.5 Simulation Results . . . . . . . . . . . . . . . . . . . . . . . . .
Summary . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .

1
3

9

9
10
13

19
19
20
20
21
23
23
24
28
32
32
33
34
35
38
40
41
42
44
47
49
49
52

xiv

Contents

4 Radio Resource Allocation
4.1
4.2
4.3
4.4
4.5
4.6

Problem Formulation . . . . . . . . . . . . .
Radio Resource Allocation Mapping Table .
Power Allocation and Pairing Algorithm . .
Determination of Number of Paired Users .
Simulation Results . . . . . . . . . . . . . .
Summary . . . . . . . . . . . . . . . . . . . .

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

.
.
.
.
.
.

55
55
57
57
59
60
70

II SC-FDMA Uplink Transmission

71

5 System Model

73

5.1
5.2
5.3

Introduction . . . . . . . . . . . . . . . . . . . . .
Fundamentals of LTE . . . . . . . . . . . . . . . .
Transmission Model . . . . . . . . . . . . . . . .
5.3.1 Time-Domain Transmission Model . . . .
5.3.2 Frequency-Domain Transmission Model

6 SC-FDMA Receiver Algorithms
6.1
6.2
6.3
6.4

6.5

ZF Receiver . . . . . . . . . .
MMSE Receiver . . . . . . . .
SIC Receiver . . . . . . . . . .
Other Receivers . . . . . . . .
6.4.1 Trellis-Based Receiver
6.4.2 DFE Receiver . . . . .
Summary . . . . . . . . . . . .

.
.
.
.
.
.
.

.
.
.
.
.
.
.

.
.
.
.
.
.
.

.
.
.
.
.
.
.

.
.
.
.
.
.
.

.
.
.
.
.
.
.

.
.
.
.
.
.
.

.
.
.
.
.
.
.

.
.
.
.
.
.
.

.
.
.
.
.
.
.

.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.

7 Channel Acquisition, Power Allocation, and Beamforming
7.1

7.2
7.3
7.4

Channel Acquisition . . . . . . . . . . . . . .
7.1.1 Sounding Reference Signals in LTE . .
7.1.2 Interpolation in Frequency Direction .
7.1.3 Prediction in Time Direction . . . . .
7.1.4 MSE Analysis . . . . . . . . . . . . . .
Power Allocation with QoS Requirements . .
Beamforming . . . . . . . . . . . . . . . . . .
7.3.1 Beamforming with QoS Requirements
7.3.2 Simulation Results . . . . . . . . . . .
Summary . . . . . . . . . . . . . . . . . . . . .

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

8 User Pairing/Grouping and Radio Resource Allocation
8.1

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.
.

Criteria for User Pairing/Grouping and Time/Frequency Allocation
8.1.1 Random Grouping and Time/Frequency Allocation . . . . . .
8.1.2 Capacity Grouping . . . . . . . . . . . . . . . . . . . . . . . . .
8.1.3 Bit Error Rate Grouping . . . . . . . . . . . . . . . . . . . . . .
8.1.4 Power Minimization with QoS Constraints Grouping . . . . .
8.1.5 Achievable Data Rate with Fairness Constraints Grouping . .

73
75
77
78
83

87
87
88
90
93
93
94
95

97

97
98
100
102
104
107
110
111
116
118

121
122
123
123
124
126
127

xv

Contents
8.2
8.3

8.4

8.5

8.6

8.7

8.8

User Pairing in Time Direction . . . . . . . . . . . . . . . . . . . . . .
8.2.1 User Pairing Algorithm . . . . . . . . . . . . . . . . . . . . . .
8.2.2 Simulation Results . . . . . . . . . . . . . . . . . . . . . . . . .
Joint User Grouping and Frequency Allocation . . . . . . . . . . . . .
8.3.1 Problem Formulation . . . . . . . . . . . . . . . . . . . . . . .
8.3.2 Full Search . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
8.3.3 Hungarian Algorithm . . . . . . . . . . . . . . . . . . . . . . .
8.3.4 Binary Switching Algorithm . . . . . . . . . . . . . . . . . . .
8.3.5 Hungarian Algorithm & Binary Switching Algorithm . . . . .
8.3.6 Complexity Analysis . . . . . . . . . . . . . . . . . . . . . . . .
8.3.7 Simulation Results . . . . . . . . . . . . . . . . . . . . . . . . .
8.3.8 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
Codebook Aided User Pairing . . . . . . . . . . . . . . . . . . . . . . .
8.4.1 Preliminaries . . . . . . . . . . . . . . . . . . . . . . . . . . . .
8.4.2 Pairing Proposal Algorithm . . . . . . . . . . . . . . . . . . . .
8.4.3 Global Vector Quantization Algorithm . . . . . . . . . . . . .
8.4.4 Simulation Results . . . . . . . . . . . . . . . . . . . . . . . . .
8.4.5 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
Power Allocation and QoS . . . . . . . . . . . . . . . . . . . . . . . . .
8.5.1 Overall Optimization . . . . . . . . . . . . . . . . . . . . . . . .
8.5.2 Algorithms . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
8.5.2.1 Joint Optimal . . . . . . . . . . . . . . . . . . . . . . .
8.5.2.2 Best SIMO and Best Pair (BSBP) Algorithm . . . . . .
8.5.2.3 Hungarian Algorithm and Binary Switching (HABS)
8.5.3 Simulation Results . . . . . . . . . . . . . . . . . . . . . . . . .
8.5.4 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
Beamforming and QoS . . . . . . . . . . . . . . . . . . . . . . . . . . .
8.6.1 Joint User Pairing, Frequency Allocation, and BF . . . . . . . .
8.6.1.1 Overall Optimization . . . . . . . . . . . . . . . . . .
8.6.1.2 Algorithms . . . . . . . . . . . . . . . . . . . . . . . .
8.6.2 Simulation Results . . . . . . . . . . . . . . . . . . . . . . . . .
8.6.3 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
Fair Data Rate Maximization & Influence of Erroneous CSI . . . . . .
8.7.1 Joint User Pairing and Frequency Allocation . . . . . . . . . .
8.7.1.1 Problem Formulation . . . . . . . . . . . . . . . . . .
8.7.1.2 Algorithms . . . . . . . . . . . . . . . . . . . . . . . .
8.7.2 Simulation Results . . . . . . . . . . . . . . . . . . . . . . . . .
8.7.3 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
Summary . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .

127
128
129
131
132
133
134
135
136
137
138
143
144
144
145
145
149
151
152
152
153
153
153
156
157
161
161
162
162
163
163
167
167
168
168
169
170
175
175

9 Conclusion

177

A Combinatorial Optimization

181

A.1 Combinatorial Optimization . . . . . . . . . . . . . . . . . . . . . . . . 181
A.2 Graphs . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 182
A.3 Matching Problems . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 184

xvi

Contents
A.4 Weighted Matching Problems . . . . . . . . . . . .
A.4.1 Assignment Problems . . . . . . . . . . . .
A.4.2 Nonbipartite Weighted Matching Problems
A.5 Multi-Dimensional Matching Problems . . . . . .
A.6 Summary . . . . . . . . . . . . . . . . . . . . . . . .

B Channel Model

B.1 Discrete-Time SISO Channel Model . . . .
B.1.1 Multipath Fading . . . . . . . . . .
B.1.2 Shadowing and Propagation Loss
B.2 GMSK as Filtered Version of BPSK . . . .
B.3 MIMO Channel Model . . . . . . . . . . .

.
.
.
.
.

.
.
.
.
.

.
.
.
.
.

.
.
.
.
.

.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

.
.
.
.
.
.
.
.
.
.

185
186
187
189
190

191
191
191
196
197
198

C Author’s Publication List

199

Glossary

203

List of Figures

221

List of Tables

225

Bibliography

227

Abbreviations . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 203
Operators . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 206
Symbols . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 207

1

Chapter 1
Introduction
1.1 Motivation
In recent years, an exponential growth in mobile data usage has been observed.
Predictions in [Cis13] suggest that this growth will continue for the next decades. To
cope with this increasing demand with limited expenses, operators must increase
the spectral efficiency of their mobile communication networks. Radio spectrum
licenses are very expensive and the spectrum in the low GHz region is scarce. Therefore, operators try to reallocate the radio spectrum previously assigned to systems
like the Global System for Mobile Communications (GSM) to future radio access
technologies, which is usually referred to as refarming of spectrum. However, the
reduction of the spectrum available for existing mobile communication networks
causes network capacity shortages.
For GSM, the refarming of spectrum has been already conducted or is considered
by various network operators world wide. Especially spectrum at 1800 MHz, widely
used by GSM all over the world, is nowadays often partially refarmed for Long Term
Evolution (LTE) usage [Int12]. However, GSM is still the dominating standard for
voice transmission and is expected to continue to play a central role as a ubiquitous
mobile communication system for cell phone conversations. Therefore, also the
spectral efficiency of a GSM voice transmission should be increased, which was
the main task of the study item Multi-User Reusing One Slot (MUROS) in 3GPP
TSG GERAN [Nok07, CFK08]. The MUROS study item led to the standardization
of Voice services over Adaptive Multi-user channels on One Slot (VAMOS) [SHP11],
where the capacity is increased by deliberately overlaying two users in the same
time slot and frequency resource within a cell. By this, in principle, the number of
simultaneous voice transmissions in one cell can be doubled using the same radio
spectrum within one cell. Therefore, the refarming of spectrum for other radio access
techniques like LTE is enabled with VAMOS [PVI12].
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The transmission of two Gaussian minimum-shift keying (GMSK) signals in one
time slot and frequency resource according to the VAMOS concept is referred to as
orthogonal sub-channels (OSC) transmission. In this thesis, we only consider the
downlink of OSC transmission, which is more challenging than the uplink because
usually only one receive antenna at the mobile station (MS) can be assumed. For OSC
transmission, modified receiver architectures, adjusted to the special signal structure,
should be employed. Although legacy receivers, which are not optimized for OSC
transmission, can still be used, the performance can be significantly improved with
enhanced OSC receivers, which is demonstrated in this thesis. More specifically,
channel estimation, equalization, and interference cancellation are optimized for the
special signal properties of an OSC transmission.
The OSC concept provides an additional degree of freedom for radio resource
allocation (RRA): it is possible to optimize the selection of the MSs that share the
same time slot and frequency resource within one cell. Since multiple MSs are
usually active in one cell, the users which are paired and therefore receive their
signals in the same time slot and frequency resource can be determined according
to some strategy. In this thesis, active MSs are referred to as users and therefore the
term “user pairing” is introduced to refer to this RRA technique. A practical user
pairing strategy for VAMOS is proposed in this thesis and evaluated via network
simulations.
In the first release of LTE, “Release 8”, the use of only a single transmit antenna at
the MS is specified [SBT11]. In contrast to the downlink of this LTE release, where
single user multiple-input multiple-output (MIMO) transmission can be employed
in conjunction with orthogonal frequency-division multiple access (OFDMA), a
single user MIMO transmission is not specified for the uplink, which utilizes singlecarrier frequency-division multiple access (SC-FDMA) transmission. However, to
improve the spectral efficiency of the uplink of LTE, it is possible to use virtual
MIMO (V-MIMO) transmission, which is also referred to as multi-user MIMO. Here,
multiple or two users, each equipped with a single antenna, transmit on the same
time and frequency resource to the base station (BS). These users are called a group or
a pair, respectively. The BS separates the signals of the users of one pair/group with
the aid of multiple receive antennas. The basic concept of this V-MIMO transmission
is similar to the OSC principle in VAMOS. Thus, for the uplink of LTE, it is again
possible to optimize the user pairing/grouping to facilitate a good separation of the
user signals at the BS.
To enable the separation of the users of a V-MIMO SC-FDMA transmission over a
frequency-selective wireless channel, equalization is necessary. Therefore, different
equalizers are proposed in this thesis that facilitate removal of intersymbol inter-
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ference (ISI) and spatial separation of the received signals at the BS. A reference
signal based algorithm for channel acquisition is introduced, which is required
to obtain channel state information (CSI) for RRA. Moreover, power allocation
and beamforming (BF) for V-MIMO transmission are considered, given quality of
service (QoS) constraints in the form of data rate requirements for each user.
Different criteria can be used to optimize the user pairing/grouping for a V-MIMO
SC-FDMA transmission. Therefore, several criteria are proposed and investigated in
this thesis. The user pairing/grouping problem is a very challenging combinatorial
optimization problem and often cannot be solved in an optimal way with reasonable
computational complexity. There is a need for algorithms with low computational
complexity and close-to-optimum pairing/grouping results. Furthermore, also the
influence of suboptimal CSI on the performance of the user pairing is worth being
analyzed since in practice perfect CSI cannot be guaranteed.
V-MIMO transmission is viewed as one of the enabling techniques for the future
mobile communication systems [ZAW13]. A shift of paradigms is expected for these
systems, away from the pure individual user optimization to an optimization of
the whole network, where the overall satisfaction of all users in the cell is to be
maximized. The MS is usually the limiting device and sophisticated techniques like
user pairing and V-MIMO can overcome some of these limitations by spending processing capabilities for intelligent RRA at the BS. Currently, two main applications
of user pairing in mobile communication systems exist:
• User pairing for VAMOS OSC channels, which is considered in Part I, and
• user pairing/grouping for V-MIMO transmission in the uplink of LTE, which
is considered in Part II.
Many of the ideas for user pairing and V-MIMO transmission proposed in this
thesis are general concepts that can also be reused in other future communication
systems. Moreover, user pairing is a highly attractive tool to increase the spectral
efficiency of existing mobile communication systems without the need for multiple
antennas at the MS.

1.2 Outline of Thesis and Contributions
This thesis is divided into two parts, where the first Part considers OSC downlink
transmission and SC-FDMA uplink transmission is treated in the second Part. In
both parts, user pairing is investigated for the respective system.
Part I starts with a short introduction to VAMOS and the fundamentals of GSM in
Chapter 2. The signal model of an OSC transmission is introduced in the remainder
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of this chapter. In Chapter 3, first joint channel and subchannel power imbalance
ratio (SCPIR) estimation for a VAMOS downlink transmission are considered. Two
estimation algorithms are proposed and the Cramer-Rao lower bound (CRB) for
the joint estimation of the channel and the SCPIR is derived. Several receiver architectures for OSC downlink transmission are proposed and their performance is
analyzed via link level simulations. A novel receiver for OSC transmission, optimized for asynchronous co-channel interference (ACCI) and unknown length of the
overlap of the interferer with the desired signal is proposed, using a Generalized
Gaussian probability density function (pdf) for metric calculation. This is referred
to as L β -norm metric, instead of the L 2 -norm metric, which is employed by the
conventional equalizer. In Chapter 4, we formulate the joint user pairing and RRA
problem for VAMOS with the aim to minimize the transmit power. The underlying combinatorial optimization problem is revealed and solved optimally with a
low complexity algorithm. A VAMOS network simulation finally demonstrates the
achievable network capacity gains of the proposed user pairing and RRA algorithm
in conjunction with the proposed receiver algorithms.
Part II of this thesis starts with the system model of an LTE uplink transmission
in Chapter 5. After a short introduction to V-MIMO systems, the fundamentals
of an LTE uplink transmission are introduced. Furthermore, the system model
in time and frequency domain of a combined V-MIMO SC-FDMA transmission
is established. Several SC-FDMA receiver algorithms for a V-MIMO transmission
are discussed in Chapter 6. In particular, a zero-forcing (ZF), minimum meansquared error (MMSE), and novel successive interference cancellation (SIC) receiver
are outlined in detail. Beyond that, some equalization alternatives for a V-MIMO
SC-FDMA transmission are also revisited. The first section of Chapter 7 considers
channel acquisition based on reference signals. Filter coefficients for independent
interpolation in frequency direction and prediction in time direction are derived
and a mean-squared error (MSE) expression for the resulting estimation/prediction
error is presented and analyzed. In the following section, the required transmit
powers, constant for all subcarriers, are derived for a prescribed rate requirement
and ZF equalization. For MMSE equalization, the optimization problem is stated,
but a closed form solution cannot be obtained. The last section of Chapter 7 considers
BF with rate requirements. Here, BF filter coefficients are optimized per subcarrier,
assuming a ZF equalizer at the receiver side; the optimal BF filter coefficients are
deduced using convex optimization and the Karush–Kuhn–Tucker (KKT) optimality
conditions. For MMSE equalization, the BF optimization problem is stated.
In the last chapter of the second part, Chapter 8, user pairing/grouping algorithms are discussed. First, we introduce different criteria for user pairing/grouping.
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Then, we start with the most basic form of user pairing, where pairs transmit in
subsequent subframes in time and show that this problem is a standard combinatorial optimization problem that can be solved optimally by algorithms with
low computational complexity. Subsequently, joint user grouping and frequency
allocation is considered. The combinatorial optimization problem is revealed as
being nondeterministic polynomial time (NP)-hard and a novel iterative, suboptimal
algorithm with significantly reduced complexity, yet close-to-optimal performance,
is proposed. In the following section, a novel codebook aided joint user pairing and
frequency allocation algorithm is proposed which exhibits a very low computational
complexity. Algorithms for joint user pairing and frequency allocation, given a QoS
requirement, are considered in the sequel. First, constant power factors for all users
are assumed in the optimization; then BF is studied, where a BF filter coefficient is
optimized for every subcarrier of a user. These problems have not been considered
for SC-FDMA in the literature before and several novel algorithms are proposed to
solve them with low computational complexity. It is shown, that well-designed user
pairing combined with constant power allocation (CPA) already achieves a large
portion of power savings accomplished for a combination of user pairing with BF.
Finally, data rate maximization under fairness constraints is studied. Here, we focus
on the influence of erroneous CSI on the achievable data rate of joint user pairing
and frequency allocation. We observe that reliable CSI is important to approach the
potential data rate gains. For a higher speed of the users, the performance gap of
random pairing and more sophisticated pairing algorithms becomes small due to a
unreliable prediction of the CSI.
Chapter 9 concludes the thesis and summarizes the main findings of both parts.
In Appendix A, a short introduction to combinatorial optimization and the combinatorial optimization algorithms used in this thesis is given. The channel model
used throughout this thesis is explained in Appendix B and Appendix C gives an
overview of the author’s publications.
The major novel contributions of this thesis are as follows:
• Algorithms for the joint estimation of SCPIR and channel impulse response
for OSC transmission (Chapter 3).
• Derivation of the CRB for joint SCPIR and channel impulse response estimation
for OSC transmission (Chapter 3).
• Several receivers for equalization and interference cancellation for a downlink
OSC transmission (Chapter 3).
• A user pairing algorithm for VAMOS, considering realistic knowledge about
the interference situation in the network (Chapter 4).
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• A SIC receiver for a V-MIMO SC-FDMA transmission (Chapter 6).
• A channel acquisition algorithm for sounding reference signal (SRS) based
channel interpolation and prediction in the uplink of LTE (Chapter 7).
• Analysis of power allocation and BF, respectively, for V-MIMO SC-FDMA
transmission with QoS requirements in form of prescribed data rates (Chapter 7).
• A user pairing algorithm for SC-FDMA, where the pairs transmit in subsequent
subframes (Chapter 8).
• Several complexity reduced algorithms for joint user pairing/grouping and
frequency allocation for SC-FDMA (Chapter 8).
• Design of user pairing in conjunction with CPA and BF, respectively, for
SC-FDMA (Chapter 8).
• Investigation of the influence of erroneous CSI on the user pairing performance
for SC-FDMA (Chapter 8).

Notation
Throughout this thesis, bold lower case letters and bold upper case letters refer
to column vectors and matrices, respectively, if not stated otherwise. In Part I,
frequency-domain and time-domain variables are denoted with upper case and
lower case, respectively, (non-bold) letters. In Part II, time-domain variables are
distinguished from frequency-domain variables with an additional superscript ( · ) t ;
for frequency-domain variables we use lower case letters without superscript.
A list of all operators and symbols can be found in the Glossary at the end of this
thesis.

7

Part I
OSC Downlink Transmission

9

Chapter 2
System Model
2.1 Introduction
The Global System for Mobile Communications (GSM) is still by far the most popular cellular communication system worldwide. Especially in emerging markets,
there is the need for a major voice capacity enhancement of GSM in order to meet
the demands of the customers. Different approaches to improve the spectral efficiency of GSM have been discussed. For example, a tighter frequency reuse might
be employed which, however, leads to increased interference from other users
within the system. Interference suppression techniques are required in order to
avoid a performance degradation for small frequency reuse factors. To this end,
single antenna interference cancellation (SAIC) algorithms have been developed,
e.g. [SH03, HBHXK05, MGSH06, CP06], exploiting the special properties of the
Gaussian minimum-shift keying (GMSK) modulation used in GSM, which can be
well approximated by filtered binary phase-shift keying (BPSK). These algorithms
are already employed in commercial GSM terminals. Especially for downlink transmission they are highly beneficial because only a single receive antenna is required
at the mobile station (MS) for interference suppression.
The evolution of GSM is still ongoing and several extensions of the standard
are currently under discussion or have been already standardized [GSM11]. With
the study item Multi-User Reusing One Slot (MUROS) in 3rd Generation Partnership Project (3GPP) Technical Specification Group (TSG) GSM EDGE Radio Access Network (GERAN), an alternative to smaller reuse factors was proposed for
a voice capacity enhancement, cf. [Nok07, CFK08]. The MUROS study item led to
the standardization of Voice services over Adaptive Multi-user channels on One
Slot (VAMOS) [SHP11], where the network capacity is increased by deliberately
overlaying two users in the same time slot and frequency resource within a cell. By
this, in principle, the capacity can be doubled. Therefore, VAMOS is also one of the
key enablers for the refarming of spectrum for other radio access techniques like
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Long Term Evolution (LTE) [PVI12]. However, in the downlink, only a single receive
antenna can be assumed for both involved MSs, and for each of the MSs, the two
overlaid transmit signals of the base station (BS) travel through the same propagation
channel. With the aim of enabling a sufficiently good user separation and backward
compatibility to the legacy GSM system, the orthogonal sub-channels (OSC) concept
is applied in the downlink of VAMOS [TR410]. In order to take into account that
each user in a VAMOS user pair may experience different propagation conditions
(large-scale fading), different powers are assigned to both transmit signals resulting
in a certain subchannel power imbalance ratio (SCPIR) [Nok07]. When the other user
in the pair is transmitted with significantly lower power than the signal of interest, a
better detection performance for users with high path loss or strong interference is
enabled by the lower interference contribution of the other user.
Efficient receiver algorithms are necessary to cope with the interference in a
VAMOS OSC downlink system with reasonable implementation effort. Such algorithms will be discussed in Chapter 3. Radio resource allocation (RRA) for VAMOS
will be considered in Chapter 4.
In Section 2.2 of this chapter, first a brief overview of the fundamentals of GSM
is given, where we limit our discussion to topics that are relevant to the VAMOS
concept and OSC transmission covered in the following chapters. Based on these
fundamentals, the signal and network model of the considered OSC downlink
transmission is introduced in Section 2.3.

2.2 Fundamentals of GSM
GSM is a frequency-division duplex (FDD) system, i.e., uplink and downlink use different frequency bands, and a combination of time-division multiple access (TDMA)
and frequency-division multiple access (FDMA) is employed [Koc13]. Due to the
use of TDMA, all transmissions are partitioned in time direction in time slots with
a duration of 15/26 ms ≈ 577 µs. Eight consecutive time slots constitute one timedivision multiplexing (TDM) frame of length 4.615 ms. For a speech transmission,
only one time slot per frame can be allocated to the same MS – BS link, which is
referred to as a burst. The total bandwidth is partitioned into several carriers, where
a frequency separation of 200 kHz is used. In cellular communication systems, each
cell is usually restricted to use only a subset of all available carrier frequencies and
neighboring cells use non-overlapping sets of carrier frequencies to avoid interference. The frequency reuse factor defines the number of non-overlapping carrier
frequency sets and therefore also determines how many cells in a basic cluster use
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Figure 2.1: Example of a time-frequency allocation in a cell with FH [Koc13].
different frequency sets. In GSM slow frequency hopping (FH) can be used. With
FH the carrier frequency changes from time slot to time slot [Koc13].
Fig. 2.1 depicts an example for the time-frequency allocation of a user in a cell.
Different carrier frequencies are marked on the ordinate by f i , with i ∈ {1, . . . , 4},
and the numbers on the abscissa denote the TDM frame number. Time slot 1 employs
FH and therefore a different frequency is used in every consecutive frame.
In this work, we only consider the traffic channel (TCH) of a GSM transmission.
A TCH is used for the transmission of user data, and full rate (FR) and half rate
(HR) TCHs are defined. A full rate TCH has a gross data rate of 22.8 kbit/s and is
transmitted in consecutive frames1. In contrast, a half rate channel has a gross data
rate of 14.4 kbit/s and only every second frame is allocated [Koc13].
For speech transmission, in GSM the adaptive multi rate (AMR) audio codec is
used. Both source and channel coding are performed by the AMR encoder and
robustness and speech quality can be exchanged by switching between different
output data rates of the source encoder. Table 2.1 lists all possible AMR source coding
data rates according to [3GP12a], including the codec mode for silent descriptor (SID)
which is used for speech signal pauses. The speech quality depends on the AMR
source encoder data rate and the transmission mode, i.e., HR or FR. The higher the
data rate of the AMR source encoder, the better the speech quality.
The source encoder has the capability to detect speech pauses. To save battery
and to use less radio resources, during speech pauses the transmission is stalled,
which is called discontinuous transmission (DTX) [Koc13]. The start as well as the
end of the DTX pause are indicated via special signaling.
1 In

practice, some frames with specific TDM frame numbers are reserved for special purposes and
no TCH is transmitted.
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Table 2.1: AMR speech codec source data rates [3GP12a].
Codec mode

Source codec data rate

AMR_12.20
AMR_10.20
AMR_7.95
AMR_7.40
AMR_6.70
AMR_5.90
AMR_5.15
AMR_4.75
AMR_SID

12.20 kbit/s
10.20 kbit/s
7.95 kbit/s
7.40 kbit/s
6.70 kbit/s
5.90 kbit/s
5.15 kbit/s
4.75 kbit/s
1.80 kbit/s

The number of bits obtained after channel encoding depends on the chosen transmission rate. As mentioned before, for GSM speech transmission two different
transmission formats are possible, FR and HR transmission. The channel encoder
adapts the redundancy introduced by the convolutional encoder to the target data
rate of the transmission. The bits after channel encoding are interleaved over eight
time slots for FR transmission, whereas for HR transmission interleaving is applied
over four time slots. AMR encoded speech with FR and HR format is usually referred to as adaptive full rate speech (AFS) and adaptive half rate speech (AHS),
respectively. For example AHS 5.9 refers to a HR transmission with AMR speech
codec with source data rate of 5.90 kbit/s.
In the following section, the transmission chain with symbol mapping, transmission over the channel and detection is described. After detection, deinterleaving
of the soft information interleaved over four or eight time slots is performed. The
task of the channel decoder is to reconstruct the bits, originally delivered by the
speech encoder, from this soft information, exploiting the redundancy introduced
by the channel encoder. The speech decoder uses the bits or soft information output
by the channel decoder to reconstruct the speech signal. In case of errors, error
concealing methods can be used. During DTX signaled speech pauses, “comfort
noise” is usually generated to create the illusion of the background noise in plain
old telephone lines [Koc13].

2.3 Transmission Model
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Figure 2.2: Uplink and downlink of a VAMOS transmission.

2.3 Transmission Model
Figure 2.2 depicts the uplink and downlink of a VAMOS transmission, respectively,
with one BS and two MSs. In the uplink direction, depicted in Fig. 2.2a, MS 1 and
MS 2 transmit their signals to the same BS. Both MSs transmit in the same time
slot and the same frequency resource. Current GSM BSs are usually equipped
with multiple receive antennas. Therefore, a virtual multiple-input multiple-output
(V-MIMO) system arises in the uplink of a VAMOS transmission. In contrast, for a
VAMOS downlink transmission, the scenario depicted in Fig. 2.2b usually holds. The
BS transmits the signals for both MSs in the same time slot and the same frequency
resource. Each MS therefore receives the superposition of the signals for both
MSs. In contrast to the BS, only one receive antenna can be assumed for low cost
GSM handsets. Since both downlink signals experience the same transmission
channel from the BS to the MS of interest, sophisticated algorithms are necessary
to reconstruct the signal of interest with only one receive antenna. Due to this
challenging situation in the downlink of a VAMOS transmission, this work only
considers the downlink direction.
In one cell of a GSM network, usually several MSs are active, i.e., transmit their
signals. In the following, we refer to active MSs as users2 and we will only consider
the users sharing the same time slot and the same frequency resource in this cell.
Users transmitting in other time slots do not interfere with the users of interest, if
the guard interval is sufficiently long [Koc13]. This is a valid assumption for a GSM
deployment in an urban environment, which is assumed in this work.

2 Also

MSs in DTX mode are considered as active MSs and will be also referred to as users.
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Figure 2.3: Cells of a mobile network with reuse factor 3 and no cell sectorization.
One source for interference is caused by adjacent channel users due to the finite
slopes of realizable channel selection filters and the non-ideal shape of the power
spectral density of the transmit signals in adjacent channels [Koc13]. Additionally,
interference originates from co-channel cells. In a cellular mobile communications
system a frequency reuse is usually employed [Rap02], i.e., some neighbor cells
also use the same frequencies that are used in the cell of interest. Due to growing
signal attenuation with increased distance and shadowing effects in dense urban
deployments, significant co-channel interference (CCI) is only caused by BSs in cells
close to the cell of interest. Fig. 2.3 shows the cell of interest in the center. BSs are
marked with red dots. The cells marked with the pattern are the nearest cells that
reuse the same frequencies assuming a reuse factor of 3. The signals originating
from these cells usually contribute the most to the CCI experienced in the cell of
interest, if omnidirectional antennas are used. To ease visualization, users are not
depicted in Fig. 2.3.
In the considered model of an OSC downlink transmission, we focus on one
specific cell. The BS of this cell serves a random number N of users i ∈ U 
{1, 2, . . . , N }. Up to two users, corresponding to one pair, are served in the same
time slot and the same frequency resource. For modeling of the transmission, we start
with the bits after source coding c o [µ] and c p [µ], with µ  {0, . . . , Nbits −1}, for user o
and p, respectively, where Nbits denotes the number of bits after source coding. First,
the bits c o [µ] and c p [µ] are channel encoded and interleaved, resulting in the bits
d o [ν] and d p [ν], respectively, with ν  {0, . . . , Nencbits −1}, where Nencbits denotes the
number of encoded bits per codeword. Interleaving is applied over one frame, which
comprises Nbursts bursts. The transmit data symbols of each user i are obtained
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Figure 2.4: Structure of the GSM normal burst [Koc13].
from d i [ν] via BPSK mapping. These data symbols are distributed over several
time slots. In every time slot one burst of symbols for each user denoted by a o [k]
and a p [k], respectively, is transmitted. The data bearing symbols are multiplexed
with a training sequence, tail bits and stealing flags [Koc13]. Fig. 2.4 depicts the
structure of the GSM normal burst and the multiplexing of the symbols. The training
sequence is chosen from two training sequence code (TSC) sets. Both TSC sets contain
eight different training sequences each. The TSCs were designed with good autocorrelation and cross-correlation properties [CFK08]. For VAMOS a second set of
TSCs was introduced [TR410]. If user o uses TSC number 3 from the first TSC set,
then user p should use TSC number 3 from the second set of TSCs, because the TSCs
with the same number were designed with very good cross-correlation properties.
The TSCs are not only exploited for channel estimation, but are also used for other
purposes for which an a priori knowledge about the transmitted data is beneficial,
e.g., synchronization.
According to the OSC concept [Nok07], the first user of the pair (user o ∈ U)
and the second user (user p ∈ U, o , p) have a phase difference of 90◦ . In the
equivalent complex baseband, the received signal at user o after GMSK derotation
and for discrete time k ∈ {0, . . . , Nsym − 1}, with the number of symbols per burst
Nsym , can be written as

q

r̃ o [k]  G o

qh
X
κ0

h̃ o [κ]

q

q

!

Po a o [k − κ] + j Pp a p [k − κ] + ñ o [k] + q̃ o [k],

(2.1)

√
where · denotes the square-root operation and j is the imaginary unit. Here, the
discrete-time channel impulse response (CIR) h̃ o [k] of order q h is normalized to unit
energy without loss of generality and comprises the effects of GMSK modulation,
the mobile channel from the BS to the considered user o, receiver input filtering,
sampling, and GMSK derotation at the receiver. The path gain for transmission
from the BS to the receiver of user o is denoted by G o . It comprises the distance
attenuation and the large-scale fading, whereas h̃ o [k] only characterizes the smallscale fading for user o. We assume that h̃ o [k] is constant for the duration of one
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burst (block fading model) and unknown to the BS for RRA. G o changes only very
slowly and is therefore assumed to be constant and known to the BS with sufficient
accuracy by feedback from the user. Details about channel modeling are presented
in Appendix B. a o [k] and a p [k] refer to the BPSK transmit symbols of users o and p,
respectively, and both symbols have variance σa2 . The average transmit powers for
users o and p are denoted by Po and Pp , respectively. ñ o [k] and q̃ o [k] refer to discretetime additive white Gaussian noise (AWGN) of variance σñ2 o and adjacent channel
interference plus co-channel interference (CCI) from other cells at the receiver of
user o, respectively.
The received signal r̃ o [k] according to (2.1) is normalized by multiplication with
√
1/ Po to obtain a modified signal model. With the normalization, (2.1) now results
in
r o [k] 

qh
X
κ0

h o [κ] a o [k − κ] + j b a p [k − κ] + n o [k] + q o [k].





(2.2)

√
Here, the overall CIR of user o is denoted by h o [κ]  G o h̃ o [κ], whereas the CIR
of user p is the CIR of user o multiplied by the imaginary unit j and scaled by a
p √
factor b  Pp / Po , which is unknown at the receiver. n o [k] refers to AWGN with
variance σn2 o . The variance of the interference q o [k] is denoted by σq2o , assumed to be
constant within each burst due to synchronized network operation, and different for
each user. The received signal for user p can be obtained in an analogous way after
exchanging o and p in (2.2) and redefining h o [κ]. Single user GMSK transmission
for user o is included as a special case with Pp  0 in (2.1) and b  0 in (2.2). Fig. 2.5
depicts the corresponding block diagram of the normalized OSC transmission.
The average signal-to-noise ratio (SNR) of user o is given by
SNRo  ( G o Po σa2 ) /σñ2 o  ( G o σa2 ) /σn2 o .

(2.3)

The symbol constellation in the downlink of an OSC transmission is also referred
to as adaptive quadrature phase-shift keying (AQPSK) [SSR10]. The four different
signal points of the constellation are depicted in Fig. 2.6, where the axis labels ‘I’ and
‘Q’ stand for the inphase and quadrature component, respectively. The constellation
√
points are located on a circle with radius 1 + b 2 . Due to the fact that the power for
each user within a pair can be allocated individually, a power imbalance between

2.3 Transmission Model
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Figure 2.5: Block diagram of the transmit signals for both users of one OSC pair, the
channel, and the receiver of user o for an OSC downlink transmission.
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Figure 2.6: AQPSK signal constellation.
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the users arises. The corresponding subchannel power imbalance ratio (SCPIR) for
user o is defined as3
2

SCPIRo  10 log 10 ( Po /Pp )  10 log 10 (1/b )  20 log 10



π
tan
−α
2





,

(2.4)

where log x ( y ) denotes the logarithm of y to base x and tan ( · ) stands for the tangent
function. SCPIRo specifies the difference of both transmit powers within one pair in
dB. Obviously, SCPIRp  −SCPIRo is valid. It is possible to describe the SCPIR with
different parameters, either with the transmit powers of both users Po and Pp , the
factor b, or the angle α from Fig. 2.6. Due to receiver constraints, the power imbalance
within one pair is limited to a maximum value [3GP12b]. The maximally allowed
absolute value of SCPIR for RRA is denoted by SCPIRmax , i.e., |SCPIRi | ≤ SCPIRmax
must be valid for any user i, where | · | denotes the absolute value. The SCPIR must be
estimated along with the channel impulse response at the receiver, which is shown
in Section 3.1 to be feasible without any noticeable performance degradation to a
conventional GSM system.
Equalization and interference cancellation based on the received signal r o [k] of
Fig. 2.5 is described in the next chapter. The trellis-based soft-output equalizer
returns soft information about the data symbols. This soft information is deinterleaved and the channel decoder returns hard-decided or soft bits ĉ o [µ] to the speech
decoder.

3 We

note that this definition is reciprocal w.r.t. the powers compared to the definition in the 3GPP
standard [3GP12b], where SCPIRo  10 log 10 ( Pp /Po ) .
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Algorithms for channel and SCPIR estimation are essential components of VAMOS
downlink receivers. Different training sequence based channel and SCPIR estimation
techniques are therefore considered in Section 3.1. Furthermore, the Cramer-Rao
lower bound (CRB) for joint SCPIR and channel estimation is derived to benchmark
the proposed estimators. Exploiting the knowledge obtained by channel and SCPIR
estimation, single antenna receiver algorithms for interference cancellation and
channel equalization are proposed in Section 3.2, where synchronous CCI is assumed.
However, for the more general case of asynchronous co-channel interference (ACCI),
an L β -norm metric based receiver is proposed in Section 3.3.

3.1 Channel and SCPIR Estimation
The following channel and SCPIR estimation algorithms have also been presented in
[MGO09] and [RMO14], and the derivation of the CRB has been given in [RSG11].
In the following, we consider joint channel and SCPIR estimation. We need to
obtain these estimates of the CIR and the SCPIR for the subsequent detection algorithms. It should be taken into account that both user signals propagate to user o
through the same channel. We can rewrite (2.2) in matrix-vector notation as
ro  Ao ho + b Ap ho + no + qo ,

(3.1)

where ro denotes the vector of the normalized received symbols corresponding to
the time-aligned training sequences of both users, Ao and Ap represent M × ( q h + 1)
Toeplitz convolution matrices corresponding to the training sequences of users o
and p, respectively, with training sequence length Ntr , and ho  [h o [0] h o [1] . . .
h o [q h ]]T , where ( · ) T denotes the transpose. The number of received TSC symbols
used for channel estimation is given by M  Ntr − q h . With no and qo the vectors
containing the noise and interference contributions, respectively, are denoted. For
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simplicity, factor j in (2.2) has been absorbed in Ap . Furthermore, for channel estimation, it is assumed that the composite impairment wo  no + qo is a Gaussian vector
2 each.
with statistically independent entries having variance σw
o

3.1.1 Joint ML Estimation of Channel Impulse Response and
SCPIR
Under the Gaussian assumption for the composite impairment wo , the joint maximumlikelihood (ML) estimates for ho and b are obtained by minimizing the L 2 -norm
of the error vector e  ro − Ao ĥo − b̂ Ap ĥo , where ĥo and b̂ denote the estimated
∗
quantities. Differentiating eH e with respect to ĥo and b̂, respectively, and setting the
derivatives to zero results in the following two conditions for the ML estimates of
ho and b:
ĥo 




 −1

  −1 H

Ao + b̂ Ap
Ao + b̂ AHp ro  VH V
VH r o ,
} | {z }
| {z }

AHo + b̂ AHp

|

{z
VH

V

(3.2)

VH

and
1 H
b̂  ĥo AHp Ap ĥo
2



 −1  

H

ĥo Ap

H



H

ro − Ao ĥo + ro − ĥo Ao





H

H



Ap ĥo



.

(3.3)

Here, ( · ) H and ( · ) ∗ denote Hermitian transposition and conjugate, respectively, and
(·) −1 stands for the inverse. Equations (3.2) and (3.3) may be also viewed as the
ML channel estimate for a given b and the ML estimate of b for a given channel
vector, respectively [CFM91]. However, a closed-form solution for ĥo and b̂ from the
two coupled equations could not be obtained. Thus, a solution might be calculated
iteratively by inserting an initial choice for b̂ in (3.2), using the resulting channel
vector for refining b̂ via (3.3), and so on, until convergence is reached.

3.1.2 Blind Estimation of SCPIR
In an alternative approach, b is first estimated from the received vector according to
an ML criterion, assuming only knowledge of the channel statistics and both training
sequences. Subsequently, the ML channel estimation is performed with the obtained
b̂ using (3.2).
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Assuming ho is a complex Gaussian vector with auto-correlation matrix Φh o h o 
E{ho hHo }, where E{·} denotes the expectation, the probability density function (pdf)
of the received vector conditioned on b may be expressed as
pdf (ro | b ) 

1
π M det Φro ro |b





 exp −rHo Φ−1
r
,
o
r o r o |b

(3.4)

where exp ( · ) denotes the exponential function and det ( · ) stands for the determinant.
The conditional auto-correlation matrix is given by
Φro ro |b  E ro rHo | b  Ao + b Ap Φh o h o Ao + b Ap

(

)







H

2
+ σw
I ,
o M

(3.5)

with IX denoting the identity matrix of dimensions X × X. The ML estimate for b

can be obtained by maximizing the likelihood function ln pdf (ro | b ) , where ln ( · )
stands for the natural logarithm, using (3.4) and (3.5):


b̂ argmax

− rHo Φ−1
r r

o o

b̃



argmin rHo



b̃



+ ln det





| b̃

ro − ln det Φro ro | b̃





Ao + b̃ Ap Φh o h o Ao + b̃ Ap



Ao + b̃ Ap Φh o h o Ao + b̃ Ap







H

H

2
+ σw
I
o M

2
I
+ σw
o M

 −1



ro

.

(3.6)

As the optimal direct calculation of (3.6) cannot be determined in closed form, the
minimization of the one-dimensional function in (3.6) might be performed by, e.g., a
Golden section search technique [Bre73].

3.1.3 Complexity Comparison
It is interesting to compare the computational complexity of the algorithms described
in Section 3.1.1 and 3.1.2. For simplicity, we only determine the order of complexity
for both schemes. Here, f ( x )  O ( g ( x )) means that there exists a positive real
number C and a real number x0 such that | f ( x ) | ≤ C · | g ( x ) | ∀ x > x0 .
The computational complexity for (3.2) can be approximated by
O (( q h + 1) 2 ( Ntr − q h )) + O (( q h + 1) 3 ) + O (( q h + 1) 2 ) + O (( q h + 1)( Ntr − q h ))
≈ O (( q h + 1) 2 ( Ntr − q h )) . (3.7)
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The first term denotes the complexity of computing VH V. The second term approximates the complexity of the inversion of VH V. The complexity of the matrix-vector
multiplication VH ro is denoted by the third term. Finally, the last term stands for
the complexity of the multiplication of the matrix (VH V) −1 with vector VH ro . In
the following, we assume that ( Ntr − q h ) > ( q h + 1) , which is a reasonable assumption for typical values found in a practical GSM system, and therefore obtain an
approximated computational complexity of O (( q h + 1) 2 ( Ntr − q h )) .
In (3.3), calculating Ap ĥo has a computational complexity of O (( q h + 1)( Ntr − q h ))
H

and the vector-vector multiplication (ĥo AHp )(Ap ĥo ) has a complexity of O ( Ntr − q h ) .
H

The inverse is only a scalar division because the result of (ĥo AHp )(Ap ĥo ) is scalar.
Computing Ao ĥo has a computational complexity of O (( q h + 1)( Ntr − q h )) . Furthermore, the computational complexity of (ĥHo AHp ) (ro − Ao ĥo ) and (rHo − ĥHo AHo ) (Ap ĥo )
is O (( Ntr − q h )) and both result in a scalar. Therefore, the computational complexity
of (3.3) can be approximated by O (( q h + 1)( Ntr − q h )) . In total for the algorithm in
Section 3.1.1 we need a computational complexity of O (( q h + 1) 2 ( Ntr − q h )) in every
iteration.
For the algorithm in Section 3.1.2, we first need to calculate Φro ro |b according to
(3.5) which has an approximate complexity of O (( q h +1)( Ntr −q h ) 2 ) . Determining the
determinant and the inverse of Φro ro | b̃ in (3.6), both have a computational complexity
of O (( Ntr − q h ) 3 ) . The vector-matrix and vector-vector multiplications in rHo Φ−1
r
r o r o | b̃ o
2
have a complexity of O (( Ntr − q h ) ) and O ( Ntr − q h ) , respectively. The ln ( · ) operation
can be neglected and the dominant term is O (( Ntr − q h ) 3 ) . We have to recalculate
(3.5) and (3.6) for every step of the minimization by, e.g., a Golden section technique.
After convergence of the optimization of b̃, (3.2) must be computed once which has
a complexity of O (( q h + 1) 2 ( Ntr − q h )) .
If we assume the joint ML estimation in Section 3.1.1 needs Nit computations
of (3.2) and (3.3) to reach convergence, the computational complexity in terms of
complex multiplications is dominated by the matrix multiplication in (3.2) and
can be approximated as O ( Nit · ( q h + 1) 2 ( Ntr − q h )) . On the other hand, for the
blind estimation algorithm, the dominant terms are the inversion and determinant
operations. If we also assume that Nit iterations are necessary for the minimization
of (3.6), the computational complexity of the blind estimation algorithm can be
approximated as O ( Nit · ( Ntr − q h ) 3 ) . Thus, we conclude that the computational
complexity of the joint ML estimation is lower than that of the blind estimation of b.
Simulations have shown that, in principle, both proposed estimation approaches for
b perform equally well under practical conditions.

3.1 Channel and SCPIR Estimation
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3.1.4 CRB for Channel and SCPIR Estimation
For a real-valued parameter vector λ, containing unknown parameters to be estimated from observations, the Fisher information matrix (FIM) is defined as [Kay93]

!
!

∂ ln pr|λ ∂ ln pr|λ T 



,
J ( λ )  Er|λ 

∂λ
∂λ



(3.8)

where pr|λ is the conditional pdf of the vector with observations r. This pdf is also
called the likelihood function because it describes how parameter vector λ is related
to its observation r. The Cramer-Rao lower bound (CRB) allows us to lower bound the
error covariance matrix of an unbiased estimator and is therefore a good benchmark
for unbiased estimation algorithms. It is defined as [Kay93]
CRBλ  (J ( λ )) −1 .

(3.9)

For an unbiased estimate λ̂ and the estimation error λ̃  λ − λ̂, the error covariance
( T)
matrix Cλ̃  E λ̃ λ̃ satisfies
Cλ̃ − CRBλ ≥ 0,

(3.10)

where A ≥ 0 means that matrix A is positive semidefinite [Kay93]. For an unbiased
estimator, E{ λ̂}  λ is valid [Kay93].

3.1.4.1 Conventional GSM Transmission
The CRB for TSC based channel estimation for a conventional GSM transmission is
derived in [DCS97]. We can reuse the system model from (3.1) for a transmission of
the single user o by setting b  0. The CRB is then given by [DCS97]
2
CRBho  σw
(AHo Ao ) −1 ,
o

(3.11)

and it only depends on the values of the symbols of the TSC and the noise variance.
In the following, we denote the sum mean-squared error (MSE) of the components
of an estimate of ho by MSEho . A lower bound for MSEho is therefore given by
2
MSEho ≥ σw
trace (AHo Ao ) −1 ,
o

(

)

(3.12)

where trace{·} stands for the trace of a matrix.
For optimal TSCs minimizing MSEho and CRBho , AHo Ao is a scaled version of the
identity matrix [DCS97].
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3.1.4.2 VAMOS Transmission
For the derivation of the CRB for a downlink VAMOS transmission, we rewrite (2.2)
as
r o [k]  (ao [k] + j b ap [k]) ho + w o [k],

(3.13)

with k ∈ {q h + 1, q h + 2, . . . , Ntr }, and the row vector ai [k]  [a i [k] a i [k − 1] · · · a i [k −
q h ]] of user i ∈ {o, p} containing a section of the training sequence, where we index
the starting point of the training sequence by k  0 in ai [k]. This can be condensed to
r o [k]  s o [k] + w o [k],
with the information bearing part of the received signal s o [k]  (ao [k] + j b ap [k]) ho .
The vector with parameters that need to be estimated is
λ  b Re {h o [0]} . . . Re h o [q h ] Im {h o [0]} . . . Im h o [q h ]









,

where the channel impulse response has been separated into its real and imaginary
parts, with Re{·} and Im{·} denoting the real and imaginary parts of a complex
number, respectively, whereas b is per definition purely real-valued. The likelihood
function of r o [k|λ], the received signal given the parameter vector λ, is obtained as
Ntr
2+
1
1 X
*
/.
.
pro |λ (ro |λ ) 
exp
−
r
[k]
−
s
[k|λ]
o
o
2
( πσw2 o ) M
σw
o kq +1

,

h

-

The log-likelihood function can be expressed as
Ntr

1 X
ln pro |λ (ro |λ )  − 2
( r o [k] − s o [k|λ]) r o∗ [k] − s o∗ [k|λ] − M · ln ( πσw2 o ) .
σw o kq +1



h
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The derivative of the log-likelihood function with respect to λ m  [λ]m , where [x]m
denotes the mth element of vector x, can be calculated to


∂
ln p ro |λ (ro |λ ) 
∂λ m
Ntr
1 X
2
σw
o kq +1

r o∗ [k]

h

−


s o∗ [k|λ]

∂s ∗ [k|λ]
∂s o [k|λ]
+ ( r o [k] − s o [k|λ]) o

∂λ m
∂λ m

!

!
Ntr
∗ [k|λ]
∂s
1 X
∂s
[k|λ]
o
o
+ w o [k]
,
w ∗o [k]
2
∂λ m
∂λ m
σw
o kq +1

(3.14)

h

where ( r o [k] − s o [k|λ]) was substituted by w o [k].
The element in the mth row and nth column of the FIM J ( λ ) is defined by
Jm,n  [J ( λ ) ]m,n

∂ ln ( p ro |λ (ro |λ )) ∂ ln ( pro |λ (ro |λ ))
,
·
E
∂λ m
∂λ n

)

(

(3.15)

where [X]m,n denotes the element in the mth row and nth column of matrix X.
Inserting (3.14) into (3.15) yields

(
Jm,n  E

1

Ntr
X

Ntr
X

4
σw
o kq h +1 `q h +1

w ∗o [k]w o [`]

w ∗o [k]w ∗o [`]

∂s o [k|λ] ∂s o [`|λ]
+
∂λ m
∂λ n

∂s ∗ [k|λ] ∂s o [`|λ]
∂s o [k|λ] ∂s o∗ [`|λ]
+ w o [k]w ∗o [`] o
+
∂λ m
∂λ n
∂λ m
∂λ n

∂s ∗ [k|λ] ∂s o∗ [`|λ]
w o [k]w o [`] o
∂λ m
∂λ n

(3.16)

!)
.

For k , ` the noise samples w o [·] are uncorrelated and the expected value is zero.
Therefore, we only sum over values with k  `. Furthermore, for k  `, E{w 2o [k]} 
2 , which results from the
E{w ∗o 2 [k]}  0 and E{w ∗o [k]w o [k]}  E{w o [k]w ∗o [k]}  σw
o
assumed zero-mean Gaussian pdf.
Thus, (3.16) can be simplified to

Jm,n

!
Ntr
1 X ∂s o [k|λ] ∂s o∗ [k|λ] ∂s o∗ [k|λ] ∂s o [k|λ]
·
+
·
.
 2
∂λ m
∂λ n
∂λ m
∂λ n
σw o kq +1
h

(3.17)
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It is obvious from this expression that Jm,n  Jn,m always holds and therefore the FIM
is a symmetric matrix. The required partial derivatives according to the definition
of λ are
∂s o [k|λ]
 j ap [k] ho ,
∂b
∂s o∗ [k|λ]
 −j ap [k] h∗o ,
∂b

f
g
∂s o [k|λ]
 ao [k] + j b ap [k]
,
( x+1)
∂ Re {h[x]}

f
g
∂s o∗ [k|λ]
 ao [k] − j b ap [k]
,
( x+1)
∂ Re {h[x]}

f
g
∂s o [k|λ]
 j ao [k] + j b ap [k]
,
( x+1)
∂ Im {h[x]}
and

f
g
∂s o∗ [k|λ]
 −j ao [k] − j b ap [k]
,
( x+1)
∂ Im {h[x]}
with x ∈ {0, . . . , q h }.
The (2q h + 3) × (2q h + 3) FIM J can be separated into smaller blocks,



 J1 j2 j3 
J   j4 J5 J6  .


 j7 J8 J9 

(3.18)

With the specified partial derivatives the blocks of the FIM can be calculated. The
scalar J1 can be determined as
Ntr
2 X
J1  2
ap [k] ho ap [k] h∗o .
σw o kq +1
h

The ( x + 1) th elements (x ∈ {0, . . . , q h }) of the 1 × ( q h + 1) vectors j2 and j3 are
[j2 ] ( x+1)

Ntr


2 X
ap [k] b [ap [k]] ( x+1) Re {ho } − [ao [k]] ( x+1) Im {ho } ,
 2
σw o kq +1
h
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and
[j3 ] ( x+1)

Ntr


2 X
 2
ap [k] [ao [k]] ( x+1) Re {ho } + b [ap [k]] ( x+1) Im {ho } ,
σw o kq +1
h

respectively. Due to the symmetry properties of the FIM, the ( q h + 1) × 1 vectors j4
and j7 are given by
j4  jT2 and j7  jT3 .
The element in the ( x + 1) th row and the ( y + 1) th column (x, y ∈ {0, . . . , q h }) of
the ( q h + 1) × ( q h + 1) matrix J5 is given by
[J5 ] ( x+1) , ( y+1)

Ntr

2 X 
 2
[ao [k]] ( x+1) [ao [k]] ( y+1) + b 2 [ap [k]] ( x+1) [ap [k]] ( y+1) ,
σw o kq +1
h

and the elements of J6 are
[J6 ] ( x+1) , ( y+1)

Ntr

2 X 
 2
−b [ao [k]] ( x+1) [ap [k]] ( y+1) + b [ap [k]] ( x+1) [ao [k]] ( y+1) .
σw o kq +1
h

Again due to symmetry J8  JT6 holds. The elements of the ( q h + 1) × ( q h + 1) matrix
J9 are
[J9 ] ( x+1) , ( y+1)

Ntr

2 X 
 2
[ao [k]] ( x+1) [ao [k]] ( y+1) + b 2 [ap [k]] ( x+1) [ap [k]] ( y+1) ,
σw o kq +1
h

i.e., J5  J9 .
For every unbiased estimation λ̂ m (ro ) of a vector λ with Nparam deterministic
parameters λ m , m ∈ {1, . . . , Nparam }, the following holds [Kay93]
E ( λ̂ m (ro ) − λ m ) 2 ≥ [J−1 ]m,m

(

)

(3.19)

with [J−1 ]m,m being the mth diagonal element of the inverse of the FIM J.
The lower bound for the MSE of the SCPIR estimation of a VAMOS transmission
is now obtained as
MSEb ≥ [J−1 ]1,1 ,

(3.20)
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Figure 3.1: MSE versus SNR for the estimation of the channel coefficients (b  1).
and the lower bound for the sum MSE for the estimation of the channel impulse
response coefficients is
MSEho ≥

2q
h +3
X

[J−1 ]m,m .

(3.21)

m2

In contrast to the CRB for the channel impulse response estimation in conventional
GSM, now the performance does not only depend on the TSCs, but also on the actual
channel impulse response and the SCPIR value. Due to the required inversion of
the FIM in (3.18), a closed-form solution for the MSE cannot be given.

3.1.5 Simulation Results
In the following, numerical simulation results are presented in order to analyze
the performance of channel estimation for VAMOS in more detail. The MSEs of
the joint channel and SCPIR estimation algorithm according to Section 3.1.1 are
compared with the CRB for the joint estimation of the parameters. Thereby, the CRB
is evaluated for given parameters b and ho , i.e., for the calculation of the FIM the
actual values of the parameters are used. For each simulation, the SCPIR value is kept
constant, while 5,000 different random channel impulse responses of order q h  5
are generated with a complex normal distribution with a total channel variance
σh2  1. The resulting CRBs for the estimation of ho and b, respectively, are averaged
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Figure 3.2: MSE versus SNR for the estimation of the SCPIR (b  1).
over the realizations of the channel impulse response. The results are depicted vs.
the SNR1 of the composite signal of both users
2

SNR  (1 + b ) ·

σa2

2
σw
o

.

(3.22)

Due to the fact that the channel estimation algorithm also exploits the signal of the
orthogonal user, the factor (1+b 2 ) is incorporated in the SNR definition. Additionally,
σ2
the CRB for channel estimation for a conventional GSM transmission (SNR  σ2a )
wo
is given as a reference. This can be used to analyze the loss in channel estimation
accuracy due to the necessity of estimating the SCPIR factor. TSC 0 of the TSC set
for the conventional GSM system and the VAMOS TSC 0 [TR410] have been used
for the simulations.
Figure 3.1 depicts the MSE for channel impulse response estimation for b  1. This
case is of significant importance, since for b  1 both users’ signals are transmitted
with the same power. For a broad range of SNR values the proposed estimator
matches the CRB tightly and only for low SNRs a minor degradation in channel
estimation accuracy is visible. A loss compared to a conventional GSM channel
estimation is barely visible for this SCPIR value. For the estimation of b the results
are depicted in Fig. 3.2. For moderate-to-high SNR values, the bound and the
simulation results match well, while for low SNR values the simulation results are
1 We

note that here interference is also treated as noise, resulting in a modified SNR definition
compared to (2.3).
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Figure 3.3: MSE versus SNR for the estimation of the channel coefficients (b  1). Estimation algorithm according to [SC09] has been used for the simulation.
slightly better than the CRB. This is because for low SNR, the estimation of b is not
unbiased anymore.
Also a computationally less complex estimator as proposed in [SC09] has been
analyzed and the corresponding results for the channel coefficient estimation are
shown in Fig. 3.3. This estimator also matches the lower bound very tightly in a
broad range of SNRs. The results for the estimation of b are similar to those depicted
in Fig. 3.2 and therefore not shown.
For b ∈ {0.5, 2}, Fig. 3.4 depicts the MSE for the channel impulse response estimation. The CRBs for VAMOS and GSM are even closer for b  0.5 than for b  1, while
for b  2 the bounds are further apart. For both values of b the channel estimation
technique proposed in Section 3.1 matches the VAMOS CRB quite well. Hence, the
proposed channel estimation technique is well suited for the use in a VAMOS system. For increasing b the gap between the CRBs for VAMOS and conventional GSM
grows. Although a small b value is beneficial for the channel estimation performance
of the user o, this also results in a worse channel estimation performance for the
orthogonal user p.
Figure 3.5 shows the corresponding results for the SCPIR estimation. For the
estimation of b, we observe an MSE increase for b  2 compared to b  0.5. This
dependency of the MSE on b has been already observed for the MSE of channel
impulse response estimation. Although the SNR is increased according to (3.22) for
higher b, the estimation accuracy of the SCPIR estimation does not improve. This can
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Figure 3.4: MSE versus SNR for the estimation of the channel coefficients (b ∈
{0.5, 2}).
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Figure 3.5: MSE versus SNR for the estimation of the SCPIR (b ∈ {0.5, 2}).
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be explained with the help of the CRB for the estimation of b, assuming ho is known,
i.e., λ  [b]. For this case, the MSE is lower bounded by 1/J1 , which is independent
of b. Therefore, although the SNR increases with b, the MSE is constant, which
leads to a higher MSE if we consider the same SNR point for increasing b. Since
the accuracy of the joint parameter estimation depends on the estimation accuracy
of the individual parameters, this observation for the sole estimation of b explains
the MSE increase for the joint estimation of b and the channel impulse response.
Again, for moderate-to-high SNR values the bound and the simulation results match
well. For low SNR values the simulation results are slightly better than the CRB for
b  0.5, while for b  2 the performance of the estimation algorithm is noticeably
better than the bound for low SNR because the estimation is not unbiased anymore
in this regime2.
We can conclude that only a minor loss in channel estimation accuracy occurs due
to the additional estimation of the SCPIR and that the channel estimation does not
limit the gains achievable by VAMOS.

3.2 Equalization and Interference Cancellation
In the following, different equalization and interference cancellation algorithms are
introduced. In the literature, few papers consider VAMOS downlink receiver algorithms. In [VMKK11], SAIC receiver algorithms for VAMOS downlink transmission
are proposed. However, these algorithms are only optimized to suppress GMSK interferers. The algorithms proposed in this thesis have an improved capability to also
mitigate OSC interferers. In [MN13], algorithms for the OSC uplink are proposed,
whereas the algorithms proposed in this thesis are optimized for a single antenna
receiver in the downlink. The following algorithms have also been presented in
[MGO09, RMKG12].

3.2.1 Joint Maximum-Likelihood Sequence Estimation
(MLSE)
In noise limited scenarios, joint maximum-likelihood sequence estimation (MLSE) of
sequences a o [·] and a p [·] (or a corresponding soft-output Viterbi algorithm [FBLH98]
or Bahl–Cocke–Jelinek–Raviv (BCJR) algorithm [KB89] producing soft outputs) is

2 This

is because also for low SNRs, the estimate of b tends to converge to a limited value.
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optimal. For this, a Viterbi algorithm (VA) can be used in a trellis diagram with
states
S̃[k]  [ã o [k − 1] ã p [k − 1] . . . ã o [k − q h ] ã p [k − q h ]],

(3.23)

where ã o [·], ã p [·] denote the trial symbols of the sequence estimator. The branch
metric for the state transitions is given by
Λ[k]  r o [k] −

qh
X
κ0

ĥ o [κ] ã o [k − κ] − j b̂

qh
X
κ0

2

ĥ o [κ] ã p [k − κ] ,

(3.24)

which can be viewed as the L 2 -norm of an error signal. Equivalently, an MLSE can
be applied for the modified 4-ary quadrature amplitude modulation constellation,
also referred to as AQPSK, {−1 − j b̂, −1 + j b̂, +1 − j b̂, +1 + j b̂}. In both cases, the VA
requires 4q h states.

3.2.2 Mono Interference Cancellation (MIC)
For reconstruction of the sequence of interest a o [·], also a standard SAIC algorithm
can be employed. Therefore, legacy MSs supporting downlink advanced receiver
performance (DARP) phase I [3GP13d] can be used for VAMOS without any change
if legacy training sequences are employed. By a simple pure software update, also
the eight new VAMOS training sequences [Nok07] can be taken into account in a
straightforward manner in an MS with SAIC receiver. Thus, in the following, the
mono interference cancellation (MIC) algorithm from [MGS00, MGSH05, MGSH06]
is briefly reviewed in the context of VAMOS.
An arbitrary non-zero complex number c is selected and a corresponding number
c ⊥  Im{c}−j Re{c} is generated. c and c ⊥ may be interpreted as mutually orthogonal
two-dimensional vectors. The received signal is first filtered with a complex-valued
filter with coefficients f [κ] and then projected onto c, i.e., the real-valued signal
y o [k]  Pc

(X
qf
κ0

f [κ] r o [k − κ]

)

(3.25)

is formed, where Pc {x} denotes the coefficient of projection of a complex number x
onto c,
Pc {x} 

< x, c > Re{x c ∗ }

,
|c| 2
|c| 2

(3.26)
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and < ·, · > stands for the inner product of two vectors, where the real and imaginary
part of the complex numbers are interpreted as two dimensional vectors in a Cartesian coordinate system. It is shown in [MGSH06], that the filter impulse response
f [κ] can be chosen for perfect elimination of signal contributions originating from
a p [·] (assuming a o [·] is the desired sequence) if the filter order q f is sufficiently high.
After filtering and projection, a o [·] can be reconstructed by trellis-based equalization.
Furthermore, an adaptive implementation of the MIC algorithm is described in
[MGSH06] which requires only knowledge of the training sequence of the desired
user but no explicit channel knowledge.
In typical urban (TU) environments, channel snapshots where a single tap dominates arise frequently. Therefore, we consider the case h o [0] , 0, h o [κ]  0, κ , 0
(q h  0). The single effective channel tap j b h o [0] of the second user is rotated by 90◦
compared to that of the first user. Therefore, in this case, orthogonal subchannels
result also at the receiver side. According to [MGSH06], suppression of the second
user is possible without any loss in SNR, and SNR  2 |h o [0]| 2 σa2 /σn2 o is valid after
MIC if interference from other cells is absent (q o [k]  0). However, both subchannel
contributions are not orthogonal anymore at the receiver side for q h > 0, and in
general an SNR loss due to filtering and projection cannot be avoided. Hence, as
long as interference from other cells is absent, joint MLSE performs better than
MIC which may be viewed as a suboptimal equalizer for quadrature phase-shift
keying (QPSK)-type signals in this case.
It should be noted that MIC is beneficial also for scenarios with several interferers [MGSH06]. Here, the minimum mean-squared error (MMSE) filter found by
adaptation can be interpreted as a compromise solution adjusted to the interference
mixture. Given this and the fact that the interference created by the other VAMOS
pair user of the same BS is close to orthogonal to the desired user signal in many
cases for TU scenarios, it is expected that MIC performs better than joint MLSE in
scenarios with additional interference from other cells.

3.2.3 MIC Receiver with Successive Interference
Cancellation
Because joint MLSE degrades significantly if external interference is present and
DARP phase I receivers, such as a receiver employing the MIC algorithm [MGSH06],
typically exhibit a good performance only if the signal of the second VAMOS user is
not much stronger than that of the considered user, more sophisticated schemes are
of interest for interference limited scenarios. For this purpose, we exploit the fact
that in contrast to the standard SAIC problem, the training sequences corresponding
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to a o [k] and a p [k] are known at the MS, and both signals are time aligned. Therefore,
in principle, it is possible to reconstruct a o [·] and a p [·] in the same MS using two
separate MIC algorithms.
In a MIC receiver with successive interference cancellation (SIC), channel estimation according to Section 3.1 is performed first. If b̂ ≥ b 0 (e.g. b 0  1.0), a p [·] is
reconstructed first by combining the MIC algorithm with a subsequent trellis-based
equalization yielding estimates â p [·]. In the next step, the contribution of a p [·] is
canceled from the received signal, resulting in a signal
rc,o [k]  r o [k] − j b̂

qh
X
κ0

ĥ o [κ] â p [k − κ],

(3.27)

which is fed into another MIC and equalization stage in order to reconstruct a o [·].
Because rc,o [k] contains no (or considerably reduced) contributions from a p [·], interference from other cells can be much better combated now by the second MIC.
If b̂ < b 0 , only a standard MIC is employed for reconstruction of a o [·] because SIC
most likely would suffer from error propagation.
In a typical implementation, the complexity of MIC with SIC is about 2.5 times
higher than that of the standard MIC, which is considered affordable in a typical
modern MS.

3.2.4 Enhanced VAMOS-MIC (V-MIC)
To further enhance the performance of the SIC receiver and to avoid the switching
between different receiver types depending on b̂, an algorithm called VAMOS mono
interference cancellation (V-MIC) can be used. The performance of this scheme was
first reported in [CR10]. In the following, a detailed description of the algorithm is
provided. The basic idea of this enhanced receiver is to filter the received signal twice
in parallel. In both filtering operations, only out-of-cell interference is suppressed,
while the intersymbol interference (ISI) and interuser interference within the VAMOS
pair are left in the signal. Both prefiltered signals, representing the signals of users o
and p, are then fed to a joint MLSE. A similar idea has also been presented in [MN09]
for the uplink, but the algorithm in [MN09] relies on multiple receive antennas. The
V-MIC presented in the following requires only a single receive antenna, which is
crucial in the downlink.
Figure 3.6 shows the structure used for filter adaptation. The complex-valued
received signal r o [k]  r o,I [k] + j r o,Q [k] is prefiltered with two complex-valued filters
f o [k]  f o,I [k] + j f o,Q [k] and f p [k]  f p,I [k] + j f p,Q [k]. Fo ( z ) and Fp ( z ) denote the
z-transforms of f o [k] and f p [k], respectively. After prefiltering, the resulting signals
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r o [k]

Pc {·}

Fo ( z )

u o [k]

+

y o [k]  a o [k − k0 ] + e o [k]

− −

B o,o ( z )

B o,p ( z )

Pc {·}

Fp ( z )

u p [k]

+

a o [k]

a p [k]

y p [k]  a p [k − k 0 ] + e p [k]

− −

B p,o ( z )

B p,p ( z )

a o [k]

a p [k]

Figure 3.6: V-MIC structure for filter adaptation.

are projected onto c and the real-valued signals u o [k] and u p [k] are obtained. The
prefilters are jointly optimized with the feedback filters b ν,µ [k], where ν, µ ∈ {o, p}
and B ν,µ ( z ) denotes the z-transform of b ν,µ [k]. Filters b o,o [k] and b p,p [k] must be
strictly causal, whereas b o,p [k] and b p,o [k] are causal filters3. The training sequences
of users o and p in the VAMOS pair are both known at the receiver of user o and
used for adaptation of the respective filter.
With these definitions and assumptions, the joint optimization of filters f o [k],
b o,o [k], and b o,p [k] for the upper branch in Fig. 3.6 can be achieved by minimizing
qf
M X
X
k1

κ0

−

f o,I [κ]r o,I [k − κ] −

qb
X
κ0

qf
X
κ0

f o,Q [κ]r o,Q [k − κ] −
2

qb
X
κ1

b o,o [κ]a o [k − k 0 − κ]

(3.28)

b o,p [κ]a p [k − k 0 − κ] − a o [k − k0 ]

with respect to the filter coefficients, where c  1 has been assumed without any loss
of generality and k 0 is a decision delay which has to be optimized. q f and q b are the
3 Strictly

causal means that b o,o [0]  b p,p [0]  0 in addition to causality. Therefore, the filter output
only depends on past input values, but not on the current input value.
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Table 3.1: MTS-1 and MTS-2 interference scenarios [TR410].
Scenario

Impairing signal

MTS-1

Co-channel 1

MTS-2

Co-channel 1
Co-channel 2
Adjacent channel 1
AWGN

Average power relative to Co-channel 1
0 dB
0 dB
−10 dB
3 dB
−17 dB

orders of the prefilter and feedback filter, respectively, and M  Ntr − q h . For the
joint optimization of filters f p [k], b p,o [k], and b p,p [k] in the lower branch, we need to
minimize
qf
M X
X
k1

κ0

−

f p,I [κ]r o,I [k − κ] −

qb
X
κ1

qf
X
κ0

f p,Q [κ]r o,Q [k − κ] −

qb
X
κ0

b p,o [κ]a o [k − k 0 − κ]
(3.29)

2

b p,p [κ]a p [k − k0 − κ] − a p [k − k 0 ] .

Minimizing (3.28) and (3.29) is a standard least squares (LS) problem and finding
the corresponding optimal filter coefficients is straightforward. After the filter
adaptation, we have the following model
u[k]  B[k] ∗ a[k − k 0 ] + e[k],

(3.30)

where ( · ) ∗ ( · ) denotes convolution, u[k]  [u o [k] u p [k]]T , a[k]  [a o [k] a p [k]]T , e[k] 
[e o [k] e p [k]]T (see Fig. 3.6 for the definition of e o [k] and e p [k]) and B[k]  Z −1 {B ( z ) }
with


1 + B o,o ( z )
B o,p ( z )
 B p,o ( z )
1 + B p,p ( z )

B ( z )  


 .


(3.31)

Here, Z −1 {·} denotes the element-wise inverse z-transform. All entries of B ( z )
are causal. Thus, based on (3.30), a joint multiple-input multiple-output (MIMO)
reduced state sequence estimation (RSSE) equalization can be performed [ZSVV05].
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3.2.5 Simulation Results
For evaluation of the different receiver algorithms, a TU channel profile is considered
for an MS speed of 3 km/h (TU3). Ideal FH over Nbursts  8 bursts is used in the
900 MHz band. As training sequences, TSC 0 and VAMOS TSC 0 have been used.
Speech transmission with AMR speech coding with FR (TCH/AFS 5.9 codec) is
investigated. It is shown in [PVJ10] that mean opinion score (MOS) gains for speech
quality can be achieved by using FR speech coding in conjunction with OSC instead
of HR speech coding with non-OSC transmission. It should be noted that both
schemes have the same spectral efficiency. For the interference from other cells, the
MUROS test scenario (MTS)-1 and MTS-2 models from [TR410] have been used.
In MTS-1, only a single co-channel interferer is present, while MTS-2 defines an
interference mixture. The details are given in Table 3.1. All interferers use GMSK
modulation4, and their TSCs are randomly chosen from the eight specified GMSK
TSCs5. The interferers are synchronized with the desired signal.
In the receiver, channel estimation and filter adaptation were used and a time
slot based frequency offset compensation was active. Receiver impairments such as
phase noise and I/Q imbalance were taken into account, and typical values for an
implementation were selected, cf. [CR10]. In the following, we only show results
for the interference limited scenario, which is the more challenging scenario for
VAMOS. Results for the noise limited scenario, which is sometimes also referred to
as sensitivity scenario, can be found in [CR10].
In Fig. 3.7, the frame error rate (FER) of user o after channel decoding versus
signal-to-dominant-interferer ratio (SIR) is shown for joint MLSE, MIC, MIC with
SIC, and V-MIC for the MTS-1 scenario. Here, SIR denotes the power of the OSC
signal of both users, received by MS o, divided by the power of co-channel interferer
1. For MTS-2, the power level of the other impairing signals is specified relative to
the dominating co-channel 1 interferer according to Table 3.1. Results for different
SCPIR values are shown. Also depicted is the performance of the conventional GSM
equalizer (CEQ) without interference suppression capabilities for a pure GMSK
transmission, i.e., without OSC. For an SCPIR value of 0 dB MIC and SIC perform
very similar, but the V-MIC shows a significant improvement of about 8 dB in SIR for
the same FER. A very similar gain of V-MIC compared to MIC and SIC can also be
observed for lower SCPIR values. One can conclude from Fig. 3.7 that it is possible
to cancel one interferer quite well with the advanced V-MIC structure, while the
4 We

limit the link-level simulations to the case of GMSK interference, since due to DTX the majority
of interferers are only GMSK interferers. For network simulations in Chapter 4, OSC as well as
GMSK interference is considered.
5 This also includes TSC collisions which might arise in a practical system.
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Figure 3.7: FER of user o versus SIR for MTS-1 scenario and different receivers.
degradation of the other receivers is more significant for low SCPIR values. The
joint MLSE receiver is beneficial for noise limited scenarios, cf. [MGO09], but for
interference limited scenarios this receiver has a very poor FER performance. This
can be explained by the fact that the joint MLSE cannot mitigate interference but
treats it as noise. Therefore, a severe performance degradation occurs in particular
for low SCPIR values.
For the MTS-2 scenario considered in Fig. 3.8, not only one GMSK interferer is
present but multiple interferers, cf. Table 3.1. The novel V-MIC achieves a gain of
1 dB compared to the SIC and MIC receivers for an SCPIR of 0 dB and the FER is also
better than that for joint MLSE. The lower gain of V-MIC compared to the MTS-1
scenario is due to the higher number of interferers. Such an interference mixture
cannot be combated as well as a single interferer. The loss of MIC compared to SIC
and V-MIC, respectively, increases for lower SCPIR values, while the gain of V-MIC
is still 1 dB compared to SIC. The performance of joint MLSE degrades severely for
lower SCPIR values which has also been observed for MTS-1.
We can conclude from these simulation results, that the V-MIC receiver exhibits
a significant performance improvement compared to the other receivers. Similar
results have been obtained for AHS transmission, which are not shown here.
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DL MTS-2, TCH/AFS 5.9, TU3iFH
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Figure 3.8: FER of user o versus SIR for MTS-2 scenario and different receivers.

3.2.6 Link-to-System Mapping
For FER performance evaluation of the different receivers in a network simulation in
Chapter 4, a link-to-system mapping, similar to the one used in [BKO04], is applied.
The idea of the link-to-system mapping is to approximate the FER of a transmission
with a mapping table, since it is too computationally complex to simulate each
transmission individually. Our link-to-system mapping approach is based on two
stages. In the first stage, the raw bit error rate (BER) is estimated for each burst
comprising bits of a codeword representing a speech frame. This is done for each
user, based on the power levels of all interferers (adjacent and co-channel), the power
of the useful part of the received signal (including small-scale fading), and the SCPIR.
A five-dimensional look-up table is used for this which is also dependent on the
receiver algorithms since they differ in their ability to separate the users of one
pair. For our simulations, we assumed that all MSs are VAMOS capable. One of the
receivers described in Sections 3.2.1 to 3.2.4 is employed. Multiple look-up tables
with the raw BERs have been generated for different values of all parameters and
different receivers by physical layer simulations of the respective receivers.
In the second stage, the FER is estimated based on the applied channel code
and the mean value and the variance of the raw BER of the bursts in the frame,
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cf. also [BKO04]. Two-dimensional look-up tables have been created for each GSM
speech codec. This stage is independent of the algorithm used for equalization
and interference cancellation. Combining these two stages efficiently models the
interleaving and approximates the FER by obtaining the raw BER for every burst
from stage one and using the mean and variance for stage two.

3.3 L β -Norm Detection for ACCI
The conventional GSM/VAMOS system applies interleaving directly after the channel encoding and before modulation. Thus, it belongs to the category of bit-interleaved coded modulation (BICM) systems. For BICM systems, it has been previously
shown in [NNS09] and [NS09], that adopting an L β -norm metric with β , 2 is
advantageous in non-Gaussian noise environments, especially in the presence of
impulsive noise, and an excellent performance can be achieved compared to other
popular robust metrics. However, in [NNS09] and [NS09] frequency non-selective
channels and orthogonal frequency-division multiple access (OFDMA) were considered. Since GSM/VAMOS employs single-carrier modulation and suffers from
frequency-selective fading, the results from [NNS09] and [NS09] are not directly
applicable.
Inter-cell burst synchronization cannot be assumed for all network deployments.
Therefore, ACCI may arise. If the training sequence is not impaired by the ACCI, the
impairment cannot be combated in a standard SAIC receiver because the estimation
of the interference characteristics is based on the training sequence. Consequently,
this interference has to be modeled as additive Gaussian noise in such a receiver
resulting in a performance degradation. So far, in the literature, receivers that are
able to overcome ACCI, which does not impair the training sequence, have not been
proposed. In this section, the impairment caused by ACCI is carefully analyzed.
In particular, we show that ACCI can be well modeled as Generalized Gaussian
noise (GGN). The GGN assumption leads to a generalized L β -norm metric for the
equalizer. We assume that the offset of the ACCI, i.e. the overlap, is unknown to
the receiver and therefore the exact pdf cannot be adopted for metric design. Our
proposed scheme relies on a modification of the branch metrics of the equalizer,
where GGN is assumed for the derivation of the modified metric.
The following material has also been presented in [RLSG14].
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ACCI
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Figure 3.9: Illustration of the influence of the overlap O on the signal.

3.3.1 System Model for ACCI
We start with the system model according to (2.2). The received signal can be
reformulated to
r o [k] 

qh
X
κ0

h o [κ] a o [k − κ] + j b a p [k − κ] + n o [k] + ω[Nsym − O + k] q o [k] . (3.32)





|

{z

z o [k]

}

The window function ω[µ] is defined as



 1, 1 ≤ µ ≤ Nsym ,
ω[µ]  

 0, otherwise,


(3.33)

and O denotes the number of symbols in the burst in which the user signal and the
interferer overlap. z o [k] in (3.32) subsumes the total impairment, i.e., the noise and
the CCI, of the received signal.
The CCI is caused by the signal of a user/pair in a different GSM cell. As the signal
originates from another cell, it is not necessarily synchronous with the desired signal.
This fact is taken into account by the number of overlapping symbols O which is
typically not known in a GSM system and therefore assumed to be an unknown
parameter in the following. Fig. 3.9 illustrates the influence of the overlap value O.
Due to the window function (3.33), only symbols with 1 ≤ k ≤ O are impaired by
CCI q o [k]. Thus, the bursts of the interferer and the desired user are overlapping
only to a certain extent. Our model includes “no overlap” (O  0, AWGN case) and
“complete overlap” (O  Nsym , synchronous CCI case) as special cases.
The tasks of the equalizer include the estimation of the transmitted symbols a o [k]
based on the received sequence, which is affected by ISI, and the generation of soft
information regarding the encoded bits d o [ν]. The equalizer is assumed to be based
on the BCJR algorithm [BCJR74] and is the first block of the receiver chain after MIC
prefiltering. A forward recursion through the trellis is conducted to calculate the state
metrics α[i, S̃[i]] and a backward recursion to compute the state metrics ρ[i, S̃[i]], cf.
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[CFR01]. Here, S̃[i + 1]  [ ã o [i + 1] ã o [i] . . . ã o [i − L + 3]] is the hypothetical trellis
state at time i +1 and ã o [i +1] is the hypothetical symbol. The hypothetical trellis state
S̃[i + 1] is a function of the hypothetical trellis state at the previous time instant i,
S̃[i], and the hypothetical symbol ã o [i + 1]. Both state metrics α[i, S̃[i]] and ρ[i, S̃[i]]
are then used to compute the soft output information regarding d o [ν] [BCJR74]. The
general (simplified) forward recursion in linear domain is given by [CFR01]
α0[i + 1, S̃[i + 1]]  argmax

S̃[i]∈S (S̃[i+1])



α0[i, S̃[i]] · pdf ( r o [i + 1] | ã o [i + 1], S̃[i]) ,



(3.34)

where S (S̃[i + 1]) is the set of states, which precede S̃[i + 1]. For the AWGN case,
the Gaussian pdf is adopted in order to obtain the conditional branch probability
density function pdf ( r o [i + 1] | ã o [i + 1], S̃[i]) , which leads to [Hub92]
2

qh

X
1
+
*.− 1 r [i + 1] −
h o [ν] ã o [i + 1 − ν] / .
pdf ( r o [i + 1] | ã o [i + 1], S̃[i]) 
exp
o
2
2
πσn o
σn o
ν0
-

,

(3.35)

In order to simplify implementation, we take the natural logarithm of (3.34), and
define α[i]  ln ( α0[i]) , which yields
α[i + 1, S̃[i + 1]]  argmax

S̃[i]∈S (S̃[i+1])



α[i, S̃[i]] + ln (pdf ( r o [i + 1] | ã o [i + 1], S̃[i])) .



(3.36)
The natural logarithm of the conditional branch pdf (3.35) yields
ln (pdf ( r o [i + 1] | ã o [i + 1], S̃[i])) 
−

ln ( πσn2 o ) −

| {z }
c1

1
σn2 o

r o [i + 1] −

|{z} |
c2

qh
X
ν1

2

h o [ν] ã o [i + 1 − ν] − ã o [i + 1]

{z

|I+j Q| 2 I 2 +Q 2

(3.37)

}

where ã o [i + 1 − ν] is the ν-th most recent symbol associated with state S̃[i], and
I and Q stand for the real and imaginary part of the term in | · |. Here, without
loss of generality, h o [0] is assumed to be unity; c 1 and c2 are constant terms which
are identical for all symbols of a burst. Furthermore, (3.37) involves an L 2 -norm,
i.e., for every calculation of the conditional branch pdf the sum of squares of the
real and imaginary part of a complex number, I 2 + Q 2 , has to be evaluated. The
backward recursion for ρ[i, S̃[i]] is analog to the forward recursion [BCJR74]. The
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soft information for each encoded bit d o [ν] is computed as a function of α[·] and
ρ[·], cf. [Höh13]. It is represented in form of a log-likelihood ratio (LLR), which is
calculated by [TSK02]
Pr{d o [ν]  +1 | ro }
LLR ( d o [ν])  ln
,
Pr{d o [ν]  −1 | ro }

!

(3.38)

where ro is the vector containing all received symbols r o [k] of a codeword, corresponding to four bursts which are equalized independently. After the equalizer, the
soft outputs (represented by the LLRs) are deinterleaved. The CCI impairing the
received signal is bursty, i.e., the CCI impairment affects several consecutive symbols,
whereas after the deinterleaver, the CCI is ‘distributed’ over the whole codeword,
i.e., the impairment is deinterleaved as well, resulting in isolated impulses within the
codeword. We note that the equalizer processes the received signal burst by burst
whereas the deinterleaver and the subsequent decoder jointly process the Nbursts
bursts which form a codeword of the user of interest.

3.3.2 Analysis of ACCI
In Section 3.3.1, the Gaussian noise pdf was used to derive the path metrics for the
equalizer in (3.37), i.e., the equalizer was optimized for AWGN. The fact that CCI
might occur was not at all taken into account. Our goal is to develop a method
for ACCI suppression, which is applicable to VAMOS and has limited complexity.
The proposed modification is also applicable to arbitrary other linear modulation
schemes, such as 8-ary phase-shift keying (PSK) or 16-ary quadrature amplitude
modulation (QAM), cf. [RLSG14]. In the following, we introduce a modification
of the reduced-state BCJR algorithm. ACCI leads to the situation that some of
the symbols are affected only by AWGN, while others are affected by AWGN and
interference. Hence, the whole signal is affected by AWGN and some symbols suffer
from an additional impairment due to interference, which is typically much larger
than what would be expected if only AWGN was present. The number of these more
severely impaired symbols depends on how much the interferer overlaps with one
or more of the bursts forming a codeword. For the following approach, we assume
that the value O, that determines the amount of overlap between the signal and
the CCI, is not known at the receiver. The basic idea behind the proposed receiver
modification is to find appropriate means to deal with these more severely impaired
symbols without knowledge of O.
Remark: An alternative approach for dealing with ACCI would be to take into
account the increased variance of the received symbols that are impaired by inter-
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Table 3.2: Excess kurtosis values for different overlap values O for σn2 o  0.01, σq2o  1,
and GMSK modulation.
Nsym 2/3 Nsym 1/3 Nsym
0
O
Kurt{Re{z[k]}}

−0.648

+0.159

+1.800

−0.0482

ference. This can be realized in the RSSE by employing a modified noise variance
for the symbols containing interference. However, in this case, the overlap O and
the interference variance σq2o need to be estimated accurately. Especially for low-tomedium interference power scenarios, the overlap estimation is very difficult due
to the fading of the channel, which may give rise to false decisions regarding the
presence of the interferer. For example, an energy detection based overlap estimation
is problematic because a reasonable decision threshold is difficult to determine due
to the high dynamic range of the received power caused by the fading of the channel.
In the received signal according to (3.32), for overlap values 0 < O < Nsym , a partial
overlap of noise and interference occurs. The impairment by AWGN is present for all
samples of the sequence, whereas the CCI is only present in the overlap region. For
full overlap, the CCI can be well approximated by an additive Gaussian distortion
and therefore the impairment can be modeled as AWGN with variance σn2 o + σq2o .
However, for a partial overlap, this assumption does not hold anymore and the
real and imaginary parts of the received impairment z o [k] cannot necessarily be
modeled as stationary Gaussian processes as assumed for the standard receiver. To
analyze the corresponding pdf, we adopt the excess kurtosis of a real-valued random
variable X with mean µ  E{X} [AS72],
Kurt{X} 

E{ ( X − µ ) 4 }
− 3.
(E{ ( X − µ ) 2 } ) 2

(3.39)

A random variable with normal distribution has an excess kurtosis of 0, whereas a
random variable with Kurt{X} > 0 possesses a higher probability for large values
and is therefore more heavy tailed. In Table 3.2, the excess kurtosis of the real
part of impairment z o [k] for different overlap values O averaged over multiple
channel realizations is shown for σn2 o  0.01, σq2o  1, b  0, and impairment by one
asynchronous GMSK modulated interferer6. For a partial overlap of the ACCI, we
observe that the excess kurtosis is greater than zero. For no overlap, the Gaussian
approximation is valid, whereas for full overlap, the kurtosis is negative which means
that the pdf is less heavy tailed than a Gaussian distribution which can be explained
by the fact that q o [k] is a GMSK modulated signal. Based on these observations we
6 In

fact, z o [k] is a nonstationary process whose average pdf is considered.
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Figure 3.10: Probability density function of GGN with variance σň2  1.
conclude that for ACCI the interference is more heavy tailed. Since adopting the
exact pdf of z o [k] for metric design would lead to a complicated branch metric and
require knowledge of the overlap value O and the interferer power, as a first step, we
therefore model the (average) pdf of the real and imaginary part of the impairment
as GGN with pdf [NNS09]

!β

(
y − µ) 


,
pdfGGN ( y )  √
exp 
− √


1
2 2σň Γ ( β )
2σň


β

(3.40)

where Γ ( · ) denotes the Gamma function, σň is the noise standard deviation, µ is the
mean, and 0 < β < ∞ is the real-valued parameter defining the norm. The Laplacian
and Gaussian cases are included as special cases for β  1 and β  2, respectively.
In Fig. 3.10, pdfGGN ( y ) is shown for different choices of β and variance σň2  1. It
can be observed that by setting β to values smaller than 2, a pdf more heavy tailed
than the Gaussian pdf results. Thus, the higher probability of high-magnitude noise
samples, compared to the standard deviation, is accounted for. Furthermore, the
GGN model is a good choice for metric design as it contains the AWGN model as
a special case if we consider β as a free parameter to be optimized. Eq. (3.40) is
valid for real-valued signals, but can be extended into the complex domain. Here,
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we model the pdf of the impairment of the received signal before equalization as a
complex Generalized Gaussian pdf [NNS09] given by

!β

|r − µ| 


1
,
−
pdfCGGN ( r )  b ( β ) · exp 

 c(β)
σň


with c ( β ) 

Γ ( β2 )

! β2

Γ ( β4 )

and b ( β ) 

β Γ ( β4 )

2πσñ2 (Γ ( β2 )) 2

(3.41)

.

3.3.3 L β -Norm Metric
The task of the trellis-based equalizer is to find the sequence of symbols that was
most likely transmitted based on the observation of the impaired received signal.
Because the impairment is larger than expected for some of the symbols, the Gaussian
assumption for the total impairment is no longer valid. However, the equalizer in
Section 3.3.1 was optimized for a Gaussian impairment. In order to improve the
performance of the equalizer, we model the impairment, which is a process with
time-variant statistics and correlations, by a stationary independent, identically
distributed (i.i.d.) process with adjusted pdf, more precisely a process with complex
Generalized Gaussian pdf. Therefore, the path metric has to be adjusted accordingly
in order to better reflect the properties of the actual, more heavy tailed impairment.
In Section 3.3.1, the recursion for the path metric in the AWGN case was obtained
from (3.36) and (3.37). We now extend the RSSE algorithm to the case, where the
impairment is modeled by i.i.d. GGN. The RSSE processes the complex-valued
received signal and therefore the noise is modeled as complex GGN7. Hence, based
on (3.41), we obtain the L β -norm metric
ln (pdf ( r o [i + 1] | ã o [i + 1], S̃[i])) 
qh

β

X
1
1
− ln
−
r
[i
+
1]
−
h o [ν] ã o [i + 1 − ν] − ã o [i + 1] ,
o
β
b(β)
c
(
β
)
σ
ν1
| {z }
ñ
!

č1

| {z } |
č2

{z

β
( I 2 +Q 2 ) 2

(3.42)

}

which is employed in (3.36). The recursion resulting for α[i] is very similar to the one
for Gaussian noise except for some constants and the exponent. The modification of
the backward recursion for calculation of ρ[i] is obtained in a similar manner. The
complexity of the modified metric in (3.42) is higher than that of the original metric
7 Simulation

results, not shown here, exhibit that modeling the real and imaginary parts of the
impairment as two independent (real-valued) GGN processes leads to a significant performance
loss compared to modeling the complex impairment as one single complex GGN process.
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Figure 3.11: Confidence analysis of the raw BER for O  1/3 Nsym , GMSK, σa2  1,
σn2 o  0.01, σq2o  0.1585.
in (3.37). The constant terms č1 and č2 have to be computed only once per burst
and the increased computational complexity to obtain these constants can therefore
β
be neglected. However, the complexity of computing ( I 2 + Q 2 ) 2 , which has to be
computed for every branch, is increased compared to that of computing I 2 + Q 2 in
the Gaussian case, because of the additional exponentiation by β/2. For β  1, the
square-root function can be used, whereas for non-integer values of β a general power
function with non-integer exponent has to be used. The computational complexity
for the square-root function and general power function with non-integer exponent
is given by O ( M ( n )) and O ( m · M ( n )) [Knu81], respectively, where n denotes the
number of digits used to represent the base, M ( n ) stands for the complexity of the
chosen multiplication algorithm, and m denotes the number of bits representing the
exponent β. Therefore, the square-root operation is less complex. The total increase
of the computational complexity depends on the number of branches in the trellis
and therefore on the number of states.
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3.3.4 Confidence Analysis
To investigate the beneficial influence of the GGN model on the performance of the
equalizer for ACCI, we perform an LLR confidence analysis [Hub92]. The confidence
is defined as8
exp (LLR ( d o [ν]))



1+exp (LLR ( d o [ν]))

Conf ( d o [ν])  
1

 1+exp(LLR( do [ν]))
∆

for LLR ( d o [ν]) > 0,
for LLR ( d o [ν]) ≤ 0.

(3.43)

All confidence values are in the range 0.5 ≤ Conf ( d o [ν]) ≤ 1. A higher absolute LLR
value is an indicator for a more reliable bit. Therefore, the confidence defined in
(3.43) reflects this reliability in terms of probability. The higher the confidence value,
the higher the probability of a correct bit after hard decision. In order to verify the
accuracy of the confidence, we depict the raw BER vs. confidence in Fig. 3.11 for
an overlap of O  1/3 Nsym and GMSK transmission. Ten equal sized intervals of
width 0.05 for the confidence have been used. The curve of the interference free
case, with full-state RSSE, L 2 -norm metric, and impairment only by AWGN, is given
by the line marked with “ideal”, where a linear dependency between the raw BER
and the confidence is observed. For transmission affected by ACCI, the raw BER
is always higher than for the ideal case with AWGN only. However, by employing
L β -norm equalization with low β values, the distance between the raw BER curves
for the ACCI case and the ideal case is reduced. This is important for the subsequent
decoder which is optimized for the situation that the confidence values calculated
from the LLRs reflect the true reliability in terms of raw BER. A saturation effect
can be observed for small β values. Obviously, it is not possible to achieve the same
performance as in the ideal case, but a significant raw BER reduction, especially for
high confidence values, is possible if β is chosen sufficiently small.

3.3.5 Simulation Results
For simulations, we adopted the rate 1/2 non-recursive convolutional code, which
is used in the GSM standard (constraint length of 7), combined with a block interleaver and OSC modulation. For a first evaluation of the FER performance of
the novel L β -norm equalizer, we do not consider any speech coding. The MIC of
Section 3.2.2 is employed for prefiltering. A full-state trellis-based equalization
adopting the L β -norm is performed after MIC prefiltering. On a burst-by-burst basis,
in time direction uncorrelated channel impulse responses are generated for each
user and each interferer based on the TU channel profile (block fading, ideal FH).
8 In

principle, the LLRs are converted back to a posteriori probabilities in (3.43).
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Figure 3.12: FER vs. SINR for VAMOS transmission with MIC, modified metric in
equalizer, SCPIR  3 dB, MTS-1 scenario, and O  1/3 Ñ.
One codeword consists of Nbursts  4 bursts, and each burst contains Nsym  120
symbols. The Ntr  26 GSM TSC symbols are multiplexed after the first 60 payload
symbols of each burst, i.e., the TSC is in the middle of the burst. TSC 0 of both TSC
sets was used for the users of the desired OSC pair and a non-overlapping TSCs
of the legacy TSC set [3GP13c] were used for the interfering GMSK signals. The
total length of each burst, including TSC, is therefore Ñ  Nsym + Ntr . The noise
variance σn2 0 is assumed to be perfectly known. The ACCI is characterized by the
number of symbols per burst that overlap between desired user and interferering
signals. In the following, we will consider the cases O  1/3 Ñ and O  2/3 Ñ. For
O  2/3 Ñ, the CCI also impairs the training sequence and the MIC prefilter can
adapt to the GMSK modulated interferers, not only to the second user of the pair.
The signal-to-interference-plus-noise ratio (SINR) for the overlap region is defined
as
SINRo 

σa2 (1 + b 2 )
σq2o + σn2 o

.

(3.44)

The interference scenarios of Table 3.1 were used, where all interferers employ GMSK
transmission. For symbols not impaired by CCI, only AWGN with variance σn2 o is
present in the MTS-2 case. In all cases, the FER is shown.
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Figure 3.13: FER vs. SINR for VAMOS transmission with MIC, modified metric in
equalizer, SCPIR  3 dB, MTS-2 scenario, and O  1/3 Ñ.
We first consider the MTS-1 scenario [TR410], where only one co-channel interferer
is present but no AWGN (σn2 o  0), with O  1/3 Ñ. In Fig. 3.12, the FER for both
users of a VAMOS pair is shown. The SCPIR of both users is 3 dB, i.e., the received
signal of user o is 3 dB stronger than that of user p. The ACCI is caused by an GMSK
modulated signal originating from a co-channel neighbor cell. For user o, who has
a higher received power, the ACCI can be combated by the modified metric and
significant performance gains can be achieved. For the more critical user p, who has
a lower received power, smaller, yet still significant gains of the modified L β -norm
metric in the trellis-based equalizer are observed compared to the standard MIC
equalizer with L2 -norm metric (indicated by “standard”). The best FER performance
is achieved for trellis-based equalization with β  0.2 for user o. For user p, β  0.4
is optimal and a degradation for β  0.2 is observed. The FER degradation for user
p for β  0.2 is caused by the non-ideal suppression of user o, which is transmitted
with higher power, by the MIC prefilter. This results in a noise component which is
present in all samples.
The FER for MTS-2 with the same overlap is depicted in Fig. 3.13. It can be
observed, that in contrast to MTS-1, here β  0.4 is not beneficial anymore for user p
and a performance degradation compared to the standard case with β  2.0 occurs
for β ≤ 0.4. This can be explained by the interference mixture in MTS-2, cf. Table 3.1.
The sum of the signals of multiple interferers is more similar to Gaussian noise.
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Figure 3.14: FER vs. SINR for VAMOS transmission with MIC,modified metric in
equalizer, SCPIR  3 dB, MTS-1 scenario, and O  2/3 Ñ.
Furthermore, in contrast to MTS-1, in this scenario also AWGN is present. The
optimal performance for user p is already achieved for β  1.0. Also for user o,
β  1.0 is a good choice since it accomplishes a large portion of the maximal gain,
which is achievable with β  0.4. Furthermore, β  1.0 can be implemented with
lower computational complexity than non-integer β values. For MTS-2 and β  0.2 a
small degradation is also observed for β  0.2, which is caused by the AWGN.
Fig. 3.14 depicts FER results for O  2/3 Ñ and MTS-1. Here, the MIC prefilter
adapts to the interference situation and a standard equalizer with β  2.0 achieves
the best possible FER performance for both users. However, the loss suffered by
equalization with β  1.0 is marginally small. The huge gains for no overlap in the
training sequence make up the small loss for overlap in the training sequence.
These novel results have also been presented in [RLSG14] and future work will
include an analysis of this novel receiver and other receivers proposed in Section 3.2
in a network scenario with ACCI. The network simulations of Chapter 4 only consider
a synchronized network operation.

3.4 Summary
In this chapter receiver algorithms for VAMOS have been proposed. First joint
estimation of the channel and the SCPIR has been considered. Two estimation
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algorithms have been suggested and the theoretical lower bound, given by the
CRB, has been derived for the joint estimation of the channel impulse response and
the SCPIR. The performance of the algorithms has been compared to the CRB for
VAMOS as well as no-VAMOS transmission. It has been shown that the MSE of
the proposed algorithms perform close to the lower bound. The estimation loss of
VAMOS compared to no-VAMOS is negligible.
Furthermore, several equalization and interference cancellation algorithms have
been proposed. The most advanced receiver is the novel V-MIC receiver which
outperforms all other proposed algorithms at the cost of a slightly higher computational complexity. For ACCI scenarios, a modified metric for the trellis-based
equalizer, based on modeling the impairment by a Generalized Gaussian pdf, has
been introduced. Simulation results exhibit that for ACCI scenarios, where the
training sequence is not affected by interference, significant performance gains can
be achieved.
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Chapter 4
Radio Resource Allocation
So far, only a very limited number of results on RRA for OSC and VAMOS are
available. In [MNS11], RRA for the VAMOS up- and downlink is studied. However,
[MNS11] does not consider the problem of unknown interference caused by FH and
random speech activity. It is assumed in [MNS11] that the interference level is known
and the interference consists of only one dominant out-of-cell GMSK interferer. Here,
we propose an RRA algorithm that takes into account unknown interference. In
our system model the interference is caused by GMSK as well as OSC co-channel
interferers. Additionally the influence of DTX, where no signal is transmitted during
speech pauses, is analyzed, and a hot spot scenario is investigated. Although the
BS assigns users to VAMOS pairs and determines the frequencies and the transmit
powers for the downlink, it is not possible to estimate the interference level for each
user and in each burst due to FH. The task of the proposed RRA algorithm is to
minimize the required transmit power of the BS, while trying to achieve some target
FER at each user. The following novel RRA algorithm has also been presented in
[RMKG12] and [RMO14].

4.1 Problem Formulation
For RRA, we assume that the BS has knowledge of the large-scale fading gain G i of
each user i ∈ U within its cell1. The small-scale fading and the interferer powers
are unknown to the BS. For simplicity we assume that all users employ the same
speech codec2. In the following, RRA for the downlink case will be considered. The
challenging parts of the RRA task for OSC transmission are the power allocation for
the pairs and the pairing of the users.
1 This

assumption holds quite well in practice, since G i can be estimated accurately based on the
received signal level (RxLev) measurements that are available at the BS.
2 An extension to different speech codecs is straightforward.
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The goal of our RRA optimization is, similar to [MNS11], the minimization of the
required sum transmit power of the BS that serves one cell. This is accomplished
by finding the user pairing achieving this target. In the considered cell in total K
logical channels are available and N users want to be served by the BS. A logical
channel, in contrast to a physical channel, is not assigned to a specific frequency.
There are two possibilities to use a logical channel, either by employing conventional
GMSK modulation, and thereby only transmitting one user signal, or employing
OSC modulation, where the logical channel is “split” into two sub-channels for two
users. K̄ ≤ K channels are used for OSC transmission and therefore N̄  2K̄ users
are chosen to be paired. The N̄ paired users are collected in the set N. Section 4.4
gives details about different strategies to determine the number of channels K̄ used
for OSC transmission. The set of all possible pairs composed of two of the N̄ users of

set N is denoted by Π. There are |Π|  N̄2 possible pairs in set Π, where | · | denotes
the number of elements of a set. The goal of the optimization is to find a pairing
strategy P  {P1 , . . . , PK̄ }, with Pk  {o, p}, Pk ∈ Π, and k ∈ {1, . . . , K̄} that
minimizes the total transmit power. The two users of the pair Pk on the kth logical
channel are o, p ∈ N, where o , p. The subsets must be disjoint, i.e., Pk ∩ Pk0  ∅
for k , k 0.
The optimization problem can be stated as
P̂  argmin
P

X

Pi 0

(4.1)

i 0 ∈N

under the following constraints for the users ι ∈ {o, p} in each pair Pk


P ( Pk )  Po + Pp ≤ Pmax



 |SCPIRι | ≤ SCPIRmax , ι ∈ {o, p} .



 FERι ≤ FERthr , ι ∈ {o, p}

(4.2)

The first constraint limits the transmit power of each pair, P ( Pk ) , to a maximum
transmit power of Pmax . The absolute value of SCPIRι is limited to SCPIRmax for each
user ι by the second constraint. The last constraint demands a FER below a threshold
of FERthr . There are two reasons why the total transmit power is considered as a
criterion. On the one hand, the interference to neighbor cells is decreased when
the transmit power is lower. On the other hand, this also leads to a lower power
consumption of the BS, which will help to save energy in the network operation.
The optimal solution, given the assumed knowledge and the adopted criterion can
be found with the algorithm proposed in Section 4.3. It is possible to construct
some artificial scenarios, where a feasible solution of the optimization problem (4.1)
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under the constraints in (4.2) cannot be found. However, for the practical scenarios
considered in Section 4.5 with moderate requirements for the FER, it was always
possible to find a feasible solution to the given problem.
The main challenge is the power allocation for each user. To satisfy the FER
constraint, it is necessary to allocate enough power to each user to guarantee some
required SINR at the receiver. The interference power at the receiver cannot be
estimated in RRA, since the resource allocation is done independent of the other
cells that use the same frequencies. Furthermore, due to FH the interference powers
also change after each burst, whereas the power allocation and the pairing are
fixed for at least one frame, which comprises up to 8 bursts3. Therefore, for RRA,
it is proposed to use a simplified mapping table, compared to that proposed in
Section 3.2.6 for faster numerical evaluation. This simplified RRA mapping table
will be introduced in the following.

4.2 Radio Resource Allocation Mapping Table
Since the power level of the interferers is unknown to the BS, some average interference power should be assumed for RRA. Based on the mapping table described
in Section 3.2.6, a simplified RRA table is generated. As explained in Section 3.2.6,
the link-to-system mapping table needs as input the powers of different interference
types (adjacent channel interferers, co-channel GMSK and VAMOS interferers, etc.).
The power of these different interference types is assumed to be Pint for each type.
Therefore, the RRA table for interference power Pint is only a function of SCPIRi0
and SNRi0 for each user i 0 ∈ N,
FERi0  f (SCPIRi0 , SNRi0 ) .

(4.3)

The table is generated for the specific number of bursts used and some assumed
power delay profile for the small-scale fading such as TU.

4.3 Power Allocation and Pairing Algorithm
The necessary transmit power for a pair can be determined by evaluating the RRA
mapping table according to (4.3) for different values of SCPIRi . The SCPIRi values for
the evaluation are taken from the interval [−SCPIRmax , SCPIRmax ]. For a given pair
Pk  {o, p}, the minimum SNRι (ι ∈ {o, p}) necessary to fulfill the FER threshold
FERthr for different values of SCPIRι can be interpolated from the RRA mapping
3 The

actual number of bursts in one frame depends on the applied interleaving.
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table. This is done by searching the smallest SNR value for the given parameters
that satisfies the FER threshold and the biggest SNR value that does not satisfy
the threshold. The necessary transmit power for the signal of user ι, Pι (SCPIRι )
(ι ∈ {o, p}), is then linearly interpolated from these entries of the mapping table for
the FER threshold value. Since SCPIRo  −SCPIRp and G o , G p , the power required
for each user within the pair Pk will be different. The required transmit power of the
VAMOS pair given the required transmit power for user ι of this pair and SCPIRι
can be calculated from
P̃ι (SCPIRι )  Pι (SCPIRι ) /C (SCPIRι ) ,

(4.4)

C (SCPIRι )  10SCPIRι /10 / (1 + 10SCPIRι /10 )

(4.5)

where

is used to represent the individual contribution of user ι to the power of the pairing.
To satisfy the FER constraint for both users the total transmit power of pairing Pk is
selected as the maximum of the required transmit powers P̃ι (SCPIRι ) of both users
P ( Pk , SCPIRo )  max ( P̃o (SCPIRo ) , P̃p (−SCPIRo )) .

(4.6)

The SCPIR of user o is chosen as

F o  argmin P ( Pk , SCPIRo ) .
SCPIR
SCPIRo

(4.7)

F p , is defined and the selected transmit
By that also the SCPIR chosen for user p, SCPIR
power for pair Pk is
F o ) , Pmax ) .
P̂ ( Pk )  min ( P ( Pk , SCPIR

(4.8)

The min ( · ) operation ensures that the maximum transmit power constraint is always
fulfilled. However, by limiting the transmit power to Pmax , a FER higher than FERthr
might result. This can be avoided by the selection of a codec with higher error
correction capability.
For all possible pairs in set Π, the lowest required transmit power and the corresponding SCPIR value are calculated. The required transmit power and the
respective SCPIR value are stored in matrices P and S of dimension N̄ × N̄, reF o and
spectively. They are filled with [P]o,p  [P]p,o  P̂ ( Pk ) and [S]o,p  SCPIR
F o , respectively. Since our optimization problem is a weighted perfect
[S]p,o  −SCPIR
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matching problem in non-bipartite graphs [PS98], the Blossom Algorithm, cf. Appendix A.4.2, can be applied on the transmit power matrix P to find the pairing with
the lowest sum power. The algorithm finally returns the pairing P̂ that fulfills (4.1)
under the constraints in (4.2). The values for the transmit powers of the users and
the SCPIR can be extracted from P and S, respectively. The powers of users o and p
of the kth pair can be computed as Po  [P]o,p · C ([S]o,p ) and Pp  [P]p,o · C ([S]p,o ) ,
respectively.
The power allocation for a single user with GMSK modulation is straightforward.
With an RRA mapping table for the FER that only depends on the SNR of the user,
the necessary transmit power can be easily assigned.

4.4 Determination of Number of Paired Users
There are different possible strategies to decide which users should be paired and
which should transmit alone. The number of logical channels K̄ that are used for
OSC transmission must be determined by a pairing strategy. As a reference, the noVAMOS case is of interest, where K̄  0 logical channels use OSC transmission. Therefore, only up to K randomly selected users can be served with GMSK modulation. If
N > K, the remaining users will be blocked and cannot be served. To see the effect
of pure VAMOS, where as many users as possible are paired, K̄  min ( K, bN/2c )
OSC transmissions are used, where bxc denotes the largest integer not greater than
x. If N < 2K and N odd, one randomly selected user transmits without VAMOS.
If N > 2K, N − 2K users are blocked. For the case of N < 2K some channels may
remain unused, since there are more logical channels than pairs.
Another option is to only pair users if N > K. The pair only if otherwise blocked
(POOB) strategy will be identical to the no-VAMOS case if N ≤ K and is identical
to pure VAMOS if N ≥ 2K. For K < N < 2K, K̄  N − K channels are used for OSC
transmission and K − K̄ channels are used with GMSK modulation. For all strategies,
the users that are served with OSC or GMSK transmission are chosen at random.
To reduce the complexity of the RRA, it is also possible to use a random pairing
instead of optimizing the pairing according to (4.1) and (4.2), for which |Π| possible
pairs have to be evaluated. Furthermore, one can set SCPIRi  0 dB ∀i ∈ {1, . . . , N },
which corresponds to equal user powers within one pair. Another possibility is to
combine random pairing with SCPIR optimization for each of the randomly formed
pairs. The computational complexity is much lower than for optimal user pairing,
since only for K̄ pairs the optimal SCPIR must be determined according to (4.7).
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4.5 Simulation Results
Table 4.1: Simulation parameters.
Cell radius [m]
500
Sectors per cell
1
Reuse factor
12
Number of clusters
9
Small-scale fading
typical urban (TU)
Path loss model
UMTS 30.03, Vehicular Test
Env. [Eur98]
Distance attenuation coefficient
3.76
Gain at 1 m distance from BS [dB]
−8.06
Standard deviation for the log-normal fading 8
[dB]
Channels available in each cell
K8
Max. transmit power [dBm]
Pmax  30
Noise power [dBm] (thermal noise + noise −119.65 + 8
figure)
SCPIRmax [dB]
12
Number of bursts for frequency hopping
Nbursts  4
Power of each interference type relative to Pint  {10, 13, 15}
noise power [dB]
Speech codec
AHS 5.9 (half rate)
Carrier frequency [MHz]
900
Table 4.1 gives an overview of the parameters used for the simulation results for
RRA. Details on the channel model can be found in Appendix B. Only one of the
8 periodic GSM time slots of a TDM frame, cf. Fig. 2.1, has been simulated. Ideal
random FH over all available frequencies in each cell is used. Here, the AMR HR
speech codec with a data rate of 5.9 kbps (AHS 5.9) is used for all simulations to
maximize the network capacity. All cells are frame synchronized and FERthr  1 %.
The power of each interference type relative to the noise power Pint is used for
RRA since the true interference power is not known. For the network performance
evaluation, the true interference power is calculated according to the distribution
of all users in all cells. All interferers can be either OSC or GMSK modulated,
depending on the decisions made by the RRA algorithm.
The network simulator first generates new cells and then randomly distributes
users in the cells. On a cell per cell basis one of the RRA algorithms from Section 4.4 is
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executed. The logical channels are then randomly assigned to the physical channels.
For all users in all cells, realizations of the small-scale fading are generated for
each of the 4 bursts involved in a frame, and the FER is evaluated according to
Section 3.2.6. Then, all users are removed from the cells and the procedure starts
from the beginning with the random distribution of new users in the cells, i.e., there
is no simulation over time. The total number of users over all cells is fixed and the
users are randomly dropped into the total area which results in an average number
of users per cell Nuser .
Figures 4.1a and 4.1b depict the FER and the average transmit power of the BS per
user over the average number of users per cell Nuser , respectively. A MIC receiver
was used at all MSs. The lines marked with “random pairing, SCPIR = 0 dB” show
the performance of random user pairing and equal power allocation within each
pair (SCPIR  0 dB). Fig. 4.1b shows that by optimizing the SCPIR for all random
pairs (“SCPIR optim.”), a transmit power reduction of nearly 2 dB is possible. The
additional power saving enabled by employing optimal user pairing (“user pairing”)
compared to random user pairing and SCPIR optimization is about 0.5 dB, and
increases with the number of users available for user pairing. For these three cases
all users were forced to always transmit over OSC channels. One can see that the
power required for transmission is about 3 dB higher than for transmission without
VAMOS (“no-VAMOS”). This is due to the fact that the power allocation for a single
user only needs to achieve the SNR target for that user, not for both users, cf. (4.6).
When only pairing users that would be blocked if no OSC was used (“POOB”), one
can see that the necessary power lies between no-VAMOS and VAMOS with user
pairing. For a low average number of users in the cell, e.g., between Nuser  4 and
8, the necessary power is equal to that of the no-VAMOS case. By increasing Nuser ,
the number of users that receive their signal via OSC transmission increases and
thereby also the necessary transmit power.
The FER of the different pairing strategies is depicted in Fig. 4.1a. One can see that
an FERthr (dash dotted line) of 1 % cannot be fulfilled for a high number of users
in the cell and OSC transmission. When the load in the cells increases, also the cochannel interference increases dramatically. The MIC receiver that is employed for
all cases cannot cancel all interferers anymore which leads to an increased FER. Even
for the no-VAMOS case, where also the MIC receiver is used, the FER approaches
the threshold for a high number of users. For the user pairing algorithms that
try to pair as many users as possible the interference is very often an OSC signal
that cannot be cancelled by the MIC receiver. This can also be seen for the MTS-2
scenario investigated in Fig. 3.8. For the cases with high load, the FER performance
of user pairing is worse than without user pairing. The resource allocation has been
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(b) Average transmit power of BS per user.

Figure 4.1: FER and transmit power vs. average number of users per cell for VAMOS
vs. no-VAMOS scenario, Pint  10 dB above noise power, MIC receiver.
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Figure 4.2: Ratio of blocked calls versus average number of users per cell for VAMOS
vs. no-VAMOS scenario, Pint  10 dB above noise power, MIC receiver.
optimized for a fixed value of interference power Pint . Different values for Pint will
be considered in Fig. 4.3. However, the actual interference power caused by the
different pairing algorithms exceeds Pint  10 dB already for a medium system load.
One can also observe that the lower transmit power that is achieved by user pairing
compared to random pairing, results in a worse FER for high load.
From Fig. 4.1 one could come to the conclusion that no-VAMOS would be the
better choice. However, when taking into account the number of blocked calls,
depicted in Fig. 4.2, the main benefit of VAMOS is revealed. Here, we assume a call
is blocked if not enough logical channels are available to schedule this call. For our
simulations, K  8 physical channels are available per cell. Compared to FR, with the
HR codec the number of available logical channels per cell is doubled to 16. As one
can see from Fig. 4.2, the ratio of blocked calls increases very fast for the no-VAMOS
case. Already for Nuser  16, the percentage of blocked calls exceeds 10 % (dash
dotted line). In contrast, by employing the OSC concept, 10 % blocked calls occur
for Nuser  33.7. The average number of users for a given ratio of blocked calls can
be more than doubled by doubling the number of available channels with VAMOS.
This can be explained with the Erlang B formula for the blocking probability, which
states that by increasing the number of available channels the blocking probability
decreases for the same relative load. This capacity gain is the reason why the OSC
concept was introduced in GSM.
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Figure 4.3: FER and transmit power versus average number of users per cell for
different Pint values, MIC receiver.
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A solution to overcome the undesirable FER behavior observed in Fig. 4.1 is to
increase Pint for RRA, which will result in a higher power consumption. Figs. 4.3a
and 4.3b show the FER and transmit power, respectively, for different values of Pint .
It can be seen that by increasing the assumed interference power also the transmit
power is increased, which has a positive influence on the FER performance. Still,
for a load higher than 19 users, the FER threshold cannot be satisfied anymore for
a VAMOS transmission. Too high values of Pint increase the interference power to
such a level that additional FER gains are not possible anymore.
Therefore, the key to avoid the undesirable FER behavior without increasing Pint
is to use an enhanced receiver in the MSs. Figs. 4.4a and 4.4b show the FER and
transmit power, respectively, for POOB user pairing if MIC, SIC, and V-MIC receivers
are employed at the MSs, respectively. Due to the better interference cancellation
capabilities of the SIC and V-MIC receivers, the FER is much lower than for the MIC
receiver. For the SIC receiver, a small transmit power saving compared to MIC can be
achieved, whereas for V-MIC the RRA can reduce the transmit power significantly.
The FER and transmit power for a more realistic scenario with enabled DTX, where
a scheduled user does not transmit due to no speech activity with a probability of
40 %, are depicted in Figs. 4.5a and 4.5b, respectively. The POOB pairing strategy has
been used for the VAMOS results. The interference situation is now more relaxed
compared to the case without DTX. Within one pair, only with a probability of
36 % both users are active, while both users of one pair are silent with a probability
of 16 %. This means that strong interference by OSC users does not occur very
often. Furthermore, when the second user is not present, the receiver can use its
interference rejection capabilities to better suppress CCI from other cells. With the
V-MIC receiver it is now possible to keep the FER below 1 % for Nuser ≤ 32. This
enables a very high user load in the system.
In Figs. 4.6a and 4.6b, the FER and transmit power, respectively, for a hot spot
scenario are depicted. A comparison is made with a no-VAMOS GMSK modulated
transmission and OSC transmission with POOB user pairing in all cells. DTX is
deactivated in all cases and a MIC receiver is employed in all MSs. For the hot spot
scenario the cell layout is not changed compared to the scenarios for Figs. 4.1 to 4.5.
However, for the hot spot scenario only one cell (the hot spot) uses OSC transmission
and all other co-channel cells use legacy GSM with GMSK modulation. Only the
FER of the hot spot cell is shown here. One can also view this scenario as perfect
frequency assignment, where all co-channel cells schedule the OSC users in such
a way that only GMSK interferers are present for an OSC pair. It can be observed
that the resulting FER for the hot spot scenario is always below 1 %. This shows that
the FER reduction due to the missing OSC interference is significant. However, this
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Figure 4.4: FER and transmit power versus average number of users per cell for
different receivers, Pint  10 dB above noise power, POOB user pairing.
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Figure 4.5: FER and transmit power versus average number of users per cell for
different VAMOS receivers, Pint  10 dB above noise power, DTX enabled,
POOB user pairing.

68

Chapter 4 Radio Resource Allocation

AHS 5.9
0.07

POOB
hot spot
no-VAMOS

0.06

FER −→

0.05
0.04
0.03
0.02
0.01
0

5

10

15

20

25

30

35

25

30

35

Nuser −→

(a) FER.
AHS 5.9
22.5

POOB
hot spot
no-VAMOS

22

power [dBm] −→

21.5
21
20.5
20
19.5
19
18.5

5

10

15

20

Nuser −→

(b) Average transmit power of BS per user.

Figure 4.6: FER and transmit power versus average number of users per cell, MIC
receiver, hot spot scenario, Pint  10 dB above noise power.
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Table 4.2: Overall network capacity gain of OSC compared to non-OSC transmission
with Pint  10 dB.
Scenario
POOB, MIC, no DTX
POOB, SIC, no DTX
POOB, V-MIC, no DTX
POOB, MIC, DTX
POOB, SIC, DTX
POOB, V-MIC, DTX
hot spot, MIC, no DTX

OSC gain
9.4 %
21.9 %
34.4 %
40.6 %
75.0 %
103 %
112 %

also suggests that in other work, such as [MNS11], where only GMSK interference
is assumed, the actually achievable performance of a fully loaded VAMOS network
may be overestimated. We note that especially for the case of a high load in all cells,
perfect frequency assignment over all cells guaranteeing only GMSK interference
for the OSC users is impossible. Since the optimal power allocation for such a
heterogeneous network is a complex task, we adopt a simplified approach, where the
power allocation for OSC is used in all cells. This is a worst case assumption for the
hot spot, due to the higher transmit power allocated in the co-channel neighboring
cells. For Nuser > 30, the FER of the hot spot is even lower than that of the no-VAMOS
scenario with GMSK modulation. This is a consequence of the higher transmit power
allocation in the hot spot scenario compared to the no-VAMOS scenario.
Table 4.2 summarizes the overall network capacity gain of OSC transmission for
different parameters compared to no-VAMOS transmission with the MIC receiver,
where Pint  10 dB is valid for all cases. The gain is computed by comparing the maximal number of users guaranteeing both FER < 1 % and ratio of blocked calls < 10 %
for each scenario in Table 4.2, inspecting the corresponding curves from Figs. 4.1 to
4.6. As a reference we use the no-VAMOS transmission, where 10 % blocked calls
occur for Nuser  16. In all considered cases, a network capacity gain of OSC compared to no-VAMOS can be observed. With DTX enabled, the new V-MIC exhibits
a network capacity gain of more than 100 %. For the hot spot with a MIC receiver,
when OSC is only used in one cell, even more than 100 % network capacity gain can
be achieved.
RRA simulations were also performed for a network employing AFS and similar
gains for OSC transmission were obtained.
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4.6 Summary
In this chapter, the RRA problem for an OSC downlink transmission has been formulated. The aim is to minimize the sum transmit power of all users given a maximum
transmit power constraint per OSC signal, a maximum SCPIR value, and a prescribed maximal tolerable FER for every user. A simplified RRA mapping table
for the FER of every user has been proposed. This mapping table can be easily
implemented at the BS for RRA. Based on this RRA mapping table, an optimization
of the SCPIR within one pair is performed. The optimization problem has been
shown to be a weighted perfect matching problem in non-bipartite graphs, for which
efficient algorithms exist for solution. Different user pairing strategies have been
considered, where depending on the number of users within each cell, a different
number of users transmits with OSC and GMSK modulation, respectively.
In the last section, network simulations for a GSM network employing VAMOS
are presented. Different receiver concepts have been evaluated in a network scenario
where the proposed RRA algorithm is applied. The benefits of DTX and the strong
dependence of the VAMOS downlink performance on the type of interference have
been shown. Network capacity gains of more than 100 % compared to no-VAMOS
transmission can be obtained with the novel V-MIC receiver in a realistic network
scenario.
In summary, powerful solutions for the reception of OSC downlink signals have
been developed. These receivers combined with the proposed RRA schemes achieve
a very good performance even if an exact knowledge of the interference situation is
not available for resource allocation.
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System Model
5.1 Introduction
After the huge success of the Global System for Mobile Communications (GSM),
the 3rd Generation Partnership Project (3GPP) introduced the Universal Mobile
Telecommunications System (UMTS). In contrast to the single-carrier transmission,
and a combination of time-division multiple access (TDMA) and frequency-division
multiple access (FDMA), used in GSM, UMTS employs code-division multiple access (CDMA). UMTS is designed for significantly faster data transmission compared
to the Enhanced Data Rates for GSM Evolution (EDGE) system, which has been standardized for an evolution of data transmission in GSM. Similar to GSM, UMTS still
supports circuit switched services [SBT11]. Due to the enormously growing demand
for mobile data transfer, a new mobile communications system generation, called
Long Term Evolution (LTE), was introduced by 3GPP [DPSB10]. Major changes compared to UMTS are the transition to an all internet protocol (IP) based routing, and
the adoption of FDMA combined with multi-carrier transmission [HT11]. For LTE,
two different multi-carrier multiple-access schemes have been chosen. In the downlink of LTE, orthogonal frequency-division multiple access (OFDMA) is employed,
whereas in the uplink single-carrier frequency-division multiple access (SC-FDMA)
is used. OFDMA has been selected for several other standards before, like Wireless
Local Area Network (WLAN) and Worldwide Interoperability for Microwave Access (WiMAX). However, it was the first time that SC-FDMA was adopted as the
transmission scheme for a communications standard. Two duplex methods are
supported according to the LTE standard, frequency-division duplex (FDD) and
time-division duplex (TDD). In this thesis, only the FDD operation mode of LTE is
considered.
The main advantage of SC-FDMA compared to OFDMA is its lower peak-toaverage power ratio (PAPR). This enables the use of cheaper power amplifiers in
the mobile station (MS), which is the main reason why SC-FDMA has been selected
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(a) Users and BS before user pairing.

(b) Users and BS after user pairing.

Figure 5.1: User pairing in one cell.
for the uplink direction of LTE. In the first release of LTE, only MSs with a single
transmit antenna are considered. In contrast, in the downlink direction the first
LTE release supports two receive antennas at the MS and therefore a multiple-input
multiple-output (MIMO) downlink transmission is possible. The motivation for the
restriction to a single transmit antenna in the uplink direction is to reduce the costs
for the handsets, since only one power amplifier is needed.
At the base station (BS), multiple receive antennas are also supported since the first
LTE release. Therefore, it is possible to schedule multiple single antenna MSs to the
same time and frequency resources in uplink direction and separate their signals with
a MIMO receiver at the BS. This special case of a MIMO transmission is referred
to as distributed MIMO, multi-user MIMO, or virtual MIMO (V-MIMO). In the
following, we will adopt the term V-MIMO. The benefit of a V-MIMO transmission
is an increase in spectral efficiency which is achieved by spatial diversity [ZAW13].
A V-MIMO transmission is characterized by an additional degree of freedom for
optimization compared to a single user MIMO transmission, since there are various
choices for the users which should share the same time and frequency resources.
Figure 5.1 depicts an example for user pairing in one cell. First, we have the situation
depicted in Fig. 5.1a, where eight users in the cell need resources. After user pairing
within the cell, the users depicted in Fig. 5.1b with the same color are assigned to the
same resources. Therefore, several combinations of users to pairs are possible and
some combinations will perform better than others. This optimization problem for
an LTE uplink V-MIMO transmission is very challenging and will be investigated in
this thesis in detail.
In Section 5.2 the fundamentals of the LTE uplink transmission are introduced,
where we focus mainly on the aspects important for radio resource allocation (RRA).

5.2 Fundamentals of LTE
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Figure 5.2: Type 1 frame structure [3GP13b].
After this discussion of system aspects, Section 5.3 introduces the physical layer
system model including the multiplexing of different users.

5.2 Fundamentals of LTE
The time-domain frame structure of the FDD mode of LTE (type 1) is depicted in
Fig. 5.2. One radio frame of length 10 ms is composed of 10 equally sized subframes
of length 1 ms [DPSB10]. A subframe consists of two slots of length Tslot  0.5 ms
[3GP13b]. This time-domain structure is used for downlink as well as uplink transmission in LTE.
Figure 5.3 depicts the uplink resource grid for one slot. In time direction, one
slot contains seven SC-FDMA symbols. In frequency direction, N subcarriers are
available, where N depends on the channel transmission bandwidth configuration
[3GP13b]. To ease RRA, the smallest RRA unit is given by the resource block (RB)
which comprises one slot in time direction and 12 consecutive subcarriers in frequency direction. In contrast, a resource element (RE) is defined as one subcarrier
of one SC-FDMA symbol. Therefore, an RB consists of 7 · 12 REs. The subcarrier
spacing in LTE is typically 15 kHz.
One of the major benefits of LTE is its flexible channel transmission bandwidth
configuration. Each channel transmission bandwidth configuration corresponds to
a certain channel transmission bandwidth, number of available RBs, etc. Table 5.1
lists the possible configurations for LTE Release 8 valid for the up- and downlink.
We observe that a wide range from 1.4 MHz up to 20 MHz is supported and values
in between can be chosen with a fine granularity. The transmission bandwidth
configuration is defined as the maximum number of assignable RBs NRB . The table
also contains the number of subcarriers M available for resource allocation. The
rightmost column lists the inverse discrete Fourier transform (IDFT) length N at the
transmitter which is used to obtain the time-domain representation of the SC-FDMA
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one slot

7 SC–FDMA
symbols

12 subcarriers

M subcarriers

frequency direction

..

resource block 
7 · 12 resource
elements

resource element

..
time direction

Figure 5.3: Uplink resource grid for one slot [3GP13b].
symbol. It should be noted that N > M is always valid, because some subcarriers
at the band edges must not be used. A multiplexing of users to a subset of the NRB
available RBs enables several users to transmit in the same time slot and cell using
non-overlapping RBs. For user pairing/grouping, two or more users are allocated
to the same subset of RBs.
The fourth SC-FDMA symbol of a slot is usually reserved for the transmission
of the demodulation reference signals (DRSs). They have been mainly designed
for channel estimation and synchronization purposes. The last SC-FDMA symbol
of a subframe can be used to transmit the sounding reference signals (SRSs) and
their main purpose is the channel state information (CSI) acquisition for RRA. The
smallest scheduling unit for uplink transmission is one subframe.
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Table 5.1: Channel transmission bandwidth configurations for LTE [3GP13a].
Channel
Transmission bandwidth
bandwidth [MHz]
config. NRB [RBs]
1.4
3
5
10
15
20

6
15
25
50
75
100

Subcarriers for
IDFT
res. alloc. M
length N
72
180
300
600
900
1200

128
256
512
1024
1536
2048

user 1
user 2
user 3

subcarrier

subcarrier

distributed mode

localized mode

Figure 5.4: SC-FDMA subcarrier mapping modes [Myu07].

5.3 Transmission Model
For the transmission model, we first have a closer look at the SC-FDMA subcarrier
mapping modes. Figure 5.4 shows two different SC-FDMA subcarrier mapping
modes. In the distributed mapping mode, which is also sometimes referred to as
interleaved FDMA (I-FDMA) [SDBS98], the users are multiplexed in a comb like
structure. For the example of Fig. 5.4 with three users, every third subcarrier is
allocated to the same user. Here, user 2 and user 3 have a subcarrier offset of one
and two, respectively, compared to user 1. The distributed transmission mode is
used in the uplink of LTE for the transmission of the SRSs. The second subcarrier
mapping mode is called localized mapping mode and is employed for the payload data.
In the localized subcarrier mapping mode, a set of contiguous subcarriers must
be allocated to each user. The subcarriers are allocated in multiples of RBs, i.e., 12
adjacent subcarriers. The PAPR of the distributed mode is lower than that of the
localized mode, but the RRA for the former is not as flexible as for the latter, where
the number of contiguous subcarriers can vary from user to user [Myu07].
In LTE, the smallest unit for resource allocation is an RB which comprises 12
adjacent subcarriers, cf. Section 5.2. Each available RB is assigned a number 1 ≤ β ≤
NRB , where NRB is the total number of RBs available for resource allocation. The
allocation of an RB can be changed for every subframe n ∈ {1, . . . , NSF }, where NSF
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a ut [k]

M u -point
DFT
DMu

a u [m]

Subcarrier
b u [ν]
Mapping
Kru

N-point
IDFT
DHN

b ut [κ]

CP
insertion
Pin

t [κ]
b c,u

Figure 5.5: SC-FDMA transmitter structure for user u, transmitting with RP R ru .
denotes the number of transmitted subframes. In the following, a set of adjacent RBs
is called a resource pattern (RP) R r , with r ∈ {1, . . . , NRP }, where NRP is the total
number of RPs. More precisely, R r is defined as the set of subcarriers of the rth RP.
Considering all possible compositions of consecutive RBs, the set of all valid RPs is
given by R  {R 1 , . . . , R NRP }, with NRP  NRB ( N2RB +1) [FLY12]. The users in the cell
are indexed by 1 ≤ u ≤ K, where K is the total number of users, and are collected in
the set U  {1, . . . , K}. NU users assigned to the same RP are referred to as a group.
)
If user pairing is applied, i.e., NU  2, there are NG  K ( K−1
possibilities to form a
2
pair from two users. To each possible pair/group, a number 1 ≤ g ≤ NG is assigned

and all possible groups Gg are collected in the set G  G1 , . . . , GNG .
Throughout this thesis, a system with a single cell with one BS equipped with
NR receive antennas is considered. The users are equipped with NT  1 transmit
antennas each. A group of NU single antenna users, each out of all K available users
in the cell, is multiplexed to each time and frequency resource. Without loss of
generality we assume K to be an even number and NRB ≥ K/NU .

5.3.1 Time-Domain Transmission Model
We examine the transmission of one SC-FDMA symbol over a frequency-selective
fading channel in equivalent complex baseband representation. The transmitter
of the uth user in discrete-time equivalent complex baseband representation is
depicted in Fig. 5.5. All users of the system transmit over a single antenna. To enable
a compact presentation, beamforming (BF) is not considered in this model and will
be discussed in Section 5.3.2.
At each of the K transmitters, after channel coding and interleaving over one
subframe, Gray mapping of bits to a quadrature amplitude modulation (QAM) signal
constellation is applied (not shown in Fig. 5.5). If we assume that user u ∈ U employs
RP R ru , with the RP index of user u r u ∈ {1, . . . , NRP }, then a sequence of length
M u  |R ru | is obtained, where |·| denotes the cardinality of a set. The sequence of user
u contains independent, identically distributed (i.i.d.) coefficients a ut [k], of variance
σa2t  E{|a ut [k]| 2 }, with k ∈ {0, 1, . . . , M u − 1}. Here, | · | denotes the absolute value
u
of a number and E{·} stands for the expectation operation. An M u -point discrete
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∆

Fourier transform (DFT) is applied to each block1 atu 
which results in



a ut [0] . . . a ut [M u − 1] ,

T

∆

(5.1)

au  DMu atu ,

with au  [a u [0] . . . a u [M u − 1]]T , where ( · ) T denotes transposition. Here, DMu
stands for the unitary M u -point DFT matrix, which is defined by



DMu



∆

α,β

 1/ M u exp −j 2παβ/M u .

p



√
Here, [·]x, y denotes the element in the xth row and yth column of a matrix, · stands
for the square-root operation, exp ( · ) is the exponential function, j is the imaginary
unit, and α, β ∈ {0, 1, . . . , M u − 1}.
Subsequently, the DFT subcarrier mapping in the localized mode is applied. The
RP R ru determines the mapping of the M u coefficients a u [m] to the complete set
of subcarriers of size N, given by the transmission bandwidth configuration, cf.
Section 5.2. Defining νoffset  ( N − M u ) /2 as the offset frequency index for the
subcarrier assignment, and νru as the starting index of RP R ru relative to νoffset for
user u, the subcarrier mapping generates vectors
∆

(5.2)

bu  Kru au ,

with the vector bu  [b u [0] . . . b u [N − 1]]T and its elements b u [ν], ν ∈ {0, 1, . . . , N −
1}. The N × M u subcarrier mapping matrix is defined as
∆

Kru  0T( νoffset +νr

f

u ) ×M u

ITMu 0T( N−Mu − ( νoffset +νr

gT
u )) ×M u

.

(5.3)

Here, 0α×β and IX denote the all-zero matrix of size α × β and the X × X identity
matrix, respectively.
Via an N-point IDFT the time-domain transmit vectors btu with elements b ut [κ],
κ ∈ {0, 1, . . . , N − 1} are obtained as
∆

btu  DHN bu ,

1 To

(5.4)

enable a compact representation in the time-domain transmission model, we absorb the necessary serial/parallel (S/P) and parallel/serial (P/S) conversion in the DFT and IDFT blocks,
respectively.

80

Chapter 5 System Model
copy

CP

t
bc,u
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Figure 5.6: Adding the CP.
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..
.
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Figure 5.7: SC-FDMA BS receiver structure.
where DN is the unitary N-point DFT matrix and ( · ) H denotes Hermitian transposition. A cyclic prefix (CP) of length L cp is added to the vectors btu , which can be
written as
∆

(5.5)

t
bc,u
 Pin btu ,

where Pin is defined as


0L × ( N−Lcp ) ILcp
Pin   cp

IN
∆


 .


(5.6)

The result of applying Pin is depicted in Fig. 5.6. By copying the last L cp symbols in
time domain in front of the vector btu , the CP is inserted. The discrete-time symbols
t
contained in bc,u
are then transmitted.
Figure 5.7 depicts the receiver structure at the BS. We assume perfect synchronization of the users and perfect channel knowledge at the receiver. The signal at the `th
receive antenna, ` ∈ {1, . . . , NR }, is given by
t
rc,`
[κ]



qh
K X
X
u1 λ0

t
t
h `,u
[λ] b c,u
[κ − λ] + n `t [κ],

(5.7)
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t
where the discrete-time subchannel impulse response h `,u
[λ] with λ ∈ {0, . . . , q h }
of order q h characterizes the transmission from user u to the `th receive antenna
including transmit and receiver input filtering. The channel models used in this
work are explained in detail in Appendix B. The spatially and temporally white
Gaussian noise of variance σn2 is denoted by n `t [κ]. Equation (5.7) can be rewritten
in matrix-vector notation as

t
rc,`



K
X

t
Ht`,u bc,u
+ nt` ,

(5.8)

u1
∆

gT

∆

gT

t
t
t
where rc,`
 rc,`
[0] . . . rc,`
[N + L cp − 1] , nt`  n `t [0] . . . n `t [N + L cp − 1] , and
Ht`,u is an ( N+L cp ) × ( N+L cp ) channel convolution matrix describing the transmission
from user u to receive antenna `.2
In the receiver first the CP is removed, which can be written as

f

f

∆

(5.9)

t
rt`  Pout rc,`
,

gT

∆

with rt`  r `t [0] . . . r `t [N − 1] , Pout  0N×Lcp IN . In this way, the inter-symbol
t
interference between adjacent SC-FDMA symbols (vectors bc,u
) can be eliminated if
Lcp ≥ q h is valid, which is assumed throughout this thesis. After an N-point DFT,

f

f

∆

r`  DN rt`

g

(5.10)

is obtained with r`  [r ` [0] . . . r ` [N − 1]]T . The subcarrier demapping via multiplication with KHru for every user u results in frequency domain vectors for each user’s
RP R ru
∆

y`,ru  KHru r` ,

(5.11)

with y`,ru  y `,ru [0] . . . y `,ru [M u − 1] T and the signal after demapping at receive
antenna ` in frequency domain for subcarrier m, y `,ru [m]. The detector input signal
in time domain for antenna ` and user u, employing RP R ru , is then given by





∆

yt`,ru  DHMu y`,ru ,

(5.12)

t
t
t
with the vector yt`,ru  [y `,r
[0] . . . y `,r
[M u − 1]]T , and its elements y `,r
[k], k ∈
u
u
u
{0, . . . , M u − 1}.
2 Symbols

from the preceding block can be ignored in the model because they do not contribute
after CP removal.
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Let us assume that R ru1 ∩ R ru2  ∅ or R ru1 ∩ R ru2  R ru1 ∪ R ru2 is valid, i.e., the
RPs of two users u 1 , u2 ∈ U, with u 1 , u2 , either do not share any subcarriers or
are identical. Then, the detector input signal for each RP R r 0 employed by the users
reads
yt`,r 0

X



u 0 |r u0 r 0

DHMu0 KHr 0 DN Pout Ht`,u0 Pin DHN Kr 0 DMu atu0 + DHMu0 KHr 0 DN Pout nt` .

(5.13)

For Lcp ≥ q h , i.e., the CP is greater or equal to the channel order, the transmission
over the channel can be described by a cyclic convolution. Therefore, we define
∆

(5.14)

t
t
Hcyc,`,u
0  Pout H `,u 0 Pin ,

t
where Hcyc,`,u
0 is an N × N cyclic channel convolution matrix. With (5.14), (5.13) can
be condensed to

yt`,r 0 

X
u 0 |r u0 r 0

t
H
t
H
H
t
DHMu0 KHr 0 DN Hcyc,`,u
0 D N K r 0 D M u a u 0 + D M 0 K r 0 D N Pout n ` .
u

(5.15)

For SC-FDMA, similar to OFDMA, the channel can be described by a matrix of
independent subcarriers
∆

t
H
Λ`,u0  KHr 0 DN Hcyc,`,u
0 D N K r 0  diag h `,u 0 [0], h `,u 0 [1], . . . , h `,u 0 [M u 0 ] ,



(5.16)

where diag ( · ) stands for a diagonal matrix with elements ( · ) on its main diagonal.
The channel matrix Λ`,u0 is an M u0 × M u0 diagonal matrix with the diagonal elements h `,u0 [m], denoting the channel coefficient from user u 0 to receive antenna
` ∈ {1, . . . , NR } for the mth subcarrier. Equivalently, with
t
H
0
Heq
`,u 0  D M u0 Λ`,u D M u ,

(5.17)

(5.15) can be condensed to
yt`,r 0 

X
u 0 |r u0 r 0

t
t
t
Heq
`,u 0 au 0 + ñ`,r 0 .

(5.18)

Here, Heq `,u0 is an M u0 ×M u0 cyclic channel convolution matrix and the additive white
t
t
T
Gaussian noise (AWGN) vector ñt`,r 0  [ñ `,r
0 [0] . . . ñ `,r 0 [|R r 0 | − 1]] with entries of
variance σn2 .3 Eq. (5.18) is the input signal for the successive interference cancellation
(SIC) receiver in time domain, whereas the receivers operating in frequency domain,
3 The

statistical properties of the noise are not changed by the receiver side operations.
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like the minimum mean-squared error (MMSE) linear equalization (LE) receiver, are
based on the received signal after the DFT according to (5.10).

5.3.2 Frequency-Domain Transmission Model
The time-domain transmission model in Section 5.3.2 is very important to understand
the resemblance of SC-FDMA with a classical single carrier transmission. However,
a frequency-domain transmission model for SC-FDMA simplifies many derivations
and enables a frequency domain equalization. Therefore, an OFDMA like frequencydomain transmission model is derived in the following. For the derivation of this
model, we consider the transmission scenario depicted in Fig. 5.8. We assume that
user pairing is used (NU  2) and both users of the pair Gg  {u g,1 , u g,2 }, with
u g,q ∈ U, q ∈ {1, 2}, transmit with RP R r . A convenient end-to-end frequencydomain system description for SC-FDMA transmission will be obtained, whose
generalization to user grouping is straightforward.
The signal of each user is serial/parallel (S/P) converted before an |R r |-point
DFT is applied to the signal of each user. Per subcarrier BF can be adopted to
adapt the transmit signal to the channel4. Subsequently, subcarrier mapping, Npoint IDFT, and parallel/serial (P/S) conversion are applied. The sufficiently long
CP is added before the signal is transmitted over the antenna. At the receiving
BS, NR receive antennas are present, and all receive observations are impaired by
AWGN. First, the CP, added previously in the transmitter, is removed from the
observations. After S/P conversion and subsequent N-point DFT, the signals of
the users in frequency domain are demapped from the allocated subcarriers. To
finally obtain the originally transmitted signals in time domain, the demapped
signals are transformed back to time domain via an |R r |-point IDFT, P/S converted
and equalized. In the case of linear equalization, it is also possible to perform a
joint frequency-domain equalization of all observations after N-point DFT which
is usually preferred over time-domain equalization due to its lower complexity
[GNO08].
In the following, the equivalent frequency-domain transmission model depicted
at the bottom of Fig. 5.8 will be considered. The frequency domain samples of
the users of pair Gg on subcarrier m ∈ R r are collected in the 2 × 1 transmit vector
s g,r [m]  [a u g,1 [m] a u g,2 [m]]T . Every element of s g,r [m] has zero mean and variance σs2 .
Both users employ the same RP R r . The dash-dotted box labeled “equivalent channel”
is characterized by the 2 × 2 BF matrix W g,r [m], the NR × 2 V-MIMO channel matrix
H g,r [m], and the AWGN samples represented by a 2 × 1 vector nr [m] with zero mean
4 Power

allocation can be viewed as BF with real-valued, constant factors for all subcarriers.
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Figure 5.8: SC-FDMA transmission chain.
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and covariance matrix E{nr [m]nHr [m]}  σn2 INR . With this equivalent frequency
T
domain channel model, the received signal y g,r [m]  y1,ru g,1 [m] . . . y NR ,ru g,2 [m]
at subcarrier m for RP R r is given by
y g,r [m]  H g,r [m] W g,r [m] s g,r [m] + nr [m].

(5.19)

The path loss and large-scale fading are assumed to be ideally compensated for the
channel impulse response. Thus, H g,r [m] only comprises small-scale fading, and is
given by

 h
[m] h 1,u g,2 [m]
 1,u g,1.
..
..
H g,r [m]  
.

 h NR ,u g,1 [m] h NR ,u g,2 [m]



 .



(5.20)

The 2 × 2 BF matrix of the pair Gg , on subcarrier m, and employing RP R r is given by
W g,r [m]  diag ( w g,1,r [m], w g,2,r [m]) ,

(5.21)

where w g,r,q [m] denotes the individual BF filter coefficients in frequency domain of
the qth user of pair Gg on subcarrier m. The BF coefficients adjust the amplitudes
and phases of the transmit signal.
Until now, we have considered the transmission of one SC-FDMA symbol. Throughout this thesis, we assume that the channel does not change for every SC-FDMA
symbol. In our model, the channel is constant for one subframe, i.e., 14 SC-FDMA
symbols, and changes from subframe to subframe. This model is usually referred to
as a block fading channel, and further details on the channel model can be found
in Appendix B. To emphasize this dependency of the subframe, for all tasks which
are not performed on an SC-FDMA symbol basis, but in multiples of subframes,
an additional subframe index n ∈ {1, . . . , NSF } is added. First of all, this applies
to the channel matrix, which is then denoted by H g,r [m, n]. Since also the BF filter coefficients depend on the channel, we add the subframe index n here, too,
W g,r [m, n]  diag ( w g,1,r [m, n], w g,2,r [m, n]) .
For constant power allocation (CPA) W g,r [m, n] 

q

P g,r [n] is valid, with the

transmit power matrix P g,r [n]  diag p g,1,r [n], p g,2,r [n] and the transmit power
values of the qth user of the pair Gg in frequency domain denoted by p g,q,r [n].
For the case that both users transmit with the same power, P g,r [n]  const. · I2
is valid, i.e., P g,r [n] is an identity matrix multiplied with a constant factor. Both,
localized SC-FDMA modulation as well as I-FDMA modulation, are covered by
Fig. 5.8, adapting the subcarrier mapping and demapping.
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The total transmit power of the pair Gg on RP R r in time domain is given by
2


1 X X


|w g,q,r [m, n]| 2 for BF,




 N q1 m∈R r
t
P g,r
[n]  
2


|R r | X



p g,q,r [n]
for CPA,


 N
q1


(5.22)

where N is the length of the IDFT, cf. Section 5.2.
The achievable data rate (in bit/s) in subframe n for each user u, which is the qth
user of user pair Gg allocated to the resource pattern R r , is given by
c u [n]  c g,q,r [n]  BSC |R r | ld (1 + γ g,q,r [n]) ,

(5.23)

where ld ( · ) denotes the logarithm to the base 2, BSC is the bandwidth of one subcarrier, and |R r | denotes the number of assigned subcarriers of RP R r . The unbiased signal-to-interference-plus-noise ratio (SINR) γ g,q,r [n] after equalization of
SC-FDMA is given in Chapter 6 for the individual receivers.
Throughout this part, we only consider a noise limited scenario according to (5.8)
and (5.19). We do not consider an interference limited system and only concentrate
on one cell served by one BS. Without cooperation of the BSs and additional feedback from the users, it is very difficult to take interference into account for RRA.
In LTE Release 8, the only cooperation between the BSs is the ‘high interference
indicator’ [SBT11]. This indicator is used by a BS to inform the BSs of neighboring cells about the scheduling of cell edge users. We assume that MSs at the cell
edge, suffering from strong interference, are no candidates for pairing and therefore will not be considered for pairing at all. This information is obtained by the
‘high interference indicator’. Furthermore, we also assume slowly moving or static
users for user pairing/grouping, if not stated otherwise. Therefore, the users for
user pairing/grouping and RRA are assumed to be preselected. The MSs which
are disregarded for user pairing are assumed to be scheduled for a single-input
multiple-output (SIMO) transmission by a different scheduling entity in a separate
frequency band and do not influence the user pairing/grouping investigated in this
thesis.
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Chapter 6
SC-FDMA Receiver Algorithms
In the previous chapter, the system model of a V-MIMO SC-FDMA transmission has
been introduced. The achievable data rate of the transmission has been shown to
depend on the SINR after equalization. Therefore, a good separation of the signals of
the users within one pair/group by the receiver is necessary to render sum data rate
gains possible compared to a SIMO transmission. Furthermore, also the intersymbol
interference (ISI) caused by the frequency-selective channel has to be combated in
the receiver.
SC-FDMA enables a frequency-domain equalization, similar to OFDMA, which
allows for a low complexity implementation of the equalizers. Linear as well as
enhanced non-linear equalizers can be used for SC-FDMA and will be introduced
in the following. Furthermore, advanced receivers, some of them operating in time
domain, will be outlined.
In the following, we assume perfect knowledge of the channel impulse response
of all users of each pair/group at the receiver. Furthermore, we require that the
channel is constant for the duration of one subframe (block fading). We assume that
σa2  1 for the following derivations. To ease the notation for the derivations in this
chapter, the subframe index n is omitted.

6.1 ZF Receiver
The well-known zero-forcing (ZF) equalization is a low complex equalization technique designed for the high signal-to-noise ratio (SNR) regime. For an SC-FDMA
transmission, ZF equalization can be performed in frequency domain per subcarrier
m. Therefore, with the equivalent frequency-domain transmission model from (5.19)
linear ZF equalization of pair/group Gg can be written as
ZF
s̃ZF
g,r [m]  F g,r [m] y g,r [m],

(6.1)
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where the filter matrix FZF
g,r [m] is given by
H
H
FZF
g,r [m]  W g,r [m]H g,r [m]H g,r [m]W g,r [m]



 −1

WHg,r [m]HHg,r [m],

(6.2)

and s̃ZF
g,r [m] denotes the ZF equalized frequency-domain vector of pair/group G g for
subcarrier m. With the Moore–Penrose pseudoinverse of a matrix M+  (MH M) −1 MH ,
the filter matrix can also be expressed by
FZF
g,r [m]  H g,r [m]W g,r [m]



+

(6.3)

.

The originally transmitted symbols of the users of the pair/group Gg are obtained
by a subsequent IDFT of the equalized frequency domain symbols in s̃ZF
g,r [m] and a
subsequent slicing or decoding operation.
The unbiased SINR after ZF equalization of SC-FDMA is given by, cf. [FLY12],

* 1

γZF
g,q,r  .

−1 +
(ΓZF
g,q,r [m]) /
|R r |
m∈R r
,
-

X

−1

(6.4)

,

which is the harmonic mean of the subcarrier SINRs ΓZF
g,q,r [m] after equalization.
ZF
The SINR Γ g,q,r [m] of the qth user of pair/group Gg at subcarrier m of RP R r after
ZF equalization is given by
ΓZF
g,q,r [m] 

1
σn2 (WHg,r [m]HHg,r [m]H g,r [m]W g,r [m]) −1

f

.

g

(6.5)

q,q

Combining (6.4) and (6.5) leads to the average SINR of the qth user of pair/group
Gg employing RP R r for ZF equalization,
γ ZF
g,q,r


 −1   −1
1 X 2  H
H
.
σn W g,r [m]H g,r [m]H g,r [m]W g,r [m]

|R r |
q,q


(6.6)

m∈R r

6.2 MMSE Receiver
Linear MMSE equalization of SC-FDMA signals has a low complexity and can be
easily implemented in frequency domain [PCR07] similar to the ZF case. Since
we can treat the V-MIMO transmission like a single-user MIMO system regarding
equalization, the solution for the MMSE LE filters from [GNO08] can be used.

6.2 MMSE Receiver

89

In analogy to ZF equalization, with the equivalent frequency-domain transmission
model from (5.19), the output vector of linear MMSE equalization of user pair/group
Gg can be written as
s̃MMSE
[m]  FMMSE
[m] y g,r [m],
g,r
g,r

(6.7)

where the filter matrix FMMSE
[m] is given by
g,r
FMMSE
[m]  WHg,r [m]HHg,r [m]H g,r [m]W g,r [m] + σn2 INU
g,r



 −1

WHg,r [m]HHg,r [m], (6.8)

and s̃MMSE
[m] contains the MMSE equalized frequency-domain samples of pair/
g,r
group Gg for subcarrier m and RP R r . The unbiased SINR after equalization for the
allocation of resource pattern R r and MMSE LE at the receiver is given by [FLY12]
γ MMSE
g,q,r

X
* 1
−1 +
.
(ΓMMSE
g,q,r [m]) /
|R r |
m∈R r

,

−1

− 1.

(6.9)

-

It is important to note that compared to (6.4) an additional term “−1” is necessary in
order to take into account the required bias compensation. Here, the SINR ΓMMSE
g,r,q [m]
of the qth user in pair/group Gg at subcarrier m after equalization is defined as
ΓMMSE
g,q,r [m] 

1
σn2



W g,r [m]H g,r [m]H g,r [m]W g,r [m] +
H

H

σn2 INU

.

 −1 

(6.10)

q,q

Combining (6.9) and (6.10) leads to the following expression for the average SINR
for MMSE LE of the qth user of pair/group Gg assigned to the resource pattern R r ,
γ MMSE
g,q,r


 −1   −1
1 X 2
H
H
2

σn W g,r [m]H g,r [m]H g,r [m]W g,r [m] + σn INU
− 1.
|R r |
q,q


m∈R r

(6.11)

To obtain the error variance contained in the estimated transmit sequence in time
domain ã ut g,q [k], we model ã ut g,q [k] by
ã ut g,q [k]  a ut g,q [k] + e ut g,q [k],

(6.12)
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ȳ0tg,r 0

ȳtg,r 0

+

(ftu g,ζ ) H

ãtu g,ζ

Q

âtu g,ζ

H̄tr 0 ,u g,ζ

ztg,r 0

−

ãtη

(gtu g,η ) H

Figure 6.1: Block diagram of an SC-FDMA SIC equalizer.
where e ut g,q [k] denotes the discrete-time estimation error samples of the qth user of
pair/group Gg . Using

 2
2
 σ1,1, g,r [m] σ1,2,g,r [m]
2
2
 σ2,1,
[m]
σ2,2,g,r
[m]
g,r

..
..
.
.

 σ2
2
[m] σNU ,2,g,r [m]
 NU ,1,g,r


2
σ1,N
[m] 
U ,g,r

...



2
. . . σ2,N
[m]  ∆
U ,g,r
 
..
..
.
.

2
. . . σNU ,NU ,g,r [m] 


(6.13)

σn2 WHg,r [m] HHg,r [m] H g,r [m] W g,r [m] + σn2 INU

we can express the autocorrelation matrix Φe ut
vector etu g,q  e ut g,q [0] . . . e ut g,q [M u g,q − 1]
[GNO08]

f

Φe ut

t
g,q e u g,q

 DHMu

gT

∆

t
g,q e u g,q

,

 E etu g,q (etu g,q ) H of the error

(

)

of the qth user within the pair Gg as

2
2
diag σq,q,g,r
[νr ], . . . , σq,q,
g,r [ν r + M u g,q − 1] D M u g,q ,





g,q

 −1

(6.14)

where M u g,q  |R r | denotes the number of subcarriers used for the qth user of
pair/group Gg and νr is the starting index of RP R r . The variance of the error e ut g,q [k]
in sequence ã ut g,q [k] is therefore
σe2t
u g,q ,r

1 X 2

σq,q,g,r [m],
M u g,q

(6.15)

m∈R r

which shows that the error variance for each user u after equalization depends on the
corresponding pair/group Gg as well as the RP used for this group. Equation (6.15)
is the sum over all subcarriers of the denominator in (6.10), i.e., the denominator of
the SINR expression for the qth user of the pair/group Gg .

6.3 SIC Receiver
For a V-MIMO system where NU users are encoded separately, an ordered SIC
approach can take advantage of the channel code of a user to generate feedback
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aiding equalization. Doing so, the interference created by the users with stronger
received power can be more efficiently suppressed before detection of the users
with weaker received power. Fig. 6.1 depicts the block diagram of the SIC receiver
for SC-FDMA transmission. Here, Q stands for a quantize block which delivers
hard or soft output symbols. Soft information can be delivered with soft output
decoding, whereas hard output is achieved with channel decoding and reencoding
or without the aid of the channel decoder by a slicer. In the following, a SIC equalizer
in time domain for the detection of two independently encoded SC-FDMA users is
introduced. A generalization of this scheme to more than two users can be found,
e.g., in [DKFB04]. An implementation of the filters for SIC in frequency domain
would also be possible and achieve the same performance. However, the latter
method would still need a conversion to time domain in the SIC algorithm to exploit
the channel code for error correction of the feedback symbols.
We derive the filters for SIC based on the time domain signal model from Section 5.3.1. For a transmission with BF, an equivalent time domain channel can be
assumed. The input vector for the SIC equalizer for the detection of the two users
u g,1 , u g,2 ∈ Gg of the considered pair Gg on RP R r is given by
t

t

ȳtg,r  H̄r,u g,1 atu g,1 + H̄r,u g,2 atu g,2 + n̄tr ,

(6.16)

gT

t
t
t
t
t
t
where ȳtg,r  y1,r
[0] y2,r
[0] . . . y N
[0] y1,r
[1] y2,r
[1] . . . y N
[|R r | − 1] and n̄tr 
R ,r
R ,r
t
t
t
t
t
t
[ ñ 1,r
[0] ñ 2,r
[0] . . . ñ N
[0] ñ 1,r
[1] ñ 2,r
[1] . . . ñ N
[|R r | − 1]]T are vectors comprising
R ,r
R ,r
the signals of all receive antennas and time steps. Compared to (5.18), the elements
of the vectors ȳtg,r and n̄tr have been rearranged. The columns of the ( NR |R r | ) × |R r |
cyclic SIMO channel convolution matrix for the qth user of the user pair Gg are
defined as

f

f

g ∆
t
H̄r,u g,q

:,m

circshift



t
hbase,r,u
,
g,q



[NR m, 0] ,

(6.17)

with the vector
∆

t
t
t
t
t
hbase,r,u
 [Heq
1,u g,q ]1,1 [Heq 2,u g,q ]1,1 . . . [Heq NR ,u g,q ]1,1 [Heq 1,u g,q ]2,1
g,q

f

t
t
[Heq
2,u g,q ]2,1 . . . [Heq NR ,u g,q ] |R r |,1

gT

(6.18)

describing the first column of the time-domain SIMO matrix for the qth user, m ∈


t
{0, . . . , |Rr | − 1}, and Heq
according
to
(5.17).
Here,
circshift{A,
α,
β
} and
`,u g,q
[A]:,β stand for the cyclic shift of matrix A by α rows and β columns and the βth
column of matrix A, respectively.
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As depicted in Fig. 6.1, the equalized signal for users u g,ζ and u g,η of pair Gg can
be calculated by
ã ut g,ζ [k]  (ftu g,ζ ) H circshift{ȳtg,r , [−NR k, 0]},

(6.19)

ã ut g,η [k]  (gtu g,η ) H circshift{ȳ0tg,r , [−NR k, 0]},

(6.20)

where ȳ0tg,r describes the received signal after cancellation of the signal of user u g,ζ ,
where ζ indicates the user to be equalized first with the filter vector ftu g,ζ . The filter
vector can be calculated as the Wiener solution [ADS00]
ftu g,ζ  Φ−1
ȳ t

t
g,r ȳ g,r




t
H̄r,u g,1

t
g,r a u g,ζ [0]

Φa ut

t


at
g,1 u g,1

× H̄r,u g,ζ ϕatu
where Φa ut

(6.21)

ϕȳt

H
t
H̄r,u g,1

a t [0]
g,ζ u g,ζ

+

t
H̄r,u g,2

Φa ut

at
g,2 u g,2

H
t
H̄r,u g,2

+ Φn̄ rt n̄ rt

 −1
(6.22)

,

 I|R r | , Φn̄ rt n̄ rt  σn2 INR |R r | and ϕatu

t
g,q a u g,q



a t [0]
g,ζ u g,ζ

 [1 0 . . . 0]T .

For the filter design for user u g,η , perfect cancellation of user u g,ζ in ȳ0tg,r is assumed.
Therefore, the corresponding Wiener filter is given by
gtu g,η  Φ−1
ȳ 0t

0t
g,r ȳ g,r



t

t
g,r a u g,η [0]

 H̄r,u g,η Φa ut
with ϕatu

t
g,η a u g,η [0]

(6.23)

ϕȳ0t


t
g,η a u g,η

t

H̄r,u g,η

H

+ Φn̄ rt n̄ rt

 −1

t

H̄r,u g,η ϕatu

t
g,η a u g,η [0]

,

(6.24)

 [1 0 . . . 0]T . We note that it is possible to reduce the filter order

q f of ftu g,ζ and gtu g,η to q f < NR · |R r | − 1 without severe performance degradation
[DZRG11]. In any case, ftu g,ζ and gtu g,η can be implemented efficiently in frequency
domain.
In order to decide which user u g,ζ to process first within pair Gg , we calculate the
SINR after filtering with fu g,ζ for both users q ∈ {1, 2} of the pair Gg according to
SINRbiased,g,q,r 

1
σe2t
u g,q ,r

(6.25)

,

with
σe2t

u g,q ,r

 1 − ftu g,q



H

ϕȳt

t
g,r a u g,q [0]

.

(6.26)
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Then, ζ and η (ζ, η ∈ {1, 2}) are selected as indices of the user within the pair with
the higher and lower SINR, respectively. Since both equalized sequences ã ut g,ζ [k] and
ã ut g,η [k] exhibit a bias, before further processing, a bias compensation [CDVEF95]
t
t
has to be made, resulting in the unbiased sequences ã ub,u
[k] and ã ub,u
[k].
g,η
g,ζ
Decisions on the symbols of user u g,ζ are fed back in order to remove its contribut [k] which results in y 0t [k]. The feedback can be implemented in different
tion to y g,r
g,r
t
ways based on the unbiased sequence ã ub,u
[k], utilizing either hard or soft values.
g,ζ
Also the channel code can be exploited by decoding the symbols after soft demapping and deinterleaving. Finally, reencoding generates the symbols â ut g,ζ [k]. With
the vector of feedback symbols ztg,r and the vector of decisions âtu g,ζ , the received
signal with the influence of user u g,ζ canceled can be calculated to
t

ȳ0tg,r  ȳtg,r − H̄r,u g,ζ âtu g,ζ .

|

{z
ztg,r

(6.27)

}

The simulation results of Chapter 8, exhibit the superior detection performance of
the proposed SIC receiver compared to MMSE LE.

6.4 Other Receivers
In the literature, further equalization techniques have been proposed. A trellis-based
and a decision-feedback equalization (DFE) based receiver for noise limited scenarios
are outlined in the following.

6.4.1 Trellis-Based Receiver
In [GNO08] a trellis-based equalizer for SC-FDMA in time domain is proposed. First,
for preprocessing, the MMSE equalizer of Section 6.2 is employed. Although ISI is
eliminated by the MMSE equalizer, it also introduces spatial and temporal noise correlations. However, trellis-based equalization adopting the squared Euclidean metric
requires a spatially and temporally white Gaussian noise impairment. Therefore, an
additional prediction-error filter must be inserted before trellis-based equalization.
The order of the finite impulse response (FIR) prediction filter directly influences the
complexity of the trellis-based equalization, while a higher filter order is beneficial
for the performance. The computational complexity of the trellis-based equalizer
is significantly higher than that of MMSE equalization. Results for a single-user
MIMO transmission, where one codeword is interleaved over multiple transmit
antennas, show significant gains [GNO08]. In the following, this equalizer will be
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atg,r [k] + etg,r [k]

Tt [k]

t
up,g,r
[k]
+
+
−

Q

âtg,r [k]

Tt [k]

Figure 6.2: Structure of MIMO DFE receiver.
not considered anymore due to the significant additional computational complexity
introduced by the trellis-based algorithm compared to the MMSE LE receiver.

6.4.2 DFE Receiver
In [DRGS10] a MIMO DFE receiver for SC-FDMA is proposed to enhance the performance of MMSE LE. We will give a brief overview of this equalizer in the following.
The derivations are performed for user pairing (NU  2), and an extension to user
grouping is straightforward.
A MIMO noise (error) prediction-error filter according to Fig. 6.2 may be inserted
after MMSE LE and IDFT creating time-domain signals. With the time-domain
model of Section 5.3.1, the signal after MMSE equalization of pair Gg on RP R r in
time domain can be modeled as atg,r [k] + etg,r [k]. Here, atg,r [k] denotes the vector
of the transmit symbols of the users of pair Gg at discrete time instant k, with
∆

f

∆

f

gT

atg,r [k]  a ut g,1 [k] a ut g,2 [k] , and the residual error after equalization is denoted by

gT

etg,r [k]  e ut g,1 [k] e ut g,2 [k] . The postcursor ISI introduced by the prediction-error
filter is removed by decision feedback after the quantizer Q, producing decisions
âtg,r [k] for atg,r [k], resulting in an MMSE DFE structure, where the feedback filter
coefficient matrices are identical to those of the prediction filter Tt [k], cf. e.g., [ZL07].
The signal after prediction-error filtering is described by
t
t
t
t
up,
g,r [k]  Te [k] ⊗ a g,r [k] + ep, g,r [k],

(6.28)

where ⊗ denotes the cyclic convolution. Tte [k] are the coefficients of the predictionerror filter, Tte [0]  I2 , Tte [k]  −Tt [k], with k ∈ {1, 2, . . . , q p } and the predictor order
t
q p . ep,
g,r [k] is the error signal of the MMSE LE output filtered with the predictionerror filter.
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The optimal predictor coefficients are obtained from the multichannel Yule Walker
equations [GNO08, ZL07]


Atg,r [0]
Atg,r [1]

Atg,r [0]
 Atg,r [−1]
..
..

.
.

t
t
 A g,r [−q p + 1] A g,r [−q p + 2]
f
 (Atg,r ) T [−1]

· · · Atg,r [q p − 1]
· · · Atg,r [q p − 2]
..
.
Atg,r [1]
···
Atg,r [0]

 (Tt ) H [1] 


 (Tt ) H [2] 
..


.


 (Tt ) H [q p ] 
gT
(Atg,r ) T [−2] · · · (Atg,r ) T [−q p ] ,







(6.29)

with the cyclic autocorrelation matrix sequence of the error signal of MMSE LE for
transmission over RP R r , with corresponding periodical extension
Atg,r [k] 

 −1
σn2 X  H
W g,r [m]HHg,r [m]H g,r [m]W g,r [m] + σn2 I2
|R r |
m∈R r

× exp

j 2πk · ( m − νr )
.
|Rr |

(6.30)

!

A detailed discussion of the results for different prediction orders q p can be found
in [DRGS10]. Similar to the trellis-based receiver of the previous section, additional
computational complexity compared to MMSE LE is introduced by the subsequent
prediction filter. Therefore, DFE based algorithms will not be considered in the
remainder of this thesis.

6.5 Summary
Frequency-domain as well as time-domain equalization for an SC-FDMA V-MIMO
transmission have been considered in this chapter. First, filter expressions for ZF
equalization in frequency domain have been derived. Subsequently, MMSE LE
in frequency domain has been considered. A novel SIC technique for SC-FDMA
in time domain, taking advantage of the separate encoding of the signals of the
users, has been proposed. SINR expressions for these equalizers have been derived.
Furthermore, a trellis-based and a DFE based receiver from the literature have been
briefly revisited. Due to the high computational complexity of the trellis-based and
the DFE receiver, we focus on ZF, MMSE, and SIC receivers in the remainder of this
thesis.
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Chapter 7
Channel Acquisition, Power
Allocation, and Beamforming
In the first section of this chapter, channel acquisition for RRA in the LTE uplink
is discussed. For RRA in the uplink, the BS must obtain measurements of the
current channel state on all available subcarriers for all users. How to estimate
this information reliably, using the SRSs and the channel correlation in time and
frequency direction, is addressed in this section.
Guaranteeing a certain quality of service (QoS) for all users in the system is
of special importance for a packet based data transmission system like LTE. A
guaranteed data rate is necessary to enable voice or video conversations. Therefore,
for RRA data rate requirements should be considered for each user. Power allocation
with constant power for all subcarriers of a user is studied in Section 7.2 for a V-MIMO
SC-FDMA transmission with QoS requirements in form of a required data rate for
each user. The last section deals with BF for a V-MIMO SC-FDMA transmission.
Since CSI is available at the BS, per subcarrier BF coefficients for each user can be
optimized to ease linear equalization of the V-MIMO channel. These coefficients are
fed back to the users of a pair and are used for transmission. Again, a required data
rate is assumed and the BF coefficients are optimized for this constraint.

7.1 Channel Acquisition
In the following, we assume that the BS measures the channels of all users and
schedules the individual users’ frequency allocations based on the acquired CSI.
Most works on RRA assume perfect CSI. In practice, CSI needs to be acquired
by the BS. For this purpose, SRSs are used in LTE. The last SC-FDMA symbol of
a subframe of a user can be used to transmit SRSs with I-FDMA [3GP13b]. This
implies that if SRSs are transmitted by a user, only every second subcarrier of the
whole transmission band is included. Therefore, two users in one cell can transmit
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frequency
D subframes

interpolated/predicted symbol
pilot symbol ∈ P

time

Figure 7.1: Pilot structure of SRSs.
their SRSs in the same subframe simultaneously without any overlap of the pilot
symbols. To obtain updated least squares (LS) channel estimates for all users in the
cell, different sets of two users each must transmit SRSs in the subframes. This is
done in a round robin fashion for all users.
For RRA the CSI should be available for every subcarrier at every time instant the
user is considered for resource allocation. Therefore, it is necessary to interpolate
the CSI for the missing subcarriers in frequency domain and to predict the channel
state for the point in time the scheduling should take place. This interpolation
and prediction can be achieved via two sequentially applied one-dimensional linear
MMSE filtering processes [HKR97], which are revisited in the following and adjusted
to the given scenario.
The following material has also been presented in [RMG13] and [RMG14].

7.1.1 Sounding Reference Signals in LTE
The positions of the pilot symbols of the SRSs are marked in Fig. 7.1. The symbols are
transmitted with I-FDMA in a comb like arrangement [3GP13b]. It can be observed,
that in frequency direction only every second subcarrier bears a pilot symbol. This
enables another terminal in this cell to transmit its pilot symbols on the unused
subcarriers. The available bandwidth for transmission in this cell is subdivided into
M < N subcarriers to avoid adjacent channel interference. Without loss of generality
we assume that every odd subcarrier m 0 ∈ P, with P  {1, 3, . . . , M − 1}, of the last
SC-FDMA symbol in a subframe bears a pilot symbol for the considered user. In LTE,
for cell edge MSs it is also possible to transmit their pilots on a bandwidth smaller
than the available one such that their power budget is not exceeded and estimation
accuracy remains reasonable. However, these MSs are no candidates for pairing
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and therefore this case is not considered here. Hence, we assume that every second
subcarrier is occupied in the whole available spectrum. The SRSs are transmitted in
every Dth subframe where D can be configured by the BS. Again, without loss of
generality, we assume that in subframe n 0 ∈ {1, 1 + D, 1 + 2D, . . . , Nob } SRSs are
transmitted, where Nob denotes the number of observed subframes in time direction.
For channel acquisition, we consider the receive observation for every receive
antenna ` ∈ {1, . . . , NR } and every user u ∈ U. Furthermore, for transmission of
the SRSs, all users employ RP R r̂ , with |R r̂ |  M, i.e., R r̂ denotes the RP with all M
available subcarriers1. The channel coefficient h `,u [m 0 , n 0] on subcarrier m 0 and in
subframe n 0, where m 0 and n 0 denote the indices of the subcarriers and subframes
bearing a pilot symbol, respectively, can be estimated from the corresponding receive
observation y `, r̂ [m 0 , n 0] via an LS approach as
ȟ `,u [m 0 , n 0] 

y `, r̂ [m 0 , n 0]
 h `,u [m 0 , n 0] + e `,u [m 0 , n 0],
0
0
a u [m , n ]

(7.1)

where a u [m 0 , n 0] denotes the pilot symbol of user u at subcarrier m 0 and in subframe
n 0. As can also be observed from (7.1), the LS estimation produces estimates consisting of the true channel coefficient h `,u [m 0 , n 0] plus an additional complex Gaussian
noise term e `,u [m 0 , n 0] with zero mean and variance σe2 , describing the estimation
error. If no pilot boosting is employed, σe2  σn2 is valid. For every user, in the last
SC-FDMA symbol of each subframe bearing the SRSs, and every second subcarrier
of this SC-FDMA symbol, an LS estimate is computed for each receive antenna at
the BS.
For further channel modeling, weak-sense stationarity of the involved random
processes and pairwise uncorrelated fading path weights are assumed. The corresponding model is commonly referred to as wide sense stationary uncorrelated
scattering (WSSUS) model. Additionally, we assume block fading, where the channel
does not change during one subframe, but only from subframe to subframe. Jakes’
model [Jak75] is used to characterize the channel correlation between individual
subframes. In time domain, the channel is described by its weight function [Rap02]
h t ( τ, t ) 

L
X
i1

h it ( t ) · δ ( τ − τi )

(7.2)

with the L complex-valued paths weights h i ( t ) of variance σi2 , the real time t, the
delay τ, the path delays τi , and δ ( x ) being the Dirac delta function, with δ ( x )  ∞
1 Of

the M subcarriers of RP R r̂ , only every second subcarrier is used by one user for SRS transmission.
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frequency
D subframes

interpolated symbol
pilot symbol ∈ P

time

Figure 7.2: Pilot structure of SRSs and interpolated symbols.
for x  0 and δ ( x )  0 otherwise. The sum power of all individual paths is denoted
by
σh2



L
X

σi2 .

(7.3)

i1

The derivation of the equivalent discrete-time channel coefficients, including transmit and receiver filtering, can be found in Appendix B. With (7.2) and Appendix B,
t
the channel impulse response h `,u
[λ] of Section 5.3.1 in (5.7) is obtained.
Since for channel interpolation and prediction the same procedure is applied for
every user and receive antenna, the subscripts u and ` are omitted for the following
derivations to ease readability.

7.1.2 Interpolation in Frequency Direction
In a first step, the channel coefficients at the frequency positions m ∈ {2, 4, . . . , M},
highlighted in Fig. 7.2, are estimated by MMSE interpolation filtering. The correlation
function of two frequency domain channel coefficients with o subcarriers separation
is given by
ϕf ( o∆f ) 

L
X
i1

σi2 exp −j 2πo∆f τi ,



(7.4)
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where ∆f  BSC is the subcarrier spacing, and L, σi2 , and τi are defined as for (7.2).
An MMSE filter vector with Lf coefficients for interpolation of the mth subcarrier in
the n 0th subframe is given by
ff [m, n 0]  Φf [m, n 0]

 −1

ϕf [m, n 0].

(7.5)

Here, the auto-correlation matrix of the LS estimated symbols is
Φf [m, n 0]  σe2 ILf + Φf,h [m, n 0],

(7.6)

where the channel auto-correlation matrix for the subcarriers used for interpolation
at a fixed subframe is given by
Φf,h [m, n 0]  E h[m, n 0] (h[m, n 0]) H ,

(

)

(7.7)

where h[m, n 0] is the L f × 1 vector of the channel coefficients contributing to interpolation at position m. The individual elements of Φf,h [m, n 0] can be obtained from
(7.4). The cross-correlation vector is given by
ϕf [m, n 0]  E ȟ[m, n 0] ( h[m, n 0]) ∗  E {h[m, n 0] ( h[m, n 0]) ∗ } ,

(

)

(7.8)

where ȟ[m, n 0] is the L f × 1 vector of the LS estimates, used for interpolation position
m, and ( · ) ∗ denotes complex conjugation. Again, the individual elements of ϕf [m, n 0]
can be obtained from (7.4). The interpolated channel coefficient at subcarrier m and
subframe n 0 is then given by
ĥ[m, n 0]  ff [m, n 0]

H

ȟ[m, n 0].

(7.9)

The mean-squared error (MSE) between interpolated and true channel coefficient
can be expressed as [PM07]
MSEf,h [m, n 0]  σh2 − ϕf [m, n 0]



H

ff [m, n 0].

(7.10)

At the edges of the spectrum some of the samples in h[m, n 0] and ȟ[m, n 0] are further
away from the estimation position m than for the center of the band. The optimal
choice for the Lf pilots used for interpolation are the pilots with minimal distance
from subcarrier m.
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predicted symbol
interpolated symbol
pilot symbol ∈ P

time

Figure 7.3: Pilot structure of SRSs, interpolated symbols, and predicted symbols.

7.1.3 Prediction in Time Direction
For prediction in time direction we first need the correlation function of the channel
in time domain. For Jakes’ model, the (normalized) correlation of two frequency
domain channel coefficients with k subframes separation is given by
ϕt ( k∆t )  J0 (2π fD k∆t ) ,

(7.11)

where ∆t is the time between two consecutive subframes, J0 ( · ) denotes the Bessel
function of the first kind and order 0 and fD is the maximum Doppler frequency,
fD 

v
fc ,
c0

(7.12)

with the speed v of the user relative to the BS, the carrier frequency fc , and the speed
of light c 0 .
For the second estimation step, we assume that the interpolation in the first step
provides unbiased estimates for m < P which are used for prediction, and that the
interpolation errors can be modeled as additive, mutually uncorrelated error terms
with variance MSEf,h [m, ν], which are not correlated with the channel coefficients.
Here, ν ∈ N[n] denotes the time instants used for prediction. The set N[n] depends
on the current prediction position n and contains the latest L t pilot or interpolated
symbols. For subcarriers with pilots (m ∈ P), prediction is performed on the LS
estimates according to (7.1). Similar to the frequency domain interpolation, an
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MMSE filter vector with Lt coefficients for prediction of the channel coefficients for
the nth subframe and the mth subcarrier, highlighted in Fig. 7.3, is given by
ft [m, n]  (Φt [m, n]) −1 ϕt [m, n].

(7.13)

Here, the auto-correlation matrix of the estimated channel coefficients after the
interpolation step can be obtained as
Φt [m, n]  MSE[m, n] ILt + Φt,h [m, n],

(7.14)

where the auto-correlation matrix of the channel coefficients for the subframes used
for prediction at a fixed subcarrier is given by
Φt,h [m, n]  E h̄[m, n] (h̄[m, n]) H .

(

)

(7.15)

The L t × 1 vector h̄[m, n] consists of the latest L t channel coefficients of subframes
bearing SRSs. Therefore, the MSE used in (7.14) can be written as


1 P


ν∈N[n] MSEf,h [m, ν]
Lt
MSE[m, n]  

 σe2


for m < P
for m ∈ P,

(7.16)

where we model the error variance by the mean of the MSEs of the past time instants
used for prediction if m < P [Roh13]. The cross-correlation vector in time direction
is given by
ϕt [m, n]  E ĥ[m, n] ( h[m, n]) ∗  E h[m, n] ( h[m, n]) ∗ ,

(

)



(7.17)

where ĥ[m, n] consists of the latest L t LS estimates (if m ∈ P) or interpolated channel
coefficients (if m < P), respectively, of subframes bearing SRSs. In order to obtain
the elements of Φt,h [m, n] and ϕ t [m, n], we can use (7.11). The channel coefficient
at the mth subcarrier in the nth subframe can be predicted by
h̃[m, n]  (ft [m, n]) H ĥ[m, n].

(7.18)

The MSE for the predicted channel coefficients can be expressed as
MSEt,h [m, n]  σh2 − ϕt [m, n]



H

ft [m, n].

(7.19)

In time direction it is only possible to predict the channel based on the latest
available SRSs. A prediction of the channel state for every subcarrier for the time
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Figure 7.4: MSEt,h vs. SNR for different choices of L f and L t , D  5, ITU-PB, fc 
2 GHz, and v  40 km/h.
of the radio resource allocation takes place is desirable. We assume a delay of one
subframe between RRA based on the channel prediction and the transmission based
on this allocation. This delay is caused by the signaling of the RRA information from
the BS to the users.

7.1.4 MSE Analysis
To investigate the channel interpolation and prediction performance of the proposed
filters, we perform an MSE analysis. For this, we evaluate MSEt,h , normalized
by σh2 , in the center of the band in order to avoid edge effects, and assume an
observation of more than Lt · D subframes which guarantees a sufficient amount
of data for prediction. We choose a carrier frequency fc  2 GHz, an International
Telecommunication Union (ITU) Pedestrian-B (ITU-PB) power delay profile, Jakes’
correlation model, and a subcarrier bandwidth BSC  15 kHz.
In Fig. 7.4, the MSE is depicted vs. SNR, which is defined as SNR  ( σh2 σs2 ) /σn2 ,
for two different choices for the filter lengths L f and L t . The SRSs are transmitted
in every fifth subframe (D  5) and the user velocity is v  40 km/h. Here, we
consider the MSE of the estimates for the CSI of the interpolated subcarriers and the
predicted subcarriers, which are predicted based on the interpolated subcarriers.
The results are given for prediction distances from 0 subframes, i.e., an interpolated
symbol is considered, to 4 subframes, which is the maximum prediction distance
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Figure 7.5: MSEt,h vs. SNR for different choices of D, L f  6, L t  6, ITU-PB, fc 
2 GHz, and v  40 km/h.
for D  5. As expected, the MSE increases with the prediction distance. The MSE
of interpolation and prediction is significantly lower for Lf  6 and L t  6 than for
Lf  2 and L t  2. For the interpolation case, i.e., a prediction distance of 0 subframes,
the MSE decreases monotonically for increasing SNR values in the considered SNR
range. However, for growing prediction distances, the MSE decreases less for higher
SNR values. For Lf  2 and L t  2, and a prediction distance of 4 subframes the
MSE is almost constant in the depicted SNR range, which shows that the prediction
errors govern the MSE performance.
For the same user velocity as for the previous MSE results, Fig. 7.5 depicts the MSE
for different choices of D, i.e., the number of subframes between SRSs transmissions.
For a prediction distance of 0 only interpolation in frequency direction is applied
and therefore the MSE performance is identical for any choice of D. Already for
a prediction distance of 1 a significant MSE degradation is observed for D  10
compared to D  5. Here, the prediction takes into account the latest 6 interpolated
channel coefficients, and these channel coefficients used for prediction are more
outdated for D  10. For increasing prediction distance, the MSE for D  5 is always
significantly lower than that for D  10. For the maximum prediction distance for
D  10, which is 9 and denoted by “max” in Fig. 7.5, the MSE does not decrease
anymore with increasing SNR. The MSE for D  10 and a prediction distance of 3 is
significantly higher than the MSE for D  5 and the maximum prediction distance
of 4. Therefore, for a user velocity of 40 km/h, the SRSs should be transmitted

106

Chapter 7 Channel Acquisition, Power Allocation, and Beamforming

MSEt,h −→

100

10−1

0
1
2
3
4

10−2

0

50

100

150

200

User velocity [km/h] −→

Figure 7.6: MSEt,h vs. user velocity for SNR  10 dB, D  5, Lf  6, L t  6, fc  2 GHz,
and ITU-PB.
more frequently than in every 10th subframe (D  10) to avoid a high MSE due to
prediction errors.
According to the above mentioned results for a constant user velocity, the MSE of
the prediction depends on the number of subframes between SRSs transmissions.
Furthermore, the MSE also depends on the user velocity. Therefore, the MSE of
the prediction is shown as a function of the user velocity in Fig. 7.6, for which
D  5, L f  6, and L t  6 is valid, and a fixed SNR of 10 dB has been selected. We
observe that for very low user velocity, the MSE of the predicted symbols is smaller
than that for the interpolated symbols. This MSE reduction is achieved due to the
noise suppression capabilities of the prediction filter for slowly changing channel
conditions. For increasing user velocity, the MSE for all predicted symbols increases
fast. For v  50 km/h, the MSE for a prediction distance of 4 has almost reached its
maximum value, but for smaller prediction distances the MSE is still significantly
lower. For v  100 km/h, only a prediction distance of 1 results in decent MSE
values. Therefore, for D  5 the prediction performs quite well for a user velocity up
to 50 km/h. For higher velocities a more frequent transmission of SRSs is needed.
Simulation results for the combination of channel interpolation/prediction with
user grouping are presented in Section 8.7.
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7.2 Power Allocation with QoS Requirements
The optimization of the energy efficiency while guaranteeing QoS is one of the major
challenges in the design of mobile communication systems. All previous work on
user pairing and frequency allocation has concentrated on maximizing the system
capacity or minimizing the overall error rate for a given transmit power. However,
by doing so it is not possible to guarantee a certain data rate for individual users.
Therefore, we consider the minimization of the required transmit power under
QoS requirements for user pairing (NU  2) in this section. We will refer to this as
constant power allocation (CPA), because the power is constant for all subcarriers
of one user, whereas for BF individual powers per subcarrier can be allocated. A
novel analytical solution for the user power allocation assuming ZF equalization
is derived and an optimization problem formulation, suitable for application of a
numerical optimization algorithm, is given for MMSE equalization. All calculations
in this section must be performed for each subframe. To ease the notation for the
following derivations we omit the subframe index n. The following material has
also been presented in [RWG13].
The QoS requirement is given by a prescribed data rate c Ru for each user u. The
rate requirement for the qth user of the pair Gg on RP R r is denoted by c Rg,q,r . The
transmit powers are constant over all subcarriers and have to be adjusted according
to the channel state for every subframe. The power allocation for every pair Gg
depends on the RP and the equalizer used for signal separation. It is given by the
transmit power matrix
PEQ
g,r

 diag



p EQ
,
g,1,r

p EQ
g,2,r



(7.20)

,

where EQ is either “ZF” for ZF equalization or “MMSE” for MMSE equalization,
respectively. Finally, for ZF equalization, with (5.23) and (6.6) the relation between
the rate requirement of the qth user, the channel coefficients and the power allocation
can be expressed by



c Rg,q,r ≤ BSC |R r |ld 1 +

 σ2 X  q
n
|R r |

m∈R r

q

H
ZF
PZF
g,r H g,r [m]H g,r [m] P g,r

 −1 

 −1 

.

q,q

(7.21)
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Using the following definition for the individual elements of the auto-correlation
matrix of the V-MIMO channel on subcarrier m,


ϕ g,r,1,1 [m] ϕ g,r,1,2 [m]
Φhh,g,r [m]  
 ϕ g,r,2,1 [m] ϕ g,r,2,2 [m]


  HHg,r [m] H g,r [m],


(7.22)

we can calculate the inverse in (7.21) as

q

H
PZF
g,r H g,r [m] H g,r [m]

q

PZF
g,r

 −1

(7.23)


1

p ZF
p ZF ( ϕ g,r,1,1 [m]ϕ g,r,2,2 [m]
g,1,r g,2,r

− ϕ g,r,1,2 [m]ϕ g,r,2,1 [m])

q

ZF
p
ϕ
[m]
−
p ZF
p ZF ϕ
[m]
g,r,2,2
g,2,r
g,1,r g,2,r g,r,1,2

×  q
[m]
p ZF
ϕ
[m]
p ZF ϕ
 − p ZF
g,1,r g,r,1,1
g,1,r g,2,r g,r,2,1


 .



(7.24)

Consequently, the rate requirements of both users can be expressed as
c Rg,1,r

*
≤ BSC |R r | ld ..1 +
P
σn2 m∈R r
,

c Rg,2,r

*
≤ BSC |R r | ld ..1 +
P
σn2 m∈R r
,

|R r |p ZF
g,1,r

+/
/,
ϕ g,r,2,2 [m]
ϕ g,r,1,1 [m]ϕ g,r,2,2 [m]−ϕ g,r,1,2 [m]ϕ g,r,2,1 [m] |R r |p ZF
g,2,r

+/
.

/
ϕ g,1,1 [m]
ϕ g,r,1,1 [m]ϕ g,r,2,2 [m]−ϕ g,r,1,2 [m]ϕ g,r,2,1 [m] -

(7.25)

(7.26)

Solving these equations w.r.t. p ZF
and p ZF
g,2,r results in the minimum required
g,1,r
powers for CPA
p ZF
g,1,r

 *2
,

cR
g,1,r
BSC |R r |

2

σ
− 1+ n
|R |
- r

X

ϕ̃ g,1,r [m],

(7.27)

ϕ̃ g,2,r [m],

(7.28)

m∈R r

and
p ZF
g,2,r

 *2
,

cR
g,2,r
BSC |R r |

2

σ
− 1+ n
|R |
- r

X
m∈R r

where we denote the main diagonal elements of the inverse of the auto-correlation
matrix of the V-MIMO channel by
ϕ̃ g,q,r [m]  ( ϕ g,r,α,α [m]) / ( ϕ g,r,1,1 [m]ϕ g,r,2,2 [m] − ϕ g,r,1,2 [m]ϕ g,r,2,1 [m]) ,

(7.29)
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with α  2 for q  1, α  1 for q  2.
Also for MMSE equalization, the metric for optimization is the transmit power of
the SC-FDMA symbol in time domain after IDFT obtained from (5.22). The transmit
power minimization problem within a pair is given by
2
|R r | X MMSE
min
p g,q,r ,
N
p MMSE
g,q,r

(7.30)

q1

subject to
p MMSE
g,q,r ≥ 0 ∀q ∈ {1, 2},
c Rg,1,r

2

* σ
+ BSC |R r | ld . n
|R r |
,
2

* σ
c Rg,2,r + BSC |R r | ld . n
|R r |
,

(7.31a)

2
X p MMSE
g,2,r ϕ g,r,2,2 [m] + σn +
/ ≤ 0,
D[m]
m∈R r
-

X p MMSE
ϕ g,r,1,1 [m] + σn2
g,1,r
D[m]

m∈R r

(7.31b)

+/ ≤ 0,
-

(7.31c)

with
∆

D[m]  det

q

PMMSE
HHg,r [m] H g,r [m]
g,r

q

PMMSE
g,r

+

σn2 I2



MMSE
ϕ g,r,1,1 [m] ϕ g,r,2,2 [m] − ϕ g,r,1,2 [m] ϕ g,r,2,1 [m] +
 p MMSE
g,1,r p g,2,r





2
MMSE
σn2 p MMSE
g,1,r ϕ g,r,1,1 [m] + p g,2,r ϕ g,r,2,2 [m] + σ n ,





(7.32)

where det ( · ) denotes the determinant of a matrix. Equations (7.31b) and (7.31c)
cannot be simplified any further, since the achievable rate for an individual user
depends on the powers of both users of the pair. Therefore, it is not possible to find
a closed-form solution for the MMSE equalization power allocation problem.
To solve this problem, a numerical search can be adopted. Choosing a good initial
point for numerical optimization is crucial for the purpose of keeping the number
of iterations low, which are necessary to find a close-to-optimum solution. Since the
ZF filters approach the MMSE filters for medium-to-high signal-to-noise ratios, the
powers are similar for both cases and the power for ZF equalization can be used for
initialization.
Simulation results for the required transmit power are presented in Section 7.3.2,
where a comparison with the required power for BF is made.
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7.3 Beamforming
Like in the previous section, we also assume for BF that a linear equalizer is adopted
at the BS to separate the individual users’ signals of the V-MIMO transmission. Not
only the equalization constraints, but also the constraints imposed by the SC-FDMA
transmission in the localized mode [MLG06] according to the LTE standard, i.e., that
only one contiguous band of subcarriers can be allocated to a terminal, have to be
considered for the design of the BF filters. To the best of our knowledge, this problem
has not been addressed in the literature before as discussed in the following.
Beamforming for linear reception with QoS requirements has been studied in
[PLC04], where OFDMA and single-carrier transmission over a flat fading channel,
respectively, have been considered. However, for SC-FDMA the SINR expression
after equalization is given by the harmonic mean of the SINRs of the assigned
subcarriers, cf. (6.6) and (6.11), and therefore the solutions for OFDMA obtained
in [PLC04] cannot be reused for SC-FDMA. BF for SC-FDMA has been studied,
e.g., in [DRSG11] and [XK11], with the aim to minimize the MSE or maximize the
SINR, respectively. However, these works do not consider any QoS requirements.
Furthermore, the optimization considered in this section allows for different QoS
requirements for the individual users, which is usually not an issue for a single-user
MIMO transmission, which is considered in [DRSG11] and [XK11].
In this section, we derive the optimal solution for the BF filter coefficients and user
pairing (NU  2). Every user has a user specific rate requirement. ZF equalization is
considered since it is frequently employed in SC-FDMA transmission and enables
the derivation of a closed-form solution. It is shown that due to the harmonic mean
of the subcarrier SINRs in the SINR expression after ZF equalization, more power
needs to be allocated to subcarriers with low SINR. Furthermore, the analytical
solution shows that only the amplitude of the BF filter coefficients in frequency
domain influences the performance and the phases can be chosen freely. For BF
with MMSE equalization, a closed-form solution could not be obtained. However,
we present numerical results obtained by numerical optimization, where the ZF BF
coefficients were used to initialize the search algorithm for optimization.
The following results have also been presented in [RG14b] and [RG14a].
We use the frequency-domain model from (5.19). It is assumed, that ideal CSI is
available for the BF filter coefficient optimization at the BS. After computation of the
BF filter coefficients, these are transferred to the users. We will consider a given pair
Gg employing RP R r . To ease the notation for the following derivations we omit the
subframe index n.
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7.3.1 Beamforming with QoS Requirements
A QoS requirement is specified via a required data rate c Rg,q,r for the qth user of the
considered pair Gg on RP R r . The BF filter coefficients need to be adjusted according
to the channel states for the subcarriers. For ZF equalization, with (5.23) and (6.6)
the relation between the rate requirement of the qth user, the channel coefficients
and the BF filter coefficients can be expressed by
c Rg,q,r



≤ BSC |R r | ld 1 +

 σ2 X  
n
|R r |

W g,r [m]H g,r [m]H g,r [m]W g,r [m]
H

H

 −1 

 −1 

m∈R r

.

q,q

(7.33)

With (7.22) we can calculate the matrix inverse in (7.33) as



WHg,r [m]HHg,r [m]H g,r [m]W g,r [m]

 −1



1
|w g,1,r [m]| 2 · |w g,2,r [m]| 2 ( ϕ g,r,1,1 [m]ϕ g,r,2,2 [m] − ϕ g,r,1,2 [m]ϕ g,r,2,1 [m])


|w g,2,r [m]| 2 ϕ g,r,2,2 [m]
−w ∗g,1,r [m] w g,2,r [m] ϕ g,r,1,2 [m]
× 
 −w g,1,r [m] w ∗g,2,r [m] ϕ g,r,2,1 [m]
|w g,1,r [m]| 2 ϕ g,r,1,1 [m]

(7.34)


 .


Consequently, the dependency of the required data rate on the BF coefficients can
be expressed as
c Rg,1,r ≤ BSC |R r |ld ..1 +

|R r |

*

σn2

P

m∈R r

,

c Rg,2,r ≤ BSC |R r |ld ..1 +

(7.35)

|R r |

*
,

+/
/,
ϕ g,r,2,2 [m]
|w g,1,r [m]| 2 ( ϕ g,r,1,1 [m]ϕ g,r,2,2 [m]−ϕ g,r,1,2 [m]ϕ g,r,2,1 [m]) -

2P

σn

m∈R r

+/
/.
ϕ g,r,1,1 [m]
|w g,2,r [m]| 2 ( ϕ g,r,1,1 [m]ϕ g,r,2,2 [m]−ϕ g,r,1,2 [m]ϕ g,r,2,1 [m]) -

(7.36)
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By rearranging these conditions, we obtain the following optimization problem for
the optimal BF filter coefficients for the qth user of the given pair Gg on RP R r :
minimize

X
m∈R r

s.t. .

|w g,q,r [m]| 2

X

*
,m∈R r

ϕ̃ g,q,r [m] +
/−
|w g,q,r [m]| 2

-

|R r |
σn2

cR
g,q,r

*2 BSC |R r | − 1+
,

≤ 0,

(7.37)

with the main diagonal elements ϕ̃ g,q,r [m] of the inverse of the auto-correlation
matrix of the channel according to (7.29). It can be observed that the BF filter coefficients of each user can be determined independently of the BF filter coefficients of
the other user of the same pair.
With the |R r | × 1 vector wq,r collecting all BF coefficients for all subcarriers m ∈ R r
R
w g,q,r [m] and C g,q,r  |R r |/ ( σn2 · (2c g,q,r /( BSC |R r | ) − 1)) , (7.37) can be rewritten as
minimize f0 (wq,r ) with f0 (wq,r )  wHq,r wq,r

X
ϕ̃ g,q,r [m]
*
+/ − C
s.t. f1 (wq,r )  .
g,q,r ≤ 0.
∗
w g,q,r [m]w g,q,r [m]
,m∈R r
-

(7.38)

The problem (7.38) is a convex optimization problem. The corresponding Karush–
Kuhn–Tucker (KKT) conditions [BV04] for the dual problem are
f1 (wq,r ) ≤ 0,

(7.39)

λ̃ 1 ≥ 0,

(7.40)

λ̃ 1 · f1 (wq,r )  0,

(7.41)

∇ f0 (wq,r ) + λ̃ 1 ∇ f1 (wq,r )  0,

(7.42)

where ∇ denotes the vector derivative with respect to wq,r . From (7.42) we obtain
|w g,q,r [m]| 4  λ̃ 1 ϕ̃ g,q,r [m].

(7.43)
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We only need to consider the case f1 (wq,r )  0 in (7.41), since λ̃ 1  0 would yield an
undesired solution according to (7.43). This results in

(

λ̃ 1 

P

m∈R r

2
ϕ̃1/2
g,q,r [m])

C 2g,q,r

(7.44)

.

By combining (7.43), (7.44), and resubstituting C g,q,r we arrive at
2

|w g,q,r [m]| 

P

m 0 ∈R r

0
ϕ̃1/2
g,q,r [m ]

|R r |

σn2

cR
g,q,r

*2 BSC |R r | − 1+ ϕ̃1/2
g,q,r [m].
,
-

(7.45)

For a strictly feasible convex optimization problem the duality gap is always zero
[BV04] and therefore the expression in (7.45) is the optimal solution of our original
problem. It is interesting to note that only the magnitude of the BF filter coefficients
matters, not their phase. The influence of the magnitudes and phases of the V-MIMO
channel coefficients is subsumed in ϕ̃ g,q,r [m]. Therefore, this degree of freedom
could be used to reduce the PAPR of the transmit signal by employing a selected
mapping algorithm [MH97]. The first factor on the rhs in (7.45) is the arithmetic
mean of the coefficients ϕ̃1/2
g,q,r [m]. The second and third factor depend on the noise
variance and the data rate requirement, respectively. These factors are the same for
all subcarriers and only the last factor ϕ̃1/2
g,q,r [m] depends on the current subcarrier
and stands for the square-root of the qth diagonal element of the inverse of the
channel auto-correlation matrix.
If we assume NR  2 and use the BF filter coefficients obtained above, we can
simplify the expression for the ZF equalization filter matrix of (6.2) to obtain a matrix
G g,r [m] with the squared magnitudes of the entries of F g,r [m],
G g,r [m] 

1
|h 1,u g,1 [m]h2,u g,2 [m] − h 1,u g,2 [m]h2,u g,1 [m]|

|h 1,u g,2 [m]| 2
|h2,u g,2 [m]| 2

q
q
C̃
C̃
g,1,r
q,1,r

|h1,u g,2 [m]| 2 +|h 2,u g,2 [m]| 2
|h 1,u g,2 [m]| 2 +|h2,u g,2 [m]| 2
× 
|h 1,u g,1 [m]| 2
|h2,u g,1 [m]| 2
 C̃
q
C̃
g,2,r q
g,2,r

|h 1,u g,1 [m]| 2 +|h2,u g,1 [m]| 2
|h 1,u g,1 [m]| 2 +|h2,u g,1 [m]| 2



 ,



(7.46)
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and the squared magnitudes of the BF filter coefficients are given by

q
2

|w g,1,r [m]| 

C̃ g,1,r |h1,u g,1 [m]h2,u g,2 [m] − h1,u g,2 [m]h2,u g,1 [m]|

q
2

|w g,2,r [m]| 

|h1,u g,2 [m]| 2 + |h2,u g,2 [m]| 2

|h1,u g,1 [m]| 2 + |h2,u g,1 [m]| 2

C̃ g,2,r |h1,u g,1 [m]h2,u g,2 [m] − h1,u g,2 [m]h2,u g,1 [m]|

,
(7.47)
,

0
with C̃ g,q,r  C g,q,r / ( m0 ∈R r ϕ̃1/2
g,q,r [m ]) . From (7.46) and (7.47) we observe a similarity of this solution with the results obtained in [BT67] in the context of optimum
transmit filter design for single-input single-output (SISO) transmission, linear receivers, and conventional linear modulation.
To investigate this relationship in more detail, we consider a SIMO transmission,
where only one user u ∈ U uses the resource pattern R r . Here, (7.45) simplifies to

P

2
w SIMO
u,r [m]



q
m 0 ∈R

r

hu

H

cu
σ2
· n 2 BSC |R r | − 1 · q
|R r |
R

1

X

[m 0]h

u

[m 0]

1

!

hu [m]hu [m]
H

,

(7.48)

with hu [m]  [h1,u [m], . . . , h NR ,u [m]]T , where h `,u [m] is the channel coefficient from
user u to receive antenna ` on subcarrier m. For a SISO transmission, (7.48) can be
further simplified, resulting in
2

w SISO
u,r [m] 

m 0 ∈R

cu
σn2
1
1
BSC |R r |
−1 ·
·
2
,
0
|h u [m ]| |R r |
|h u [m]|
R

X
r

!

(7.49)

where h u [m] denotes the channel coefficient from user u to the BS on subcarrier m.
The squared magnitude of the SISO ZF filter coefficients is then given by
2

SISO
f u,r
[m]  P

1
1
m 0 ∈R r |h u [m 0 ]|

·

|R r |

σn2

2

cR
u
BSC |R r |

−1

!·

1
.
|h u [m]|

(7.50)

From (7.49) and (7.50) we can deduce that this solution is related to the results
obtained in [BT67] in the context of optimum transmit filter design for linear receivers
and conventional linear modulation. On the transmitter side the magnitude of the
BF filter coefficient on subcarrier m is proportional to the inverse of the square-root
of the magnitude of the channel coefficient. The magnitude of the filter coefficient
on subcarrier m of the ZF equalizer at the receiver is also proportional to the inverse
of the square-root of the magnitude of the channel coefficient. By that the influence
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Figure 7.7: Typical BF coefficient power for ZF equalization relative to CPA for a
snapshot of the ITU-PB channel.
of the channel is compensated on transmitter and receiver side in equal shares.
Therefore, the solution in (7.45) can be viewed as an extension of the results in
[BT67] for SC-FDMA and MIMO transmission.
Let us now compare the optimal solution for BF and ZF equalization with the CPA
case from Section 7.2. With (7.27) and (7.28) the optimal solution for CPA is given by
2

|w g,q,r | 

P

m∈R r

ϕ̃ g,q,r [m]

|R r |

σn2

*2
,

cR
g,q,r
BSC |R r |

− 1+ ,

(7.51)

-

which is constant for all subcarriers. By comparing (7.51) with (7.45), it can be
observed that for a constant transmit power the necessary power is directly proportional to the arithmetic mean of the diagonal elements ϕ̃ g,q,r [m] of the inverse of the
auto-correlation matrix of the channel. In contrast, the BF solution (7.45) depends on
the arithmetic mean of the square-roots of ϕ̃ g,q,r [m], multiplied by the square-root
of ϕ̃ g,q,r [m] as a subcarrier dependent factor. The computational complexity of the
BF coefficient calculation compared to CPA is only moderately increased by 2 · |R r |
additional square-root calculations and 2 · |R r | additional real-valued multiplications
per user pair.
In Fig. 7.7, the power per subcarrier relative to CPA is depicted for a typical
scenario with an ITU-PB channel snapshot. It can be observed that depending on the
main diagonal elements of the inverse of the auto-correlation matrix of the V-MIMO
channel, the power is either below the CPA or some tiny peaks arise that combat
unfavorable transmission conditions.
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For MMSE equalization the optimization problem for the BF coefficients is given
by
2 X
X

min

w g,q,r [m]

w g,q,r [m] ( w g,q,r [m]) ∗ ,

(7.52)

q1 m∈R r

subject to
2
2
2 X |w
g,2,r [m]| ϕ g,r,2,2 [m] + σn +
* σn
/ ≤ 0,

c Rg,1,r + BSC |R r | ld .

,
c Rg,2,r

|R r |
2

* σ
+ BSC |R r | ld . n
|R r |
,

m∈R r

D[m]

(7.53a)

-

X |w g,1,r [m]| 2 ϕ g,r,1,1 [m] + σn2
+/ ≤ 0,
D[m]
m∈R r
-

(7.53b)

with
D[m]  det WHg,r [m]HHg,r [m]H g,r [m]W g,r [m] + σn2 I2





 |w g,1,r [m]| 2 |w g,2,r [m]| 2 ϕ g,r,1,1 [m]ϕ g,r,2,2 [m] − ϕ g,r,1,2 [m]ϕ g,r,2,1 [m]



+ σn2 ( |w g,1,r [m]| 2 ϕ g,r,1,1 [m] + |w g,2,r [m]| 2 ϕ g,r,2,2 [m] + σn2 ) .



(7.54)

This optimization problem is non-convex. However, it is possible to use numerical
search algorithms to obtain a (local) minimum for this optimization problem. The
solution for ZF equalization can be used to initialize the optimization algorithms.
Due to the large number of coefficients to be optimized, an optimization in a practical
system in real time would be infeasible.

7.3.2 Simulation Results
The simulation parameters used for numerical evaluation can be found in Table 7.1.
For the small-scale fading the ITU Pedestrian-A (ITU-PA) and ITU-PB channel profile,
respectively, are considered. A distance depending path loss model according to
[Eur98] is used, where the distance between the users and the BS, denoted by d, is
in a first step randomly chosen according to a uniform distribution in the interval
0 < d ≤ dmax . To avoid that some users have almost the same position as the BS, the
distance for all users with d < dmin is set to dmin . The path loss exponent αPL is given
in Table 7.1. For every subframe, new channel realizations have been generated
independent of the previous subframe. We assume that full CSI is available for CPA
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Table 7.1: Simulation parameters.
Carrier frequency
2 GHz
Power delay profile ITU-PA / ITU-PB
NT × NR
1×2
BSC
15 kHz
Channel bandwidth
5 MHz
NRB
25
αPL
3.76
dmin
10 m
dmax
400 m
Path loss at 1 m
+15.35 dB
Noise figure
8 dB
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Figure 7.8: Sum transmit power vs. required sum data rate for ITU-PA channel profile.
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Figure 7.9: Sum transmit power vs. required sum data rate for ITU-PB channel profile.
and BF optimization. The users are randomly paired and the distance to the BS of
both users within one pair is in general different.
In Fig. 7.8, the sum transmit power of both users within a pair averaged over
1,000 subframes is depicted versus the required sum data rate of both users for
an ITU-PA channel profile. Different relative rate requirements are considered. By
employing the proposed ZF BF algorithm, transmit power savings of 3.5 dB are
possible compared to ZF CPA. With MMSE BF an additional gain of at least 6 dB can
be obtained. For unequal rate requirements, the sum transmit power is increased
for all cases by a small portion in the high required sum data rate regime. For an
ITU-PB channel profile which is more frequency selective, transmit power savings
of more than 5 dB can be observed for BF with ZF equalization according to Fig. 7.9.
MMSE BF would yield additional gains of more than 7 dB.
This leads to the conclusion that for a given user pair, significant power savings
are obtained by employing BF instead of CPA.

7.4 Summary
In the first section of this chapter, an algorithm for SRSs based channel state acquisition in the uplink of LTE is outlined, where the interpolation filtering in frequency
domain and the prediction filtering in time domain are performed independently.
An MSE expression for the proposed channel acquisition is derived.
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For constant power allocation (CPA) with QoS requirements, a novel closed-form
solution for the power allocation within a pair, employing a ZF equalizer at the
receiver side has been given in Section 7.2. The power minimization problem for an
MMSE receiver has been formulated in a form suitable for numerical optimization.
In Section 7.3, BF for a V-MIMO SC-FDMA transmission with QoS requirements
has been studied. The BF filter coefficients for given rate requirements have been
analytically derived assuming a ZF equalizer at the BS. The result has been compared
with CPA for all subcarriers. Furthermore, BF for MMSE equalization has been
investigated, where it turned out that only a numerical optimization is possible.
Simulation results reveal that significant transmit power savings can be achieved by
using BF instead of CPA for given user pairs.
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Chapter 8
User Pairing/Grouping and Radio
Resource Allocation
This chapter deals with user pairing/grouping for a V-MIMO SC-FDMA transmission. First, we discuss different criteria for user grouping. Then we study the most
basic case of user pairing, pairing in time direction, where two users share the full
available spectrum and other users transmit in subsequent subframes. After this, in
the remainder of the chapter joint frequency allocation and user pairing/grouping
is discussed. First, novel algorithms with different pairing criteria are presented.
Then a codebook aided algorithm with low complexity is proposed. All of these
algorithms assume a prescribed power budget.
The algorithms in Sections 8.5 and 8.6 are designed for QoS requirements via a
data rate requirement and adopt the minimization of the transmit power as optimization criterion. The last section investigates data rate maximization under fairness
constraints as well as the influence of imperfect CSI on the achievable data rate of
user pairing.
Throughout this chapter, the following optimization problems will be considered:
In Section 5.3, the set of all possible RPs R and the set of all possible pairs/groups
G, composed of all K users, have been introduced. The task of the user pairing/grouping is to find the optimal combination of RPs and pairs/groups for a
given performance criterion. The indicator variable,



 1 pair/group Gg is allocated to RP R r ,
x g,r [n]  

 0 pair/group Gg is NOT allocated to RP R r ,


(8.1)
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defines the allocation of pairs/groups to the RPs R r for subframe n. With the
indicator variable x g,r [n], our optimization problem can be formulated as
opt
{x g,r [n]}

 argmax
{x g,r [n]}

NG X
NRP
X

x g,r [n] Λ g,r [n],

(8.2)

g1 r1

where Λ g,r [n] describes a weight function for allocating pair/group Gg to RP R r .
Here, we adopt the notation {x g,r [n]} to express that an allocation is a set of indicator
variables x g,r [n] for all groups and all RPs. Assuming the general cost function
Ξ g,r [n], we can rewrite (8.2) to
opt
{x g,r [n]}

 argmin
{x g,r [n]}

NG X
NRP
X

x g,r [n] Ξ g,r [n].

(8.3)

g1 r1

For both cases additional allocation constraints must be fulfilled in general, e.g., each
user may only be allocated to one pair/group at a time or the allocated RPs must
not overlap. These allocation constraints will be stated for the considered problems
in the respective subsections.
If not stated otherwise, we always assume that a preselection of the users for
pairing/grouping has been performed, i.e., only slowly moving users, not at the cell
edges, are considered for pairing/grouping.

8.1 Criteria for User Pairing/Grouping and
Time/Frequency Allocation
In this section, various criteria for user pairing/grouping and time/frequency allocation are introduced. For this, it is assumed that the channel impulse responses of
the subchannels for the full spectrum of all K users are known to the BS. This is a
reasonable assumption, since channel estimation at the BS based on reference signals
usually delivers reliable estimates of channel impulse responses, cf. Section 7.1. We
assume that a pair/group Gg is allocated for the duration of one subframe to the RP
R r . Each user u ∈ U is allowed to transmit with power σa2u  σa2  1 using M u subcarriers. For equalization at the BS, ZF, MMSE LE, and SIC with decoded feedback
are considered. We assume a full buffer scenario, where all users have a demand for
resources that cannot be satisfied without grouping. For Sections 8.2 to 8.4, we do
not consider power allocation and BF. We assume that large-scale fading and path
loss have been already compensated for all users, i.e., for the transmit power matrix
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P g,r  diag σa2u , . . . , σa2u
is valid. Power allocation and BF will be considered
g,NU
g,1
in Sections 8.5 and 8.6, respectively. For Sections 8.1 to 8.4, we guarantee fairness
between the different users by allocating the same number of subcarriers M u  Mall
to all users. Therefore, we use the reduced set of RPs R̃, where R̃ r denotes the RPs
of the set R̃ and for the number of subcarriers per RP | R̃ r |  Mall is valid. Starting
from Section 8.5 arbitrary contiguous RPs can be assigned. In Sections 8.1.1 to 8.1.3
we introduce criteria for the reduced set of RPs R̃. For the following Sections 8.1.4
and 8.1.5, arbitrary RPs are employed. The criteria presented in following have also
been presented in [RDG09] and [RDD13].





8.1.1 Random Grouping and Time/Frequency Allocation
A straightforward user pairing/grouping and time/frequency allocation strategy is
random user pairing/grouping and random frequency allocation (RUPRFA). To guarantee
fairness among all users, we allocate the same number of resources to every user.
From the list of all K users, NU randomly chosen users are selected for transmission
on the same time and frequency resource and are deleted afterwards from the list.
For the next time and frequency resource again NU random users of the reduced list
are chosen and removed from the list. This is repeated until all time and frequency
resources have NU assigned users. It is obvious that by doing so, without employing
any well designed grouping and time/frequency allocation strategy, huge potential
is wasted.

8.1.2 Capacity Grouping
Various time/frequency allocation and pairing/grouping algorithms, e.g., the algorithms in [VH08] and [CHW08], consider the capacity of the resulting V-MIMO
channels as a criterion. Since SC-FDMA is a DFT precoded orthogonal frequencydivision multiplexing (OFDM) transmission, we can calculate the capacity of the
subcarriers used for transmission easily in frequency domain, cf. [PGNB04],



1 X
SNR
H
C g,r [n] 
ld det INR +
H g,r [m, n] H g,r [m, n] ,
Mall
NU
m∈ R̃ r

(8.4)
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where H g,r [m, n] is defined in (5.20) and depends on the users within the pair/group
Gg , the subcarrier index m and the subframe index n. The SNR of the SC-FDMA
symbol is defined as
SNR 

σa2

σn2

(8.5)

.

Since the Gaussian assumption for the computation of the capacity is not valid for
QAM constellations, (8.4) is only an upper bound for the achievable total mutual
information. The exact mutual information for QAM transmission is not suitable
for optimization, because no simple closed-form expression exists. Furthermore,
the influence of the equalizer is not considered in this formula, in contrast to the
achievable data rate of (5.23).
opt
The aim is now to find the allocation {x g,r [n]} that maximizes the sum of the
capacities, i.e., maximizes (8.2) with Λ g,r [n]  C g,r [n], of all individual groups,
opt
{x g,r [n]}

 argmax

| R̃|
NG X
X

{x g,r [n]}

x g,r [n] C g,r [n],

(8.6)

g1 r1

under some further constraints.

8.1.3 Bit Error Rate Grouping
Bit error rate (BER) grouping takes advantage of the knowledge about the equalizer
applied at the BS. For a communication system the goal is to have a low BER,
which results in a low number of erroneous subframes. The BER of an uncoded
transmission can be approximated by
Nmin
Q*
BER ≈
ld ( Nmod )

,

r

2
dmin,QAM

Eb +
,
N0

(8.7)

-

where Nmin is the average number of nearest neighbors of a signal point of the
modulation alphabet, Nmod is the size of the modulation alphabet, Q ( · ) is the com2
plementary Gaussian error integral, and dmin,QAM
is the normalized minimum
2
squared Euclidean distance for QAM constellations, which is given by dmin,QAM

3 ld ( Nmod ) / ( Nmod − 1) . The effective ratio of Eb , the received bit energy, and N0 , the
single-sided power spectral density of the underlying continuous-time passband
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noise process, for the qth user of the pair Gg after multiuser equalization in subframe
n can be calculated as



Eb
N0



[n] 

SINRub,u g,q ,r [n]
ld ( Nmod ) R

u g,q ,r

(8.8)

,

where R is the code-rate of the employed channel code. The unbiased SINR of RP
R r is obtained by
SINRub,u g,q ,r [n] 
The error variance σe2t

u g,q ,r

σa2t

u g,q

σe2t [n]
u g,q ,r

− 1.

(8.9)

[n] for subframe n and RP R r is given by (6.15) for MMSE

LE. For SIC equalization with NU  2, the SINR decision according to (6.25) is
performed by selecting ζ and η as indices of the user with the higher and lower
SINR within the pair, respectively. The error variance is then calculated by
σe2t

[n]  σa2t

− (ftu g,ζ [n]) H ϕ ȳt

[n],

(8.10)

σe2t

[n]  σa2t

− (gtu g,η [n]) H ϕȳ0t

[n].

(8.11)

u g,ζ ,r

t
g,r a u g,ζ [0]

u g,ζ

and

u g,η ,r

u g,η

t
g,r a u g,η [0]

For NU > 2 the procedure can be generalized in a straightforward manner. The
detection order within the SIC equalizer also plays an important role for the result
of the grouping algorithm.
With Eqs. (8.8), (8.9) and taking into account the gain Gc of the channel code1, the
BER for each user q within the group Gg transmitting on RP R r can be approximated
by
Nmin
Q*
BERu g,q ,r [n] ≈
ld ( Nmod )

,

r

3

R ( Nmod − 1)

SINRub,u g,q ,r [n] Gc + .

(8.12)

-

The average BER for the group Gg and RP R r is given by
BER g,r [n]  1/NU

NU
X

BERu g,q ,r [n].

(8.13)

q1

1 The

coding gain Gc of the channel code has to be determined for the employed code length.
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The aim is now to find the allocation that minimizes the sum of the BERs, i.e.,
minimizes (8.3) with Ξ g,r [n]  BER g,r [n], of all individual groups
opt
{x g,r [n]}

 argmin
{x g,r [n]}

| R̃|
NG X
X

x g,r [n] BER g,r [n],

(8.14)

g1 r1

subject to further allocation constraints. For minimization only Q ( · ) in (8.12) is
relevant as all users are assumed to employ the same symbol alphabet.

8.1.4 Power Minimization with QoS Constraints Grouping
Guaranteeing certain QoS constraints is of growing importance especially for all
packet transmission based communication systems. However, this QoS constraint
should be fulfilled as energy efficient as possible. In the following, we restrict our
considerations to a required data rate as QoS constraint.
In Sections 7.2 and 7.3, the transmit power minimization for a given pair has
already been considered. A solution for the necessary transmit power of both users
for ZF equalization has been analytically derived and is given by (7.27) and (7.28)
for CPA and by (7.45) for BF. In contrast to Sections 8.1.1 to 8.1.3, we now consider
all possible RPs, i.e., we use R instead of R̃.
The total transmit power of the pair/group Gg and RP R r in subframe n, which
has to be kept small, is given by (5.22) as
NG


1 X X


|w g,q,r [m, n]| 2 for BF,




 N q1 m∈R r
t
P g,r
[n]  
NG



|R r | X


p g,q,r [n]
for CPA.


 N
q1


(8.15)

The aim is now to find the allocation that minimizes the sum of the transmit powers
t [n], of all individual groups
according to (8.15), with Ξ g,r [n]  P g,r
opt
{x g,r [n]}

 argmin
{x g,r [n]}

subject to further allocation constraints.

|R|
NG X
X
g1 r1

t
x g,r [n] P g,r
[n],

(8.16)
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8.1.5 Achievable Data Rate with Fairness Constraints
Grouping
Since fairness is an important issue for resource allocation, the fairness metric introduced in [JCH84] will be adopted in the following and considered in the optimization.
The exponential moving average of the achievable data rate of one user is defined as



(1 − ε ) c̄ u [n − 1] + εc u [n − 1] if u was allocated




c̄ u [n]  
in subframe n − 1,




 (1 − ε ) c̄ [n − 1]
else,
u


(8.17)

where ε is a real-valued forgetting factor, 0 < ε < 1, and c u [n] has been defined in
(5.23). The performance and fairness measures are combined into a single metric
Ω g,r [n], referred to as the utility function,
Ω g,r [n] 

2
X
c g,q,r [n]
q1

c̄ u g,q [n]

.

(8.18)

By doing so, we can combine data rate with fairness, which allows us to perform
some joint optimization of both [FLY12]. In contrast to the capacity grouping of
Section 8.1.2, here the considered equalizer is taken into account for the optimization.
With the indicator variable x g,r [n] ∈ {0, 1} and the utility function according to
(8.18), the aim is to find the allocation maximizing the sum of the utility functions
[FLY12]
opt
{x g,r [n]}

 argmax
{x g,r [n]}

|R|
NG X
X

x g,r [n] Ω g,r [n],

(8.19)

g1 r1

subject to further allocation constraints. Like in Section 8.1.4, here the set of all RPs,
R, is used instead of the reduced set R̃ with equal sized chunks.

8.2 User Pairing in Time Direction
In this section, we limit our considerations to user pairing with NU  2. We start
with the most basic form of user pairing, where the pairs are multiplexed in time
domain. The users of the pair share the full set of available subcarriers, i.e., the RP
with Mall subcarriers is used for all users. The alternative approach of joint user
pairing and frequency allocation is considered in Section 8.3.

128

Chapter 8 User Pairing/Grouping and Radio Resource Allocation

We assume that all K users considered for user pairing do not move or move very
slowly. Therefore, we assume in this section that the channel is static for the duration
of K/2 subframes, where K is assumed to be even. This assumption is reasonable,
when we consider only static or slowly moving users for user pairing. The user
pairing will be repeated after all pairs have transmitted a subframe, i.e., every K/2
subframes.

8.2.1 User Pairing Algorithm
The following algorithm has also been presented in [RDG09] and [RDD13]. With
the assumptions mentioned before, we can simplify our optimization problem of
(8.3) with a cost function Ξ g to
opt
{x g }

 argmin
{x g }

NG
X

x g Ξg ,

(8.20)

∀u ∈ U ,

(8.21a)

g1

with the additional allocation constraints

X

x g0  1,

g 0 |Gg0 ∩u ,∅
NG
X
g1

xg 

K
.
2

(8.21b)

Here, (8.21a) ensures that every user is assigned to one pair and (8.21b) guarantees
that only K2 pairs are allocated. For a weight function Λ g , (8.2) can be reformulated
analogously and the allocation constraints remain unchanged.
This problem may be viewed as a weighted (perfect) matching problem in nonbipartite graphs, cf. Appendix A.4.2 and [PS98]. Therefore, it is possible to use the
Blossom Algorithm [Law01] to find the optimal solution to the problem at hand. As
stated in Appendix A.4.2, a cost matrix C is necessary for this algorithm. The off
diagonal elements of the cost matrix C of dimension K × K are filled with
[C]u1 ,u2  Ξ g0 ,

with Gg0  {u1 , u 2 },

(8.22)

whereas the forbidden main diagonal elements are set to ∞. It is already obvious from
this equation, that the cost matrix is a symmetric matrix. Therefore, it is necessary
to compute ( K 2 − K ) /2 cost values to fill the matrix. The computational complexity
of state of the art implementations of the Blossom Algorithm is O ( K 2 ln ( K )) , where
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f ( x )  O ( g ( x )) means that there exists a positive real number C and a real number
x0 such that | f ( x ) | ≤ C · | g ( x ) | ∀ x > x 0 . As explained in Appendix A.4, costs and
weights can be exchanged easily by reformulating the weights into costs and vice
versa. Therefore, the Blossom Algorithm can be used for both maximum weight as
well as minimum cost problems.
In [VH08] the authors propose to solve this time domain user pairing problem
with the Hungarian algorithm (HA) [Kuh55, Kuh56, Mun57]. Since this algorithm
is designed for solving a bipartite matching problem, which is also referred to as
assignment problem, cf. Appendix A.4.1. However, in some rare cases, the HA does
not return a symmetric solution, e.g., the solution provided by the HA pairs user
2 with user 5, but user 5 is paired with user 3, which is a contradiction. In [FS07],
an algorithm is proposed which can be used to refine this non-symmetric solution.
However, since the computational complexity of the Blossom Algorithm and the
HA have the same order, the Blossom Algorithm should be preferred.
The Blossom Algorithm solves the given problem in polynomial time whereas
a full search (FS) would need K!/ (2 ( K/2) · ( K/2) !) calculations [VH08], where ( · ) !
denotes the factorial of an integer. Especially for K > 10 the Blossom Algorithm
allows a pairing with a complexity orders of magnitude lower than an FS. A larger
pool of users can be split up into randomly chosen smaller pools, in order to reduce
the complexity of the Blossom Algorithm at the expense of a somewhat reduced
performance, cf. Section 8.2.2.
For user grouping (NU > 2) it is not possible to find an optimal solution without
the high complexity of a full search. However, it is possible to modify the joint user
pairing and frequency allocation algorithm from Section 8.3 to find a good suboptimal solution. Instead of exchanging users between different frequency chunks,
the users are exchanged between different time slots, taking into account that the
channels of the users are the same in all time slots considered by the algorithm.

8.2.2 Simulation Results
For simulations, a V-MIMO SC-FDMA transmission in the uplink of LTE is considered. For channel coding a Turbo code with code rate R  2/3 is employed over a
subframe comprising two slots. A 4-QAM signal constellation has been used for
all results. Each slot consists of seven SC-FDMA symbols, where one SC-FDMA
symbol is reserved for pilot data. The DFT sizes are Mall  600 and N  1024 with
νoffset  212 for 10 MHz channel bandwidth. The CP always fulfills Lcp > q h . The
subchannels of all users are mutually independent. A power delay profile according
to the ITU-PB channel has been used if not otherwise stated. As transmit filter and
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Figure 8.1: BLER versus Ēb /N0 for time domain pairing, K  20, NR  2, NU  2,
different pairing criteria, 10 MHz channel bandwidth.
receiver input filter, respectively, a square-root raised cosine filter with roll-off factor
0.3 is employed. The assignment was done assuming a fixed Ēb /N0 of 9 dB, where
Ēb denotes the average received bit energy per antenna, i.e., the assignment was
calculated independently of the true Ēb /N0 .
Fig. 8.1 shows the block error rate (BLER) after channel decoding versus Ēb /N0
for time domain pairing. In order to define BLER we view one subframe as block
and compute the ratio of erroneous subframes over the total number of transmitted
subframes. The parameters K  20, NR  2, and NU  2 have been chosen. Results
are given for SIC equalization and MMSE LE, respectively, for a transmission with
10 MHz channel bandwidth. For the SIC equalizer, a gain of up to 1 dB is visible
for BER as pairing criterion at BLER  1 %, compared to random pairing. The
abbreviations “Cap” and “BER” stand for capacity and BER pairing, respectively.
Capacity pairing results in a loss compared to BER pairing of about 0.2 dB at BLER 
1 %.
In contrast, for MMSE LE a higher gain of 2 dB is visible for BER pairing and of
1.6 dB for capacity pairing, respectively, at the same BLER. This shows that both
user pairing algorithms yield a significant improvement in performance for both
equalizers, where the BER pairing yields better BLER results than capacity pairing.
The reason for the superior performance of BER as an optimization criterion is the
fact, that BER is closely related to BLER and the suboptimal equalizer is not reflected
in the channel capacity. However, the better performance of BER pairing comes at the
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Figure 8.2: BLER versus K for time domain pairing, Ēb /N0  11 dB, NR  2, NU  2,
different pairing criteria, MMSE LE, 10 MHz bandwidth.
cost of higher computational complexity, due to the fact that the filter optimization
and the computation of the Q-function need to be done for each user pair, compared
to the less complex computation of the channel capacity. For MMSE LE the gain is
higher, since unfavorable conditions of the V-MIMO channels have a high influence
on the performance of LE.
With K  20 users, the channel has to be constant for 10 subframes. In order to
investigate how the performance depends on K, Fig. 8.2 shows BLER versus K for
MMSE LE at Ēb /N0  11 dB, with NR  2 and NU  2. Already for two pairs (K  4) a
noticeable gain in BLER is achievable and the performance of BER pairing is already
superior to that of capacity pairing. Increasing K to 8 already yields most of the gain
achievable for K  20. Thus, for high K additional gains due to further increasing K
are diminishing. This means that by limiting the number of users considered in an
execution of the pairing algorithm to about 10, a good trade-off between the number
of subframes, for which the channel needs to be constant, and the pairing gain can
be achieved.

8.3 Joint User Grouping and Frequency Allocation
In Section 8.1, two different criteria for user grouping without QoS constraints have
been introduced. In this section, different possibilities to solve the optimization task
of finding the best grouping jointly with the best frequency allocation, under the
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optimization criteria mentioned before, are discussed. It is assumed that the channel
impulse responses (CIRs) of the subchannels of all K users are perfectly known to
the BS. This is a reasonable assumption, since channel estimation at the BS based on
SRSs usually delivers reliable estimates of the CIRs. Furthermore, it is assumed that
the CIRs change only slowly over time and therefore are constant for the duration
of at least one LTE subframe. The user grouping is performed for every subframe,
independent of the grouping in the previous subframe, i.e., correlations in time
direction are not exploited. For frequency-domain multiplexing, NU users of the
group Gg , with g ∈ {1, . . . , NG }, share the same set of subcarriers.
In this section, we restrict our considerations to equal sized RPs, called a chunk.
In other words, we reduce the number of possible RPs to the non-overlapping,
contiguous RPs with |R r |  ( M · NU ) /K  Mall which are collected in the set R̃.
We denote the individual elements of R̃ with R̃ r . Therefore, for all R̃ r ∈ R̃, | R̃ r | 
( M · NU ) /K  Mall and R̃ r1 ∩ R̃ r2  ∅ for r1 , r2 , are valid. To maintain fairness among
the users, each user transmits in every subframe. In the following, we furthermore
assume that NC  K/NU is integer. This assumption can be easily fulfilled, since a
preselection of users for grouping can already consider this limitation. With this
definition, NC denotes the number of chunks, i.e., the number of RPs which can be
selected for RRA.
The following algorithms have also been presented in [RDG09] and [RDD13].

8.3.1 Problem Formulation
The combined optimization of frequency allocation and user pairing/grouping is a
three-dimensional assignment problem. As has been shown in Section 8.2, finding
the optimal pairs for a single chunk with different pairs transmitting in subsequent
subframes is a two-dimensional assignment problem, which can be solved optimally
and efficiently with the Blossom Algorithm. In practice, different users transmit in
the same subframe on different subcarriers in LTE. Therefore, the assignment of
pairs to different chunks must be taken into account as well, rendering the problem
a three-dimensional assignment problem, which in general is a nondeterministic
polynomial time (NP) complete problem [BDM09].
The joint user pairing and frequency allocation problem can be formulated as the
problem of finding the combination of pairing/grouping and frequency assignment
yielding the highest achievable sum of weights. With the indicator variables x g,r [n] ∈
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{0, 1} and using (8.2), the overall optimization problem for the joint user grouping
and frequency allocation in subframe n is given by
opt
{x g,r [n]}

 argmax
{x g,r [n]}

| R̃|
NG X
X

x g,r [n] Λ g,r [n]

(8.23)

g1 r1

subject to the allocation constraints
| R̃|
X
r1
|G|
X
g1

x g,r [n] ≤ 1, ∀g,

(8.24a)

x g,r [n]  1, ∀r,

(8.24b)

X
g 0 |Gg0 ∩u ,∅

| R̃|
X
r1

x g0 ,r [n]  1, ∀u ∈ U ,

(8.24c)

R̃ r1 ∩ R̃ r2  ∅, ∀r1 , r2 ,

(8.24d)

| R̃ r |  ( M · NU ) /K.

(8.24e)

Here, (8.24a) ensures that every group is only assigned to at most one RP. Constraint
(8.24b) ensures that every chunk is assigned to one group. With (8.24c) every user
must be assigned to one group and one RP. To ensure that there is no overlap of RPs
of the chunks, (8.24d) is introduced, and (8.24e) defines the size of the chunks.
The task is to find the optimum {x g,r [n]}, that either maximizes the sum capacity
according to (8.6) or minimizes the average BER for all users according to (8.14),
depending on the chosen optimization criterion. For BER minimization, (8.23) can
be reformulated as a minimum cost problem according to (8.3).

8.3.2 Full Search
The optimal solution can be found by employing a FS, which is equivalent to computing the weight function in (8.23) for all possible group/chunk combinations
satisfying our allocation constraints (8.24a) to (8.24e) and choosing {x g,r [n]} which
maximizes our weight function. This approach is feasible only for a low number
of users because its complexity grows fast with K. If the frequency bandwidth is
divided into NC disjoint chunks, for the first chunk one can choose NU out of K
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Figure 8.3: Example for result of HA for the optimization of the frequency allocation
of pairs.
users. For the second chunk, NU out of ( K − NU ) remaining users can be selected,
etc. Hence, the total number of combinations of user groups and chunks will be
K
K − NU
2 · NU
NU

·
···
·
,
NU
NU
NU
NU

!

OFS

!

!

!

(8.25)

which can be expanded to
OFS 

( K − NU ) !
(2 · NU ) ! NU !
K!
K!
·
···
·

.
NU ! ( K − NU ) ! NU ! ( K − 2 · NU ) !
NU ! · NU ! NU ! ( NU !) K/NU

(8.26)

For example, for K  4 and NU  2, only 6 combinations need to be tested to find the
optimal solution. In contrast, when increasing K to 10, already 113,400 combinations
need to be examined for NU  2. Therefore, for systems with a reasonably large
number of users, efficient suboptimal algorithms of lower complexity than FS are
required which provide a solution close to the optimal one.

8.3.3 Hungarian Algorithm
The Hungarian algorithm (HA) is introduced in detail in Appendix A.4.1. In our
optimization problem the HA can be used to find the best assignment of NC given
user groups to NC chunks. Hence, with the HA that assignment of fixed groups
to chunks can be found, which maximizes our weight function in (8.23). A weight
matrix with entries according to (8.4)/(8.13), depending on the chosen criterion
for optimization, for each chunk/group combination is computed and the best
assignment is found by conducting the HA for this matrix. The complexity of the
HA is O ( NC3 ) . Figure 8.3 shows an example for the described procedure for NU  2.
We note, that the users of the pairs are not exchanged by the HA.
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Figure 8.4: Example for the considered switches for the first three users of the BSA
with Nsw  1 and NU  2 users per group.

8.3.4 Binary Switching Algorithm
For a given assignment of the groups to the chunks, an exchange of users of different
groups can be realized by the binary switching algorithm (BSA) [ZG90] to further
decrease/increase the cost/weight function. The BSA is based simply on trying
to exchange users between different groups, computing the resulting cost/weight
function according to (8.6)/(8.14), and performing the exchange which yields the
maximal decrease/increase of the cost/weight function of all considered trials. In
order to limit the complexity of the BSA, we confine the number of users that can be
switched simultaneously to Nsw .
Fig. 8.4 shows as an example the switches that are tested for the first three users
with NU  2 and Nsw  1, which means that only one user can be exchanged between
the pairs. For user 1 an exchange with user 2 makes no sense, but an exchange with
users 3, . . . , K must be tested. The same exchanges must be tested for user 2. For
users 3 and 4 the exchange with users 5, . . . , K must be tested, respectively, etc.
Thus, the number of total switches to be considered for an arbitrary number of users
per group NU and Nsw  1 is
OBSA  NU · ( K − NU ) + NU · ( K − 2NU ) + . . . + NU · NU


1 2
( K − NU · K ) .
2

(8.27)

After having tested all possibilities, the switching of users resulting in maximal
capacity/minimal BER is performed. For several switches Nsw , the computational
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complexity of the BSA approaches that of the FS. We observe this for example when
NU  2 and Nsw  NC , where one BSA run already tests all possible combinations.

8.3.5 Hungarian Algorithm & Binary Switching Algorithm
Since the HA or BSA, with Nsw < NC , alone consider only a small fraction of all
possible assignments and cannot approach the optimal solution, an iterative combination of both algorithms is proposed, referred to in the following as Hungarian
algorithm and binary switching (HABS) algorithm. The HA finds the optimal allocation of given groups to chunks, but the groups are always fixed in course of the
HA. Therefore, it is necessary to exchange the users between the groups to further
increase/decrease the weight/cost function after execution of the HA, depending
on the adopted criterion. This can be realized by employing the BSA after the HA.
For initialization, we start with random user groups. Then the HA finds the optimal
subcarrier allocation for these groups. In the next step, the BSA exchanges up to
Nsw users between the groups. In the following iteration, the HA tries to find a
better allocation of the chunks for the reshaped groups. Then the BSA exchanges
again up to Nsw users, etc. This procedure is repeated for Nit iterations. A more
sophisticated stopping criterion can be hardly found, since the maximally achievable
sum capacity/minimal BER cannot be bounded tightly.
For a small number of switches in the BSA Nsw and a medium number of iterations
Nit , the iterative algorithm is significantly less complex than an FS. In the following
we only consider Nsw  1 in order to limit the complexity of the BSA. Of course,
especially for a higher number of chunks NC , it cannot always be expected that
the the optimal solution is approached. However, simulations have shown that the
resulting assignment usually improves the performance of random user grouping
and frequency allocation significantly and approaches the performance of a full
search closely in all cases where corresponding results for FS could be obtained.
Because the weight/cost function monotonically increases/decreases for each HA
or BSA step of the iterative algorithm and the weight/cost function can be easily
shown to be upper/lower bounded, a convergence of the algorithm is guaranteed in
principle. However, the resulting solution might not be the globally optimal one.
In the following, in order to provide more justification for the proposed iterative
algorithm, we show that for the special case of K  4 and NU  2 it even finds the
globally optimal solution.
Figure 8.5 shows the operation of the HABS algorithm for K  4, NU  2, Nit  1,
and Nsw  1. All six possible pair and chunk combinations are examined within one
iteration. The additional combination examined by the HA could not be found by

8.3 Joint User Grouping and Frequency Allocation
Starting point

137

HA test

user 1

user 3

user 2

user 4

RBs

user 3

user 1

user 4

user 2

user 3

user 4

user 1

user 2

user 3

user 1

user 2

user 4

RBs

BSA tests
user 1

user 3

user 4

user 2

user 2

user 1

user 4

user 3

RBs

RBs

RBs

RBs

Figure 8.5: Example for HABS algorithm for the pairing and frequency allocation of
K  4 users and NU  2 users per group.
the BSA alone with only one iteration, if HA and BSA alone have the same starting
point. Thus, it can be expected that at least a reasonable solution is also found for
K > 4 and NU > 2. This claim is supported by the numerical results shown in
Section 8.3.7.

8.3.6 Complexity Analysis
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Figure 8.6: Complexity Q of the FS and of the HABS algorithm for NU  4 and
Nit ∈ {1, 2, 5, 10, 20}, respectively.
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In order to compare the complexity of the proposed HABS algorithm with that
of the FS, we count how often the capacity according to (8.4) or BER according to
(8.13) must be computed. For the FS, at the beginning these quantities have to be
evaluated NC times for all chunks. For all remaining ( OFS − 1) possible assignments,
the sum capacity/BER for two chunks has to be recomputed. Therefore, the number
of evaluations is Q FS  NC + 2 · ( OFS − 1) ≈ 2 · OFS . For the HA the weight matrix must
be filled, which needs NC2  K 2 /NU2 computations of the capacity/BER of a chunk.
After that, only additions within the rows and columns of the matrix are performed,
which can be neglected in comparison to capacity/BER calculations. For the BSA
with Nsw  1 the capacity/BER must be computed 2 · OBSA times. The number of
computations of the capacity/BER for the HABS algorithm with Nit iterations is
then
Q HABS  Nit ·
 Nit ·



2
1
2 K
NU



1
2
NU

+ ( K 2 − NU · K )



2





+ 1 K − NU · K .

(8.28)

Figure 8.6 shows the complexity Q of the full search and of the HABS algorithm,
respectively, with different numbers of iterations. NU  4 users per group have
been chosen. Especially for K > 12 the FS is no longer feasible due to a too high
complexity, while for the iterative HABS algorithm the complexity grows much
slower for increasing K. Also, there is only a linear increase in complexity for HABS
with increasing Nit (only quadratically), but an exponential increase for the FS.
Similar results are obtained for different numbers of users per group.

8.3.7 Simulation Results
For simulations, again a Turbo code with code rate R  2/3 is used over a subframe
comprising two slots. A 4-QAM signal constellation has been adopted for all results.
Each slot consists of 7 SC-FDMA symbols, where one SC-FDMA symbol is reserved
for pilot data. The DFT sizes are M  600 and N  1024 with νoffset  212 for 10 MHz
channel bandwidth and M  1200 and N  2048 with νoffset  424 for 20 MHz
channel bandwidth, respectively. The CP always fulfills Lcp > q h . The subchannels
of all users are mutually independent. A power delay profile according to the ITU-PB
channel has been used if not otherwise stated. A square-root raised cosine filter with
roll-off factor 0.3 is employed as transmit filter and receiver input filter, respectively.
The assignment was done assuming a fixed Ēb /N0 of 9 dB and to limit the complexity
of the HABS algorithm, Nsw  1 is valid for all results in this section.
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Figure 8.7: BLER versus Ēb /N0 for frequency-domain pairing, K  10, NR  2,
NU  2, Nit  20, different pairing criteria, MMSE LE, 10 MHz channel bandwidth, ITU-PA and ITU-PB power delay profiles.
For joint user pairing (NR  2, NU  2) and frequency allocation, Fig. 8.7 shows
BLER versus Ēb /N0 for MMSE LE and transmission with a 10 MHz channel bandwidth. Here, K  10 is valid, and for the HABS algorithm Nit  20 iterations are
chosen. Different power delay profiles, ITU-PA and ITU-PB, respectively, are used.
The ITU-PB channel profile is more frequency selective than ITU-PA, cf. Appendix B.
For both assignment criteria, BER and capacity, as well as both power delay profiles the gain of combined user pairing and frequency allocation is remarkable. At
BLER  1 %, a gain of about 3 dB is possible with capacity pairing and frequency
allocation compared to random user pairing/grouping and random frequency allocation (RUPRFA) for ITU-PB. A further gain can be achieved when using the BER as
optimization criterion. Here, the total gain is about 5 dB compared to RUPRFA for
ITU-PB. This shows again the possible trade-off between performance and computational complexity which has also been observed in Section 8.2.2. The results for the
HABS algorithm after Nit  20 iterations are very close to those of the FS for both optimization criteria. It is interesting to note that due to the lower frequency selectivity
of the ITU-PA power delay profile, compared to ITU-PB a significantly higher Ēb /N0
is needed to achieve a reasonably low BLER for random pairing. However, when
employing well designed user pairing and frequency allocation algorithms, a huge
gain is also achievable for that power delay profile which is even higher than for
ITU-PB due to the lower diversity inherent to the channel. With the BER criterion,
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Figure 8.8: BLER versus Ēb /N0 for frequency-domain grouping, K  8, NR  4,
NU  4, Nit  10, MMSE LE, 20 MHz channel bandwidth.
the BLER performance for ITU-PA comes even close to the ITU-PB case. The loss of
the suboptimal HABS algorithm compared to FS is as low as for ITU-PB.
For an increased channel bandwidth of 20 MHz, Fig. 8.8 shows BLER versus Ēb /N0
for MMSE LE, NR  4, NU  4, and K  8. For the HABS algorithm, Nit  10 has
been chosen. The results of capacity grouping with HABS algorithm are extremely
close to those for a FS. The gain of capacity grouping is quite limited and only about
0.7 dB at BLER  1 %. Although only two chunks are available, the BER grouping
in conjunction with FS achieves a gain of more than 2 dB w.r.t. RUPRFA. The HABS
algorithm delivers a result which is only 0.3 dB inferior to the performance of the FS.
Also for a higher number of iterations, the performance of the FS cannot be achieved
for NU > 2 and BER grouping. However, the achieved gain of user grouping with
HABS algorithm is still impressive.
Figure 8.9 shows how increasing the number of users to K  20, compared to
Fig. 8.8 with K  8, influences the performance of the frequency domain grouping for
NU  4. Results for the FS algorithm could not be obtained due to the extremely high
computational complexity in the order of Q ≈ 1012 , cf. Fig. 8.6. The performance
of BER grouping improves and a gain of more than 3 dB is achieved compared to
RUPRFA. Capacity grouping now achieves 1.5 dB gain. Convergence of the HABS
algorithm is already reached after 10 iterations, since further increasing the number
of iterations has no influence on the performance.
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Figure 8.9: BLER versus Ēb /N0 for frequency-domain grouping, K  20, NR  4,
NU  4, MMSE LE, 20 MHz channel bandwidth.
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Figure 8.10: BLER versus Ēb /N0 for frequency-domain pairing, K  20, NR  2,
NU  2, BER pairing, MMSE LE, 20 MHz channel bandwidth.
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Figure 8.11: System throughput versus Ēb /N0 for time-domain and frequencydomain pairing, K  10, NR  2, NU  2, MMSE LE, 10 MHz channel
bandwidth.
In order to analyze the dependency of the HABS algorithm for user pairing (NR  2,
NU  2) on the number of iterations in more detail, Fig. 8.10 shows the performance
of BER pairing with HABS algorithm after different numbers of iterations for the
MMSE LE receiver, 20 MHz bandwidth, and K  20 users. It can be observed that by
increasing the number of iterations the performance can be improved considerably.
The total gain achieved after Nit  30 is more than 6 dB compared to random
allocation at BLER  1 %. By increasing the number of iterations to more than 30,
no noticeable further gain can be achieved.
By comparing Fig. 8.9 with Fig. 8.10, it is possible to evaluate the difference between
NU  2 and NU  4 for the same number of users in the system K  20. Random user
pairing/grouping and random frequency allocation (RUPRFA) achieves a better
performance for NU  4. This is because twice as many RBs are used for one chunk
and the frequency diversity is significantly increased for all users. Therefore, also
the possible gain of user grouping for NU  4 is smaller than that for NU  2. The
necessary Ēb /N0 for the HABS algorithm with BER grouping and Nit  20 is 1 dB
higher at 1 % BLER. This means that by doubling the number of receive antennas at
the BS and employing user grouping, the same number of users can transmit twice
as many encoded bits with an increase of only 1 dB in Ēb /N0 . However, for lower
target BLERs user grouping for NU  4 outperforms user pairing even with respect
to power efficiency due to the increased diversity order and therefore steeper curves.
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In Fig. 8.11 the system throughput of time-domain pairing of Section 8.2 is compared with that of frequency-domain pairing. For both schemes an MMSE LE
receiver, 10 MHz channel bandwidth, K  10 users and perfect pairing, i.e., FS, were
used. The system throughput has been evaluated as the sum of the throughput of
all users which is given by
throughput  (1 − FER) · data rate.

(8.29)

For the chosen parameters, including modulation and coding, a maximum system
throughput of 9.6 · 106 bit/s is achievable (marked by the grey dashed line). It can
be seen that the throughput of the frequency-domain pairing scheme is higher than
that of the time-domain pairing scheme. This is due to the fact that the frequency
allocation algorithm can exploit the frequency diversity much better than the timedomain pairing scheme. The superior performance of the capacity pairing for low
Ēb /N0 , that can be observed in all figures, has two reasons. First of all, the pairing
was optimized for a fixed Ēb /N0 of 9 dB. Secondly, the approximation for the BER is
not tight for low Ēb /N0 . The BER pairing is superior in the Ēb /N0 region of interest.

8.3.8 Conclusions
For a system employing V-MIMO transmission with SC-FDMA modulation over ISI
channels, joint user grouping and time/frequency allocation has been proposed and
analyzed. It has been shown that by using random grouping and resource allocation,
a huge potential for gains would be ignored. Where for time-domain user pairing of
Section 8.3 the optimal solution can be efficiently found by employing the Blossom
Algorithm, this is not possible for frequency-domain user grouping. Obtaining the
optimal solution to this problem via an FS has been shown to be far too complex for
practical applications for a higher number of users. Therefore, we have proposed an
iterative combination of the HA and the BSA to solve this task efficiently. At a much
lower complexity, the proposed suboptimal algorithm performs almost as well as
the optimal FS. The capacity and BER criteria, introduced in Section 8.1 have been
compared to each other. It has been shown via simulations that an approximation of
the BER after decoding is a better grouping criterion w.r.t. the overall BLER after
decoding as figure of merit, which cannot be directly addressed in the optimization.
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8.4 Codebook Aided User Pairing
The HABS algorithm from the previous section exhibits a close-to-optimum user
pairing performance. Although the computational complexity of this algorithm is
significantly lower than that of FS, we are interested in algorithms with even lower
computational complexity. Therefore, we consider codebook aided algorithms for
joint user pairing and frequency allocation in this section. The pairing proposal
algorithm (PPA) and an algorithm based on global vector quantization (GVQ) are
introduced and compared to algorithms from Section 8.3. The main benefit of
these algorithms is their ability to solve the user pairing problem with limited
computational complexity. We restrain our considerations to BER after decoding as
the optimization criterion for the algorithms in this section. The following material
has also been presented in [RHG12].

8.4.1 Preliminaries
In this section, we adopt the assumptions of Section 8.3 with the exception that only
user pairing is considered in the following. An extension to user grouping (NU > 2)
is possible. Our optimization problem is still given by (8.23) with the allocation
constraints (8.24a) to (8.24e).
We use the binary NG × NC RRA matrix Xo to represent the values of the indicator variable x g,r for the oth valid allocation. Since there are Ncb  ( K!) / (2K/2 )
unique valid solutions to our allocation problem, we have Ncb matrices Xo with
o  {1, . . . , Ncb }.
Let us first consider the FS from Section 8.3.2. We want to recursively find all
possible pairings and frequency allocations. Obviously, for the first chunk all NG
pairs in G can be selected, i.e., S1  G. We denote the pair which is selected and
allocated to the currently considered chunk by Gg0 . For the next chunk, the set of
available pairs is reduced by all pairs of the set G 0 which contains all pairs composed
of at least one user of the pair Gg0 . This can be recursively expressed by
Sk  Sk−1 \G 0 ,

(8.30)

with k ∈ {2, . . . , NC }. The set or codebook of pairing possibilities for FS can be
denoted as XFS  {X1 , . . . , XOFS }, with OFS according to (8.25).
Different algorithms for joint user pairing and resource allocation are known
in the literature. As a reference and to obtain a lower bound for the achievable
performance RUPRFA of Section 8.1.1 can be used. That is, the pairs are composed
randomly and afterwards randomly assigned to the chunks. By combining random
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user pairing/grouping with optimal frequency allocation (RUPOFA), the randomly
composed pairs are allocated to the best chunk according to our chosen pairing
criterion. This can be achieved with low complexity by employing the HA from
Section 8.3.3.
In [KHK10] a greedy algorithm is proposed to solve the joint user pairing and
resource allocation problem. It tries to solve the RRA problem and the user pairing
problem independently. Adapted to the system model used in this work and to the
reduced set of RPs, the algorithm, referred to as KIM in the following, first finds the
optimal chunk for a specific user according to the BER of the SIMO channel of that
user. Afterwards the user with the best match according to the V-MIMO channel
BER is added to the same chunk, resulting in a pair. Then the next of the remaining
users is allocated to the best of the remaining chunks. This algorithm has a low
complexity (OKIM ≈ K 2 /2 + ( K/2) 2 ), but due to its greedy structure and the fact that
user pairing and resource allocation are optimized independently of each other,
the expected gains are only small. We will investigate an unmodified version, i.e.,
without the restriction to equal sized chunks, of the algorithm from [KHK10] (KIM)
in Section 8.7.1.2.

8.4.2 Pairing Proposal Algorithm
The idea of this simple codebook based algorithm, called PPA, is to subsample the
full search codebook XFS by a factor δ  bOFS /Ncb c. The new codebook with Ncb
entries is then
XPPA  {X1 , X1+δ , X1+2δ , . . . , X1+ ( Ncb −1) δ },

(8.31)

where Xi ∈ XFS is the ith entry of the FS codebook. The user pairing and resource
allocation is then determined by testing all Ncb possible combinations and choosing
the one that optimizes our metric. The computational complexity is given by OPPA 
Ncb . Therefore, one can easily trade off computational complexity and performance.
A training phase is not needed for this algorithm.

8.4.3 Global Vector Quantization Algorithm
A vector quantization approach in principle splits the computational effort to be
invested in two separate parts: The first part, the training phase, is used to gather
statistics of the underlying problem in order to find a good solution for the problem.
From the statistics, a codebook is generated such that the expectation of an error
measure for the codebook entries is minimal. This part can be of very high complexity
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but yields a result which can be reused further on if the underlying statistics do not
change. The second part, the application phase, uses the codebook generated in the
training phase as a lookup table for finding the best fitting solution. For our purpose,
the CIR statistics have to be gathered. The so-called global vector quantization (GVQ)
algorithm [LSG07] is a well-known corresponding scheme.
For pairing issues, let there be a training set H  {h1t , . . . , htNtr } of Ntr channel
training vectors, each of dimension NR · ( q h + 1) · K × 1 in time domain. Each
channel training vector hti , with i ∈ {1, . . . , Ntr }, contains the time domain channel
t
coefficients h `,u
[λ] for all NR receive antennas and K users according to (5.7). For all
t
hi , an RRA matrix X̄i is calculated and stored to the training set Xtr  {X̄1 , . . . , X̄Ntr }.
The pairing algorithm, which yields X̄i , can be chosen as the optimal one, i.e. FS, or
a suboptimal scheme like HABS algorithm from Section 8.3.5.
Via vector quantization, an injective mapping from the training set Xtr with Ntr
entries to an RRA codebook XGVQ  {X̂1 , . . . , X̂Ncb }, with usually Ncb  Ntr entries
is generated. The entries X̂k , k ∈ {1, . . . , Ncb } are called codewords. The quantization
function Q maps Xtr to XGVQ . For this partitioning
∆

Vk  X̄i ∈ Xtr | Q (X̄i )  X̂k

(

)

(8.32)

can be established, such that the X̄i which are quantized to X̂k constitute the Voronoi
region Vk [LSG07]. Hence, this can be interpreted as finding a subset of Ncb codewords out of a set of Ntr proposals. To find the optimal subset, it is necessary to
assess every entry of the subset, i.e., all Ncb entries.
A vector quantizer is called optimal, if it uses a representation which minimizes
the overall mean quantization error (MQE) for a given codeword size. In general, the
MQE is defined as
Ntr
1 X
MQE 
D (Q ( i0) , i0) ,
Ntr 0
∆

(8.33)

i 1

where D ( k, i 0 ) , with the index i 0 ∈ {1, . . . , Ntr }, is the distortion measure for the
distortion introduced by quantizing X̄i0 ∈ Xtr to X̂k ∈ XGVQ and k  Q ( i 0 ) is the
quantization function from index i 0 to index k.
As proposed in [LSG07], the average BER Pe ( k, i 0 ) constitutes the MQE. Herewith
it is guaranteed to find a codebook of Ncb entries with minimal average BER.2

2 Note

that all codewords in the final codebook are a subset of dimension Ncb out of Ntr proposals,
which minimize the MQE in general only for the CIR training sequences. By such an approach,
suitability of the codebook cannot always be guaranteed. However, evaluated for Ntr > 1,000, a
set of sufficient CIR statistics is prevalent and thus leads to results of high quality [LSG07].
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The distortion measure D ( i, i 0 ) is the BER for pairing X̄i ∈ Xtr on the channel
hti0 ∈ H and can be written as
∆

D ( i, i 0 )  Pe ( i, i 0 ) .

(8.34)

With the respective SINR according to (8.9), the total BER averaged over all users
can be expressed with the BER introduced in (8.12) as
NG NC 2
1 XXX
Pe ( i, i ) 
[X̄i ] g,r · BERu g,q ,r .
K
0

∆

(8.35)

g1 r1 q1

Obviously, the BER in this sum only needs to be computed for [X̄i ] g,r  1. Hence,
the total BER for the pairing X̄i on training channel hti0 , with i, i 0 ∈ {1, . . . , Ntr }, is
specified in (8.35) 3.
Due to the Q-function for the calculation of the BER in (8.35) the MQE is non-zero
even for high SNR regions and large codebook sizes, but can be made arbitrarily
small by application of a sufficient codebook size Ncb and SNR → ∞.
With all these preliminaries in mind, one can adapt the Linde–Buzo–Gray (LBG)
algorithm [LBG80] to refine an initial codebook. Basically, the LBG algorithm exploits
the two Lloyd-Max conditions:
1. Nearest neighborhood condition (NNC): For a given codebook XGVQ the Voronoi
regions Vk , k ∈ {1, . . . , Ncb }, are defined as
Vk  {X̄i ∈ Xtr | D ( k, i ) ≤ D ( k 0 , i ) , ∀k 0 , k}.

(8.36)

Hence, Vk is the Voronoi region of the codeword X̂k ∈ XGVQ .
2. Centroid condition (CC): For given Voronoi regions Vk , the Voronoi cell can be
centered in the optimal codeword
X̂k  argmin {MQEk ( i ) },
X̄i ∈Vk

(8.37)

with the MQE for Voronoi region Vk and candidate codeword X̄i defined as
1 X
D ( i, i 0 ) .
MQEk ( i ) 
|Vk |
∆

(8.38)

X̄i0 ∈Vk

3 We

|Vk | denotes the number of training pairings spanning up this Voronoi region.

note that the BERs on the rhs of (8.35) depend on hti0 .
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The LBG algorithm makes use of both conditions during the iterations: first, using
the NNC, the training set Xtr is partitioned into Ncb Voronoi regions Vk based on
the currently proposed codebook XGVQ . In the second part of each iteration, the
CC is applied to find the optimal codeword candidates X̂k for every partition Vk
found in the NNC step. Thus, the bit error rate (BER) of every training pairing X̄i on
every training channel has to be evaluated. The candidate pairing X̄i ∈ Vk which
minimizes MQEk is chosen as a new codeword for partition Vk and is thus relabeled
to X̂k .
As noted in [LSG07], it is beneficial to precompute all Ntr2 possible D ( i, i 0 ) , i, i 0 ∈
{1, . . . , Ntr }. Since a codebook XGVQ (satisfying NNC and CC) might be only a local
optimum in the LBG algorithm, the global k-means clustering approach introduced
in [LVV03] is applied in addition in the GVQ training phase as follows.
The global k-means clustering approach is based on the conjecture that the optimal
codebook with c codewords, c ∈ {1, . . . , Ncb }, can be obtained by initializing the
LBG algorithm Ntr − c + 1 times with the optimal codebook with c − 1 codewords
and in addition a codeword proposal from Xtr not yet included in XGVQ . Due to
its nature it will be referred to as the GVQ algorithm. Hence, to obtain the optimal
codebook of size Ncb the following algorithm is applied:
1. Preliminaries:
• Predefine the number of codewords Ncb
• Calculate all Ntr2 possible D ( i, i 0 ) , with i, i 0 ∈ {1, . . . , Ntr }
2. Initialization:
• Calculate X̂1 [1] by searching in Xtr for the X̄i which minimizes (8.33);
V1  Xtr

• Set XGVQ [1]  X̂1 [1] and record the MQE obtained as MQE[1]
3. Loop: For c  2 to Ncb do

• Iterate using NNC and CC of LBG algorithm for all i  {1, . . . , Ntr − c + 1}
codebooks given by {X̂1 [c − 1], X̂2 [c − 1], . . . , X̂c−1 [c − 1], X̄i }, where
X̄i ∈ Xtr , X̄i < XGVQ [c − 1]

• Return the best codebook w.r.t. MQE of step c as XGVQ [c]  {X̂1 [c], . . . ,
X̂c [c]}
• Record the corresponding MQE as MQE[c]

Now, having XGVQ [Ncb ] and MQE[Ncb ] stored, the training phase is finished and
the application phase can start. The training phase needs Otr  ( Ntr · ( Ncb − 1) −
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Figure 8.12: BLER versus Ēb /N0 of reference algorithms.
1
2 Ncb · ( Ncb − 1))

executions of the LBG algorithm. However, the GVQ training phase
only has to be executed once to fit the underlying statistics if they do not change.
The most relevant complexity is that of the application phase which is given by
OGVQ  Ncb .

8.4.4 Simulation Results
For simulations, similar parameters as for Section 8.3.7 have been chosen. For channel
coding a Turbo code with code rate R  2/3 is used over a subframe comprising two
slots. A 4-QAM signal constellation has been used for all results. Each slot consists
of seven SC-FDMA symbols, where one SC-FDMA symbol is reserved for pilot data.
The DFT sizes are M  600 and N  1024 with νoffset  212 for 10 MHz channel
bandwidth. We consider K  10 users for pairing. The CP always fulfills Lcp ≥ q h
and NR  2 is chosen. The subchannels of all users are mutually independent and
have a power delay profile according to the ITU-PB channel. As transmit filter and
receiver input filter, respectively, a square-root raised cosine filter with roll-off factor
0.3 has been employed. The assignment was done assuming a fixed Ēb /N0 of 6 dB.
The performance gains are evaluated for a target BLER of 1 %, where one block
equals one subframe. For GVQ training the FS has been used to precompute the
codebook and an MMSE LE receiver is employed by the BS.
Figure 8.12 shows the performance of the reference algorithms for the given parameters. The worst BLER performance of course corresponds to RUPRFA. A random
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Figure 8.13: BLER versus Ēb /N0 of PPA.
user pairing/grouping with optimal frequency allocation (RUPOFA) achieves a gain
of less than 1 dB compared to RUPRFA. The performance of the algorithm from
[KHK10] (KIM) is very similar to that of RUPOFA and does not achieve a significant
gain compared to RUPRFA. In contrast, the HABS algorithm with 20 iterations
achieves a gain of about 5 dB compared to RUPRFA and is only about 0.15 dB away
from the optimal FS solution. The computational complexity of the HABS algorithm
is significantly higher than that of KIM and RUPOFA algorithms, but also still orders
of magnitude smaller than that of FS.
The performance of the PPA algorithm with Ncb ∈ {4, 8, 16, 32, 128} is depicted
in Fig. 8.13. For the codebook with Ncb  4 entries the performance is about 2 dB
better than for RUPRFA. Increasing the number of codebook entries enhances the
performance. For Ncb  128 the performance is less than 1 dB away from FS. This
shows that PPA achieves an impressive performance gain of 3 dB for a codebook
with 128 entries, compared to RUPOFA and the greedy algorithm. But also for much
lower codebook sizes a noticeable gain is visible.
The performance of the GVQ algorithm is depicted in Fig. 8.14. As a reference
the PPA performance for the same codebook sizes is also shown. For the codebook
of size Ncb  4 the GVQ algorithm is about 0.3 dB better than PPA with the same
codebook size. By increasing the number of codebook entries the performance
enhancement compared to PPA reduces. The optimization of the codebook with the
GVQ is obviously more effective for small codebook sizes, where the gain of GVQ
decreases for bigger codebook sizes.
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Figure 8.14: BLER versus Ēb /N0 of GVQ algorithm and PPA.
The number of computations of the BER for the PPA and the GVQ is given by
Q PPA/GVQ  K2 · Ncb . Here, we consider K  10 and therefore Q PPA/GVQ  5 · Ncb . For
the number of computations of the BER for the HABS algorithm for user pairing
and K  10 we obtain Q HABS  Nit · 105. For a high number of iterations, the HABS
algorithm demands significantly more evaluations of the BER than PPA and GVQ for
Ncb  32. Therefore, PPA and GVQ should be used if the number of computations
of the BER has to be low. Then both codebook aided algorithms perform very well
already for a small codebook size. If it is possible to compute some iterations of the
HABS algorithm, this algorithm should be preferred.

8.4.5 Conclusions
The codebook based PPA and the GVQ algorithm have been introduced in this
section to solve the joint user pairing and resource allocation problem for SC-FDMA
transmission. It has been shown that these algorithms enable a very good trade-off
between performance and computational complexity. The gain of the GVQ algorithm
compared to the PPA is only significant for a small codebook size. Compared
to the HABS algorithm from Section 8.3, the complexity of the codebook based
algorithms is noticeably reduced, while the performance gain compared to other
algorithms with similar complexity is significant. The computational complexity of
both proposed algorithms can be adjusted via the codebook size Ncb and they can
be easily implemented.
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8.5 Power Allocation and QoS
In this section, we consider the joint user pairing and frequency allocation problem
for power allocation with QoS requirements of Section 7.2. Instead of BLER after
decoding, in the following the achievable data rate after multi-user equalization
is considered as the QoS criterion and the transmit power should be minimized
according to Section 8.1.4. In contrast to the previous sections of this chapter, now
all valid RPs are admissible, not only equal sized chunks. Furthermore, user pairing,
NU  2, is considered.
The following material has also been presented in [RWG13].

8.5.1 Overall Optimization
With the indicator variable x g,r [n] ∈ {0, 1} the overall optimization problem for the
joint user pairing, frequency and power allocation is given by
argmin
{x g,r [n]}

|G| X
|R|
X

t
x g,r [n]P g,r
[n]

(8.39)

g1 r1

subject to the allocation constraints
|R|
X
r1
|G|
X
g1

x g,r [n] ≤ 1, ∀g,

(8.40a)

x g,r [n] ≤ 1, ∀r,

(8.40b)

X

|R|
X

g 0 |Gg0 ∩u ,∅ r1

x g0 ,r [n]  1, ∀u ∈ U ,

(8.40c)

R r1 ∩ R r2  ∅, ∀r1 , r2 for which ∃g 1 , g2 ∈ {1, . . . , NG }
such that x g1 ,r1 [n]  1 ∧ x g2 ,r2 [n]  1.

(8.40d)

Here, (8.40a) ensures that every pair is only assigned to at most one resource pattern.
Constraint (8.40b) ensures that all patterns can be assigned at most once. With (8.40c)
every user must be assigned to one RP and one group. To guarantee that there is no
overlap of resource elements in the allocated RPs (8.40d) is introduced.
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8.5.2 Algorithms
8.5.2.1 Joint Optimal
Calculation of a joint optimal (JO) solution to this overall problem is NP-hard and
a FS has to be conducted. This means that all admissible combinations of RPs
and pairs have to be checked and that combination is chosen which minimizes
(8.39). For MMSE equalization (7.30) has to be numerically optimized to compute
the necessary transmit power for each considered combination of a pair and an RP.
This increases the computational complexity of the full search even more, since for
each possible combination a high computational effort for power optimization has
to be spent. Therefore, this algorithm is only considered as a reference providing
the best achievable performance.
To reduce at least the number of the numerical optimization procedures to determine the power values for MMSE equalization, it is also possible to use the power
allocation of ZF equalization to find the optimal pairing and RP allocation, cf. Section 7.2. Then, the transmit power for MMSE equalization only needs to be optimized
numerically for the pairing and RP allocation combinations resulting from the optimization with ZF power allocation. Although the number of combinations that
need to be checked does not decrease, the computational effort for each combination can be dramatically reduced. This algorithm will be referred to as JO with
ZF power allocation (JO-ZFPA). Since it is not possible to apply the algorithms for
capacity maximization, which is a different problem, novel suboptimal algorithms
are introduced in the following.

8.5.2.2 Best SIMO and Best Pair (BSBP) Algorithm
The following suboptimal algorithm is inspired by the two algorithms proposed
in [KHK10] and [FLY12] for user pairing and resource allocation (for fair capacity
maximization). The basic idea of the algorithm is to iteratively create RPs from
single RBs. The set of available RBs and the set of available users are denoted by
B  {1, . . . , NRB } and T  U, respectively. In the first stage, a SIMO transmission of
each individual user of T is considered. For every single RB of B and user of T the
necessary transmit power to satisfy the rate requirement with a SIMO transmission
is calculated. Then, the user and RB combination with the lowest power requirement
is chosen. Next, all possible user pairs comprising the selected user are tested for the
chosen RB and the pair with the lowest sum transmit power is assigned to this RB.
The corresponding users are then removed from the set T and the RB is removed
from the set B. The algorithm is repeated with finding the best user and RB for
SIMO transmission and the corresponding partner until the set T is empty.
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In the second stage, the set B in general is not empty which means that there are
still some gaps between the assigned RBs. These gaps should now be filled in order
to minimize the transmit power. First, we have a look at the leftmost (in frequency)
RB of all available RBs. If it is still unused, this RB and all unassigned RBs right
to it up to the first assigned RB are assigned to the pair on the first assigned RB.
The same procedure is applied to the rightmost RB and the unused RBs left to it.
These RBs on the boundaries of the spectrum can only be assigned to the mentioned
pairs due to the constraint that the RBs of a user must be contiguous. For all unused
RBs in between two pairs, a so-called bandwidth extension procedure is applied for
assignment [FLY12, KHK10]. This means, the necessary transmit powers for all
possible RB allocations of the unused RBs between the two RBs of some pairs are
calculated, expanding the RBs of one pair and giving the leftover RBs to the other
pair. Then the RB allocation yielding the minimal sum transmit power of both pairs
is chosen. This procedure is repeated for all unassigned RBs between different pairs
reducing the set B. After this, all RBs are assigned to a pair and the RBs of every pair
will also be contiguous. Of course this algorithm is greedy and suboptimal in nature
and will not perform as good as the JO solution. However, a significantly lower
amount of transmit power calculations is needed. We will refer to this algorithm as
best SIMO best pair (BSBP) algorithm.
In Fig. 8.15, an example for the first stage of the BSBP algorithm is depicted.
First, the necessary transmit power to satisfy the rate requirement with a SIMO
transmission is calculated. In this example, the combination yielding the lowest
necessary transmit power of a SIMO transmission is user 5 transmits on RB #8, which
is selected in step 1. In step 2, the remaining five users are paired with user 5 and
their necessary transmit power for a V-MIMO transmission is evaluated. The user
pair consisting of users 2 and 5 achieves the lowest necessary transmit power on RB
#8 and is allocated to this RB in step 3. Now, from the remaining RBs and users in
the respective sets, the RB/user combination with the lowest SIMO transmit power
is selected. In our example, in step 4 RB 3 and user 3 are selected. In step 5, the
best user pairing for user 3 and RB 3 is tested. Finally, in the last step we obtain an
allocation, where three user pairs have been allocated to three RBs.
The second stage of the BSBP algorithm, also referred to as bandwidth extension
procedure, is depicted in Fig. 8.16. We start with the situation from the last step
in Fig. 8.15, where we have three user pairs, allocated to three RBs, and nine nonallocated RBs. Step 1 first considers the leftmost (in frequency) RB of all available
RBs. If it is still unused, which is the case in our example, this RB and all unassigned
RBs right to it up to the first assigned RB, here RB 3, are assigned to the pair on the
first assigned RB which are users 6 and 3. The same procedure is applied to the
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Figure 8.15: Example of the first stage of the BSBP algorithm with K  6 and NRB 
12.
rightmost RB and the unused RBs left to it. In this example, only the rightmost RB is
empty and therefore allocated to the pair consisting of users 4 & 1. Now, the edges of
the spectrum are allocated, but still several RBs are unused. Therefore in steps 2a to
2e, all possible contiguous allocations of these unused RBs to the left and the right
user pair, the pairs consisting of users 6 & 3 and users 2 & 5, respectively, are tested.
In step 3 finally the allocation with the lowest transmit power is chosen, which in
this example adds one RB to the left user pair and three RBs to the right user pair.
For the remaining unused RBs between the user pair in the center and the rightmost
user pair, again all possible contiguous allocations of these unused RBs to both pairs
are tested and in the last step the RBs are allocated to the rightmost user pair. The
final allocation is thereby found and given by the allocation in the last step.
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Figure 8.16: Example of the second stage of the BSBP algorithm with K  6 and
NRB  12.

8.5.2.3 Hungarian Algorithm and Binary Switching (HABS)
The idea of iteratively combining the HA and the BSA has been already introduced in
Section 8.3.5 for SC-FDMA user pairing/grouping and capacity maximization/BER
minimization. We can adapt the idea of this algorithm to our problem at hand.
First, the RBs are collected in NC  K/2 contiguous chunks of equal size, where
( NRB /NC − bNRB /NC c ) NC chunks contain bNRB /NC c + 1 RBs and all others contain
bNRB /NC c RBs. This is equivalent to a subsampling of the RP set R.
The starting point of the algorithm is a random pairing of the users. Then, the
transmit power of each given pair is calculated for all possible assignments to single
chunks. With the HA the optimal assignment of the given random pairs to the
chunks resulting in minimal overall transmit power is found. To further enhance the
result, the BSA tests all possible exchanges of two users of different pairs and selects
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Table 8.1: Simulation parameters.
ENV1
Carrier frequency fc
Power delay profile
NT × NR
BSC
Channel bandwidth
NRB
K
αPL
dmin
dmax
Gain at 1 m
Noise figure

ENV2

2 GHz
ITU-PB
1×4
15 kHz
1.4 MHz 3 MHz
6
15
8
12
3.76
10 m
400 m
−15.35 dB
8 dB

Table 8.2: Date-rate requirements relative to the requirements of the first user for
different test environments.

Equal
Unequal

ENV1

ENV2

[1 1 1 1 1 1 1 1]

[1 1 1 1 1 1 1 1 1 1 1 1]

[1 12

1 1 1 1 1 1
2 2 4 4 4 4]

[1 1 21

1 1 1 1 1 1 1 1 1
2 2 2 4 4 4 4 4 4]

the exchange yielding minimal sum transmit power. Here, HA and BSA can be
iterated multiple times. The complexity comes very close to that of the JO algorithm
for a small number of RBs and users, as has been shown in Section 8.3.6, but with
an increasing number of RBs and users it is dramatically lower than that of a full
search. In contrast to the BSBP algorithm, the HABS algorithm allocates the same
bandwidth to all users.

8.5.3 Simulation Results
The simulation parameters used for both environments, ENV1 and ENV2, considered
in the following can be found in Table 8.1. For the channel bandwidth and the number
of users K relatively small values were chosen, because we assume that only a portion
of all users in one cell are candidates for user pairing. Therefore, also only a part
of the whole spectrum (1.4 MHz or 3 MHz) will be used for user pairing of these
K users. In the following, we will only consider the K users in this spectrum used

158

Chapter 8 User Pairing/Grouping and Radio Resource Allocation

25

Sum transmit power [dBm] −→

20
15
10
5

JO
HABS
BSBP
RUPRFA
JO-ZFPA
MMSE
ZF

0

−5

−10

0

0.5

1

1.5

2

Required sum data rate [bit/s] −→

2.5

3
×106

Figure 8.17: Sum transmit power vs. required sum data rate for ENV1, equal data
rate requirements.
for user pairing. A distance dependent path loss model according to [Eur98] is
used for numerical performance evaluation. The distance between the users and the
BS, denoted by d, is uniformly distributed in the interval 0 < d ≤ dmax . To avoid
that some users have almost the same position as the BS, the distance for all users
with d < dmin is set to dmin . The path loss exponent αPL is given in Table 8.1. Two
different data rate requirement scenarios are considered. One of the scenarios has
an equal rate requirement for all users, whereas the second scenario is characterized
by unequal data rate requirements, as specified in Table 8.2. For every subframe
n, new channel realizations have been generated independently of the previous
subframe. As an upper bound for the necessary transmit power, also results for
random user pairing with randomly assigned chunks (“RUPRFA”), which has been
introduced in Section 8.1.1, are shown in the following. The HABS algorithm is
used without iterating between HA and BSA, i.e., Nit  1. For the small channel
bandwidth considered here, this enables a low computational complexity for the
HABS algorithm. Furthermore, in the considered scenario, the pairing performance
of the HABS algorithm does not significantly improve for more iterations. Compared
to FS, the complexity of the HABS algorithm is dramatically reduced for ENV2.
In Fig. 8.17, the necessary sum transmit power of all K users in time domain is
plotted versus the sum data rate of all K users. ENV1 is used and equal data rate
requirements are present. For a low required sum data rate the sum transmit power
for the ZF equalizer is slightly higher than that of MMSE equalization. The higher
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Figure 8.18: Sum transmit power vs. required sum data rate for ENV1, unequal data
rate requirements.
the required sum data rate, the closer the transmit powers of ZF and MMSE equalization approach each other. This behavior is expected because the MMSE solution
approaches the ZF solution for high SNRs. The HABS algorithm performs worst in
this scenario and only a small gain compared to random user pairing/grouping and
random frequency allocation (RUPRFA) can be obtained. However, the performance
of the novel suboptimal BSBP algorithm comes very close to that of the optimal
solution of the JO algorithm. If the optimal pairing and frequency resource allocation
is determined with the ZF power values (JO-ZFPA) instead of the MMSE power
values, the result is almost as good as that of the JO algorithm.
For an unequal data rate requirement in ENV1, results are depicted in Fig. 8.18.
Compared to equal data rate requirement, the required sum transmit power is slightly
higher for unequal data rate requirements. In this scenario, the HABS algorithm
performs significantly better than the other suboptimal algorithms in the mediumto-high data rate requirement region. A power efficiency loss of 2 dB is visible
compared to JO for a sum data rate of 3 · 106 bit/s. The transmit power of the BSBP
algorithm approaches that of random user pairing and frequency allocation for high
sum data rate. The loss compared to HABS is 5 dB. This behavior for unequal data
rate requirements of the BSBP algorithm can be explained by the unfavorable SIMO
RB allocation, where in the first iterations the users with low data rate requirements
are selected and also paired. Therefore, users with high data rate requirements
are only allocated in the last iterations of the RB allocation, and then they have a
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Figure 8.19: Sum transmit power vs. required sum data rate for ENV2, equal data
rate requirements.
dramatically reduced number of partners where the algorithm can choose from. The
performance of JO-ZFPA is again nearly the same as for JO with MMSE equalization.
The ZF and MMSE performance approach each other for high transmit powers.
For ENV2 and equal data rate requirements, Fig. 8.19 depicts the required sum
transmit power. For a low required sum data rate the performance of the suboptimal
BSBP algorithm is very close to that of JO. The HABS algorithm is always slightly
better than RUPRFA. For high required sum data rates, the suboptimal algorithms
perform almost equally well.
In Fig. 8.20, numerical results for ENV2 with unequal data rate requirements are
shown. Here, the sum transmit power curves of BSBP and HABS already cross each
other for a low-to-medium required sum data rate. The same effect has been observed
for ENV1 and unequal data rate requirements. The HABS algorithm performs
best of all suboptimal algorithms in the medium-to-high data rate requirement
region and also outperforms RUPRFA considerably. For ENV2, the performance
of JO-ZFPA is again very close to that of JO with MMSE equalization for equal as
well as unequal data rate requirements. One can conclude that for equal data rate
requirements all suboptimal algorithms perform very well. The HABS algorithm is
the best compromise of the proposed suboptimal algorithms. Especially for unequal
data rate requirements, the transmit power savings are higher compare to RUPRFA.
In contrast to the BSBP algorithm, the HABS deals well with unequal data rate
requirements.
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Figure 8.20: Sum transmit power vs. required sum data rate for ENV2, unequal data
rate requirements.

8.5.4 Conclusions
In this section user pairing, frequency assignment, and power allocation with QoS
requirements has been studied for SC-FDMA transmission. Based on the results in
Section 7.2, the optimal solution for the joint user pairing, frequency and power allocation problem under the constraints given by the SC-FDMA modulation employing
an exhaustive search has been presented. Suboptimal low-complexity algorithms
have been proposed and evaluated for different scenarios by numerical simulations.
It has been observed that the algorithms exhibit a good performance for equal data
rate requirements of different users. For unequal data rate requirements the performance of the proposed algorithms is good for low-to-medium data rate requirements,
while for high data rate requirements the HABS algorithm is the best suboptimal
algorithm.

8.6 Beamforming and QoS
In the previous section, joint user pairing, frequency allocation, and CPA, where
the transmit power is constant for all subcarriers of a user, with QoS requirements
has been considered. Now, we study joint user pairing, frequency allocation, and
BF with QoS requirements. The transmit power savings achievable by combining
BF with user pairing and frequency allocation are compared to those of CPA over
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all subcarriers assuming ZF equalization at the receiver. We omit BF for MMSE
equalization, since it has been shown in Section 7.3.1 that a closed-form solution
cannot be obtained and a numerical search is necessary to obtain the BF filter coefficients. To the best of the author’s knowledge, joint user pairing, frequency allocation,
and power allocation with BF has not been investigated before for SC-FDMA. The
following material has also been presented in [RG14b].

8.6.1 Joint User Pairing, Frequency Allocation, and BF
8.6.1.1 Overall Optimization
With the indicator variable x g,r [n] ∈ {0, 1}, where x g,r [n]  1 implies that RP R r
is used along with group Gg , the overall optimization problem for the joint user
pairing, frequency allocation and BF is given by
argmin
{x g,r [n]}

|G| X
|R|
X

t
x g,r [n] P g,r
[n],

(8.41)

g1 r1

t [n] according to (5.22), subject to the allocation constraints
with P g,r
|R|
X
r1
|G|
X
g1

x g,r [n] ≤ 1, ∀g,

(8.42a)

x g,r [n] ≤ 1, ∀r,

(8.42b)

X

|R|
X

g 0 |Gg0 ∩u ,∅ r1

x g0 ,r [n]  1, ∀u ∈ U ,

(8.42c)

R r1 ∩ R r2  ∅, ∀r1 , r2 for which ∃g1 , g2 ∈ {1, . . . , NG }
such that x g1 ,r1  1 ∧ x g2 ,r2  1.

(8.42d)

Here, (8.42a) ensures that every pair is only assigned to at most one RP. Constraint
(8.42b) ensures that all patterns can be assigned at most once. With (8.42c) every
user must be assigned to one group and RP. To guarantee that there is no overlap of
RBs in the allocated RPs (8.42d) is introduced.
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Table 8.3: Simulation parameters.
ENV1
Carrier frequency fc
Power delay profile
NT × NR
BSC
Channel bandwidth
NRB
K
αPL
dmin
dmax
Gain at 1 m
Noise figure

ENV2

2 GHz
ITU Pedestrian-B
1×2
15 kHz
1.4 MHz 3 MHz
6
15
8
12
3.76
10 m
400 m
−15.35 dB
8 dB

8.6.1.2 Algorithms
The joint user pairing, frequency allocation, and BF problem of (8.41) with the allocation constraints (8.42a) to (8.42d) is identical to the problem in Section 8.5.1 of joint
power allocation, frequency allocation, and user pairing. The only difference is that
t [n] according to (5.22) is now calculated using the BF coefficients per subcarrier
P g,r
instead of the subcarrier independent transmit power coefficients. Therefore, the
calculation of a JO solution to this overall problem is again NP-hard and a full search
has to be conducted, cf. also Section 8.5.2.1. This means that all admissible combinations of RPs and pairs have to be checked and that combination is chosen which
minimizes the cost function in (8.41). Therefore, this algorithm is only considered as
a reference providing the best achievable performance.
We can reuse the suboptimal algorithms of Section 8.5.2, designed for the power
minimization problem, for our BF problem. The only necessary change is to use the
t [n] according to (5.22).
BF case in computing the transmit power P g,r

8.6.2 Simulation Results
The simulation parameters used for both environments, ENV1 and ENV2, considered
in the following can be found in Table 8.3. Please note that the number of receive
antennas has been reduced to NR  2 compared to the previous section in order to
investigate the more challenging case where the number of users equals the number
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Figure 8.21: Sum transmit power vs. required sum data rate for ENV1, equal data
rate requirements.
of transmit antennas in the V-MIMO system. Although the remaining simulation
parameters have not changed compared to Section 8.5.3, they are revisited briefly
for the sake of completeness. A distance dependent path loss model according to
[Eur98] is used, where the distance between the users and the BS, denoted by d, is
uniformly distributed in the interval 0 < d ≤ dmax . To avoid that some users have
almost the same position as the BS, the distance for all users with d < dmin is set
to dmin . The path loss exponent αPL is given in Table 8.3. Two different data rate
requirement scenarios are used. One scenario has an equal rate requirement for all
users, whereas the second scenario has unequal data rate requirements, as specified
in Table 8.2. For every subframe n, new channel realizations have been generated
independently of the previous subframe.
In Fig. 8.21, the sum transmit power of all K users is shown versus the required
sum data rate of all K users. ENV1 is considered and equal data rate requirements
are present. For BF, the required transmit power is always lower than for CPA.
However, the gains obtained by BF also depend on the employed joint user pairing
and frequency allocation algorithm. For a random pairing and frequency allocation
(“RUPRFA”), where the users are randomly paired and randomly assigned to chunks
like at the beginning of HABS, 3 dB transmit power savings are possible. In contrast,
for the JO algorithm the transmit power savings by employing BF are negligibly
small. It can be observed that additional transmit power savings can be obtained
with BF for suboptimal and low complexity user pairing and frequency allocation
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Figure 8.22: Sum transmit power vs. required sum data rate for ENV1, unequal data
rate requirements.
algorithms. These savings are obvious for BSBP with CPA, which performs as good
as RUPRFA with BF. An additional gain of 2 dB can be achieved when BSBP is
combined with BF. The required transmit power for HABS lies between those for
BSBP and RUPRFA.
Results for unequal data rate requirements and ENV1 are depicted in Fig. 8.22.
Again, RUPRFA performs worst. For unequal data rate requirements, HABS performs better than BSBP in the medium-to-high sum data rate region. By combining
HABS with BF the sum transmit power loss compared to JO is limited to 3 dB. A
gain of 2 dB is achieved by using BF instead of CPA.
Figure 8.23 shows results for ENV2 and equal data rate requirements. For the
higher bandwidth and higher number of users of ENV2 the transmit power savings
due to BF increase. Similar to ENV1 with equal data rate requirements, BSBP is the
best suboptimal algorithm. The transmit power savings for JO with BF compared to
CPA are negligible. One can conclude that by employing optimal user pairing and
frequency allocation already well conditioned V-MIMO channels are created and
the enhancements due to additional BF are negligibly small.
Also for ENV2 with unequal data rate requirements, BF is beneficial for suboptimal joint user pairing and frequency allocation algorithms as shown in Fig. 8.24.
Compared to RUPRFA with CPA, BSBP with BF achieves transmit power savings of
8 dB and is only 3 dB away from the best achievable performance given by JO.
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Figure 8.23: Sum transmit power vs. required sum data rate for ENV2, equal data
rate requirements.
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Figure 8.24: Sum transmit power vs. required sum data rate for ENV2, unequal data
rate requirements.
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In summary, we can conclude from the simulation results that an optimal joint
user pairing and frequency allocation at the BS can nearly achieve the same power
efficiency with CPA as with BF. For well designed suboptimal joint user pairing and
frequency allocation algorithms a trade-off needs to be found. This means, if it is
possible to signal the BF coefficients with reasonable effort, BF should be used.

8.6.3 Conclusions
In this section joint user pairing, frequency allocation, and BF with QoS requirements
has been studied for a V-MIMO SC-FDMA transmission. This study is based on the
results obtained for the BF filter coefficient optimization for a given rate requirement,
assuming a ZF equalizer at the BS, which has been investigated in Section 7.3. Simulation results show that for random user pairing and frequency allocation significant
transmit power savings can be achieved by using BF instead of CPA. For suboptimal
joint user pairing and frequency allocation algorithms, significant transmit power
savings compared to a random user pairing and frequency allocation can be already
achieved with CPA, and additional power savings are obtained by BF. For optimal
joint user pairing and frequency allocation the BF gain is negligible.

8.7 Fair Data Rate Maximization & Influence of
Erroneous CSI
In Section 7.1, algorithms for CSI acquisition have been investigated. For all user
pairing/grouping algorithms that have been investigated in this thesis so far, perfect
CSI has been assumed. In the following, we consider the maximization of the data
rate with fairness constraints according to (8.19), which has been extensively studied
by [KHK10] and [FLY12] in the literature. Thus, the focus of this section is mainly
on the interpolation and prediction of the CSI from the LS estimates of the receive
observations of the SRSs. This leads to imperfect CSI for user pairing. The influence
of the inaccurate CSI on user pairing algorithms (NU  2) will be investigated in the
following. We note that in contrast to Sections 8.5 and 8.6, where transmit power
minimization for QoS requirements has been investigated, this section focuses on
maximizing the achievable data rate with fairness constraints. It is possible to draw
inferences from these results with respect to the influence of erroneous CSI on
BER minimization and power minimization under QoS constraints. The following
material has also been presented in [RMG13] and [RMG14].
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8.7.1 Joint User Pairing and Frequency Allocation
8.7.1.1 Problem Formulation
We employ the achievable data rate maximization with fairness constraints of Section 8.1.5. Therefore, the joint user pairing and frequency allocation problem consists
in finding the combination yielding the highest achievable sum metric which is defined in (8.19). With the indicator variable x g,r [n] ∈ {0, 1} the overall optimization
problem [FLY12] for the joint user pairing and frequency allocation is given by
argmax

|G| X
|R|
X

{x g,r [n]}

x g,r [n] Ω g,r [n]

(8.43)

g1 r1

subject to the allocation constraints
|R|
X
r1
|G|
X
g1

x g,r [n] ≤ 1, ∀g,

(8.44a)

x g,r [n] ≤ 1, ∀r,

(8.44b)

X
g 0 |Gg0 ∩u ,∅

|R|
X
r1

x g0 ,r [n] ≤ 1, ∀u ∈ U ,

(8.44c)

R r1 ∩ R r2  ∅, ∀r1 , r2 for which ∃g1 , g2 ∈ {1, . . . , NG }
such that x g1 ,r1 [n]  1 ∧ x g2 ,r2 [n]  1.

(8.44d)

Here, (8.44a) ensures that every pair is only assigned to at most one RP. Constraint
(8.44b) ensures that all patterns can be assigned at most once to a group. With (8.44c)
every user can be assigned to at most one group and one RP. To ensure that there
is no overlap of RBs in the allocated resource patterns (8.44d) is introduced. Please
note, that with the allocation constraints given by (8.44c), where “≤” is demanded
instead of “” in the optimization problems of previous sections, some users might
pause for certain subframes. This is balanced in a fair way by the metric in (8.18).
For the user pairing/grouping considered in the previous sections of this chapter,
each user had to be allocated in every subframe.

8.7 Fair Data Rate Maximization & Influence of Erroneous CSI

169

8.7.1.2 Algorithms
The JO solution can be found by testing all possible choices for x g,r [n] in (8.19) under
the constraints (8.44a) to (8.44d). Since this is an NP-hard linear integer optimization
problem, several reduced complexity suboptimal algorithms have been proposed in
the literature.
In Section 8.3, it has been proposed to reduce the number of RPs and only use
RPs with (as far as possible) equal size, which are called chunks. First the users are
randomly paired and then these random pairs are assigned to the chunks in such a
way that the metric is maximized for the given pairs. The HA [Kuh55] allows for
a low complexity metric maximization in this case. By exchanging users between
the pairs with the BSA [ZG90], the solution is further enhanced. The algorithm is
again referred to as HABS algorithm in the following. In contrast to Section 8.3, we
consider a different metric according to (8.18) in this section.
In contrast to this, the algorithm FAN in [FLY12] determines the pair with the best
metric for every single RB. Then the available set of pairs is restricted to the pairs
performing best for at least one RB. From this set the pair with the highest overall
metric is assigned to the RB where it performs best and then removed from the set.
All pairs containing these users are also removed from the set. Again, the RB and
pair with the highest metric of the remaining set is assigned and this procedure
is repeated until the set of pairs is empty. The fairness contained in the metric
definition ensures that users which were not allocated in previous time steps will be
contained in the set of pairs due to their high metric value. The gaps in frequency
domain between the allocated users are filled with the so called bandwidth extension
algorithm which has been introduced in Section 8.5.2.2. Here, the idea is to assign
the unused RBs between two pairs in a fair manner to both pairs. This is done in
such a way that an almost equal metric is achieved for both pairs. For details, please
cf. [FLY12].
Similar to the previous algorithm, the algorithm KIM in [KHK10] also first assigns
users to RBs. The difference to the algorithm from [FLY12] is that first a SIMO
metric is employed for searching the best user/RB combination from the set of all
available users. Then the partner maximizing the V-MIMO metric for this user/RB
combination is searched from the remaining set of users, removed from the set, and
the corresponding pair is assigned to this RB. For the remaining set of users this
procedure is repeated with searching the best SIMO metric and afterwards the best
V-MIMO pair until the remaining set is empty. Again, exactly like in [FLY12] the
gaps between the assigned RBs are filled with the bandwidth extension algorithm.
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Table 8.4: Simulation parameters.
Carrier frequency fc
Power delay profile
Number of receive antennas NR
Subcarrier bandwidth BSC
Channel bandwidth
Number of RBs NRB
Number of users K
Forgetting factor ε

2 GHz
ITU-PB
2
15 kHz
1.4 MHz / 3 MHz
6 / 15
8 / 12
1/50

As a reference, again random user pairing and random frequency allocation,
referred to as “RUPRFA”, can be used. This algorithm randomly pairs users and
assigns the formed pairs randomly to chunks of equal size. All users are admitted
for every subframe and fairness is guaranteed by assigning the same number of RBs
to each of them. For the algorithm algorithm from [FLY12] (FAN), it can happen
that some users are not allocated in every subframe. However, due to the fairness
incorporated into the metric, such users will be favored for future allocations.
To demonstrate the gain in terms of the achievable data rate of the system compared
to frequency allocation without user pairing, a SIMO transmission with optimal
frequency assignment will also be evaluated as a reference.

8.7.2 Simulation Results
The simulation parameters used for the following results can be found in Table 8.4.
First, we investigate the achievable data rate of the system versus the SNR, which
is defined as SNR  ( σh2 σs2 ) /σn2 , where σh2 is defined in (7.3). User pairing and
resource allocation is conducted based on the interpolated and predicted CSI, and
the achievable data rate of the system is evaluated according to the true CSI. For the
simulations, perfect knowledge of the user velocity and statistical channel properties
is assumed. Fairness is not analyzed in the following, since it has been shown in
[FLY12] that the fairness is very good for all considered algorithms. The decrease
of the achievable data rate of the system due to the transmission of the SRSs has
been taken into account. The achievable data rate in all simulations is averaged over
several random initializations of the channel state of all users in the cell. For every
initialization, multiple subframes are simulated to observe the influence of the user
velocity on the achievable data rate. In the following, we assume that for detection
and MMSE equalization of the payload data, perfect CSI is available in order to
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Figure 8.25: Achievable data rate vs. SNR for L f  6, Lt  6, D  5, ITU-PB, v 
40 km/h, 8 users, 1.4 MHz channel bandwidth.
investigate the effect of CSI acquisition on user pairing and resource allocation
independently of the influence of channel estimation algorithms for detection and
equalization. A full buffer scenario was simulated, where all users always want to
transmit. As an upper performance bound the performance of a full search with
perfect CSI (JO perf.) has been obtained for the simulations with 1.4 MHz channel
bandwidth (6 RBs) and 8 users. For the system with 3 MHz bandwidth (15 RBs)
and 12 users results for full search could not be obtained due to the high number of
possible combinations.
In Fig. 8.25, the overall data rate of the cell for 1.4 MHz channel bandwidth and
8 users is depicted. The filter lengths for channel interpolation and prediction,
respectively, are L f  Lt  6 and the users transmit the SRSs every fifth subframe
(D  5), cf. Section 7.1. A user velocity of v  40 km/h is assumed. The achievable
data rate of a SIMO transmission with optimal RRA, but also based on the acquired
CSI, which is used as a reference, is always worse than that of a V-MIMO transmission
with JO user pairing for the depicted SNR range. For low SNR values, suboptimal
user pairing algorithms perform only slightly worse than SIMO. However, for
SNR values higher than 6 dB all user pairing algorithms, except random pairing,
outperform SIMO transmission. The slope of the curves of all V-MIMO transmission
schemes is higher than that of SIMO transmission due to the multiplexing gain
resulting in an increase in degrees of freedom (DoF). The loss due to channel
interpolation and prediction is less than 0.5 dB when comparing JO with JO and
perfect CSI (JO perf.). All three suboptimal user pairing algorithms perform quite
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Figure 8.26: Achievable data rate vs. SNR for L f  2, L t  2, D  5, ITU-PB, v 
40 km/h, 8 users, 1.4 MHz channel bandwidth.
similar, where the performance of FAN is slightly better. The gap to JO is about
2 dB, but also a gain of more than 2 dB compared to random user pairing and
frequency allocation (RUPRFA) can be achieved. For medium-to-high SNR, RUPRFA
outperforms SIMO transmission.
When reducing the length of both filters to Lf  L t  2 for Fig. 8.26, a significant
data rate degradation occurs. A loss of more than 1 dB in SNR can be observed for
JO compared with JO perf. This shows that the filter length L f  L t  6 used for
Fig. 8.25 is a decent choice. Results for Lf  L t  4 (not shown here) also exhibit a
small data rate degradation compared to the results of Fig. 8.25. When increasing
the filter length to values above Lf  L t  6 a further performance improvement
could not be observed.
For the case where every user transmits its SRSs only in every 10th subframe, the
results are depicted in Fig. 8.27. Here, a data rate gain for JO perf. compared to
D  5 in Fig. 8.25 is visible due to the reduced overhead. However, already for the
considered user velocity of 40 km/h the channel prediction is not capable anymore to
reliably predict the channel state, resulting in a significant performance degradation.
The gain of all user pairing algorithms compared to RUPRFA decreases to less than
2 dB. Therefore, already for a medium user velocity the SRSs should be transmitted
as often as possible, considering the limit given by the number of users in the cell,
to achieve the best possible pairing results, which on the other hand will decrease
the maximal achievable data rate for perfect CSI.
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Figure 8.27: Achievable data rate vs. SNR for L f  6, L t  6, D  10, ITU-PB, v 
40 km/h, 8 users, 1.4 MHz channel bandwidth.

×106
9

JO perf.
JO
FAN
KIM
HABS
RUPRFA
SIMO

Achievable data rate [bit/s] −→

8.5
8
7.5
7
6.5
6
5.5
5
4.5
4

0

50

100

User velocity [km/h] −→

150

200

Figure 8.28: Achievable data rate vs. user velocity, 10 log10 (SNR)  10 dB, L f  6,
L t  6, D  5, ITU-PB, 8 users, 1.4 MHz channel bandwidth.
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Figure 8.29: Achievable data rate vs. SNR for L f  6, L t  6, D  10, ITU-PB, v 
3 km/h, 12 users, 3 MHz channel bandwidth.
Based on the previous observations, it is interesting to investigate the dependency
of the achievable data rate on the user velocity. Fig. 8.28 depicts the data rate versus
the user velocity for 10 log10 (SNR)  10 dB. All parameters, except user velocity, are
the same as for Fig. 8.25. Due to faster changing fading conditions, the achievable
data rate for perfect CSI, exploited in JO perf., increases for higher user velocity.
For low user velocity, the fading changes so slow over time that users must be also
scheduled for unfavorable channel conditions to maintain the fairness. In contrast, for
high user velocity the fading changes faster and users can pause during unfavorable
channel conditions without a significant influence on the fairness. The data rate gain
enabled by the faster changing fading conditions can also be achieved for increasing
user velocity up to a certain threshold for JO and FAN. However, as soon as the user
velocity exceeds 30 km/h the channel interpolation is not precise enough for these
algorithms to deal with the rapidly changing channel conditions and a degradation
occurs. The KIM and HABS algorithms are more sensitive with respect to erroneous
CSI and degrade already for lower user velocity. Obviously, random user pairing is
independent of the CSI and is not influenced by the user velocity. For a user velocity
exceeding 200 km/h, which is not shown in Fig. 8.28, the HABS algorithm performs
worse than random user pairing and wrong CSI leads to decisions for pairing and
frequency allocation that degrade the performance compared to random decisions.

8.8 Summary
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Results for an increased channel bandwidth of 3 MHz and 12 users are depicted
in Fig. 8.29. The user velocity is set to 3 km/h and D  10.4 As a reference the
performance of the algorithm KIM from [KHK10] with perfect CSI (KIM perf.)
is depicted. The results for the suboptimal algorithms are all again very similar,
where KIM is slightly better than the FAN and the HABS algorithm. SNR gains of
more than 3 dB compared to RUPRFA are possible in the high SNR regime. A loss
compared to perfect CSI is noticeable but does not exceed 0.5 dB for KIM in this
scenario. Therefore, the conclusions drawn for a channel bandwidth of 1.4 MHz can
be confirmed for 3 MHz.

8.7.3 Conclusions
In this section user pairing and frequency allocation has been studied for fair data
rate maximization. The main focus has been to investigate the influence of imperfect
CSI on the achievable data rate. Based on the scenario given by the LTE standard,
MMSE filters for channel interpolation in frequency domain and channel prediction
in time domain, derived in Section 7.1, have been tested with different user pairing
algorithms. Simulation results show that for slowly moving MSs the channel prediction performs very good. Even with relatively short filter lengths the achievable data
rate gain of user pairing and frequency allocation algorithms compared to random
user pairing and random frequency allocation is considerably high. However, for
a high user velocity the gain of user pairing and frequency allocation diminishes.
Some suboptimal algorithms exhibit an enhanced robustness against erroneous CSI.
One can conclude that V-MIMO transmission is beneficial in the uplink of LTE
also under realistic assumptions for CSI acquisition. For medium-to-high SNR
values, reduced complexity algorithms for pairing and frequency allocation might
be used to realize the potential data rate gain. Even for low SNR values the loss of
suboptimal V-MIMO algorithms compared to SIMO transmission is very small such
that V-MIMO transmission can also be employed for this case.

8.8 Summary
User pairing and grouping for an SC-FDMA V-MIMO transmission have been considered in this chapter. First, several criteria for user grouping have been introduced,
where the channel capacity, the BER, the transmit power for a given rate constraint,
and the achievable data rate with fairness constraints have been considered. As a
4 Here,

it is not possible to use D  5 due to the increased number of users compared to the previous
results.

176

Chapter 8 User Pairing/Grouping and Radio Resource Allocation

very basic scheme, user pairing in time direction has been suggested, where pairs
transmit in subsequent time slots. It has been shown that the optimal solution to
this problem can be efficiently computed via the Blossom Algorithm.
Joint frequency allocation and user grouping has been considered in Section 8.3.
First, the optimization problem has been stated. Since the problem is NP-hard, the
suboptimal complexity reduced HABS algorithm has been proposed. The complexity of the proposed algorithm has been compared to that of an exhaustive search
and simulation results exhibited a performance close to that of the optimal algorithm. The codebook aided, GVQ based, algorithm with a very low complexity has
been proposed in the subsequent section which enables a simple tradeoff between
complexity and performance.
In Sections 8.5 and 8.6, transmit power minimization under QoS constraints has
been considered. The optimization problem has been formulated and novel suboptimal algorithms with low complexity have been proposed. Simulation results have
revealed that the reduced complexity algorithms perform very well. Furthermore, it
has been observed that BF gains reduce for well designed user pairing algorithms.
For perfect user pairing, the performance of BF and CPA is almost equal, i.e., user
pairing optimizes the V-MIMO channel already very well.
Imperfect CSI and maximization of the achievable data rate under fairness constraints has been considered in the last section. Based on the derivations in Section 7.1,
the influence of channel acquisition errors on the achievable data rate of several user
pairing algorithms, some proposed in this thesis and others from the literature, has
been investigated. It has been observed that channel acquisition can be performed
very reliably for slowly moving users, whereas for medium-to-high user velocity a
significant degradation results and the gains of advanced user pairing algorithms
shrink with increasing user velocity compared to random pairing and resource
allocation.
We can conclude that user pairing is an attractive option to increase the spectral
efficiency in the uplink of LTE, where only a single transmit antenna can be assumed.
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Conclusion
Conclusions for Part I – OSC Downlink
Transmission
In this thesis, user pairing for orthogonal sub-channels (OSC) downlink transmission
has been considered. First, the system model of a Voice services over Adaptive Multiuser channels on One Slot (VAMOS) downlink transmission has been introduced,
which is based on the OSC concept. Furthermore, the enhancements compared to the
Global System for Mobile Communications (GSM) with Gaussian minimum-shift
keying (GMSK) transmission have been outlined. Advanced receiver architectures
enable the full network capacity gain which is possible with the VAMOS concept.
Therefore, several receiver algorithms have been proposed for an OSC downlink
transmission. Two joint channel and subchannel power imbalance ratio (SCPIR)
estimation algorithms have been proposed and their performance has been compared to the lower bound for the estimation error, given by the Cramer-Rao lower
bound (CRB) which has also been derived in this work for the first time. Equalization and interference cancellation techniques have been introduced and link-level
simulations have indicated the achievable frame error rate (FER) performance gains
of the novel VAMOS mono interference cancellation (V-MIC) receiver. Furthermore,
a novel receiver for asynchronous co-channel interference (ACCI) scenarios has
been proposed, where a generalized Gaussian probability density function (pdf)
has been assumed to model the impairment. Simulation results show a significant
FER performance improvement for cases where the asynchronous interferer does
not overlap the training sequence. Finally, a radio resource allocation (RRA) algorithm for VAMOS, including user pairing and power allocation, has been proposed.
The RRA problem has been shown to be a standard combinatorial optimization
problem and an efficient solution, assuming lack of knowledge about instantaneous
interference and channel conditions due to frequency hopping (FH), has been sug-
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gested. Simulations of the network capacity with a network simulator demonstrate
significant gains compared to a legacy GSM transmission due to the proposed RRA
algorithm. Furthermore, the proposed receiver algorithms have been evaluated in
this network simulation. By combining the proposed V-MIC receiver with the RRA
algorithm, the network capacity has been shown to be doubled compared to a GSM
network with GMSK transmission.
Modeling ACCI with a generalized Gaussian pdf for the metric calculation is
applicable to arbitrary modulation alphabets, which makes this also a candidate for
ACCI cancellation for higher-order modulation alphabets. This should be evaluated
in more detail in future work. Furthermore, the evolution of GSM has not finished
with the standardization of VAMOS. Several new extensions to GSM are currently
discussed within the 3rd Generation Partnership Project (3GPP) GSM EDGE Radio
Access Network (GERAN) group. Some interesting examples are virtual multipleinput multiple-output (MIMO) (V-MIMO) transmission in the uplink of GSM and
OSC transmission with user grouping, i.e., more than two users in the same time slot
and frequency resource. For this, also concepts from Part II, where a single-carrier
frequency-division multiple access (SC-FDMA) transmission is considered, might
be adapted for GSM in future work, based on the proposed algorithms of Part I.

Conclusions for Part II – SC-FDMA Uplink
Transmission
In the second part of this thesis, user pairing and grouping for SC-FDMA uplink
transmission have been considered. First, the system model of a V-MIMO SC-FDMA
transmission, which is employed in the uplink of Long Term Evolution (LTE), has
been introduced. The LTE resource allocation in time and frequency direction has
been revisited. Different receiver algorithms for a V-MIMO SC-FDMA transmission
have been proposed. An algorithm for channel acquisition based on sounding reference signals (SRSs) has been suggested, where interpolation in frequency direction
and prediction in time direction have been performed independently. Power allocation as well as beamforming (BF) for a given pair and quality of service (QoS)
requirements in form of a prescribed data rate have been investigated. A significant
transmit power reduction can be obtained by employing BF instead of a constant
power allocation (CPA) for all subcarriers. Finally, user pairing/grouping has been
studied. Several pairing/grouping criteria have been discussed. User pairing in
time direction as well as joint user grouping and frequency allocation have been
considered. For the former, an optimal low complexity solution has been proposed,
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based on algorithms for combinatorial optimization. The latter cannot be solved
optimally with low complexity algorithms because it is a multi-dimensional assignment problem. Therefore, several suboptimal algorithms with low complexity have
been proposed which perform very close to the optimal solution. Furthermore, user
pairing has also been considered with QoS requirements in form of a prescribed
data rate. Suboptimal, low complexity algorithms solving the optimization problem
for CPA and BF have been introduced. Simulation results exhibit that the performance of CPA approaches that of BF for optimal user pairing, which shows that
user pairing already achieves a large portion of the possible total gain by optimizing
the V-MIMO channel via an intelligent pairing algorithm. Finally, the influence of
erroneous channel state information (CSI) on the user pairing performance has been
studied. It has been shown that only slowly moving users should be included in
user pairing, if the full possible gain should be achieved.
The restriction that only one transmit antenna can be used is encountered very
often for handsets. A V-MIMO transmission, including user pairing/grouping,
is therefore a very promising solution for many other transmission scenarios as
well. Also the majority of publications on massive MIMO transmission assume
only one transmit antenna at the mobile station (MS) [Mar10]. We believe that
especially in the transition period from “classical” MIMO transmission to a massive
MIMO transmission, the number of receive antennas will increase step-by-step. This
results in a “not so massive” number of receive antennas, where user grouping for
V-MIMO transmission is expected to yield a significant network performance gain
in contrast to the asymptotic limit case of a large number of receive antennas. This
very promising idea should be studied in future work.
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Appendix A
Combinatorial Optimization
In this thesis, several combinatorial optimization problems are considered. Therefore,
this chapter gives a short overview of the concepts from combinatorial optimization
relevant for this work. First, we give a short introduction and differentiation of
combinatorial optimization from other problems. Second, we briefly introduce the
concept of a graph. Then matching problems, a subfield of combinatorial optimization, are considered. Bipartite as well as nonbipartite weighted matching problems
are investigated and algorithms for both are introduced. At the end of this appendix,
a short overview of multi-dimensional matching problems is given.

A.1 Combinatorial Optimization
Combinatorial optimization is a subset of the general optimization problems, where the
“best” configuration or set of parameters is searched that achieves some optimization
goal [PS98]. The most general optimization problem is the nonlinear programming
problem, where the optimization goal is to find the vector x minimizing a scalar function f (x) subject to some inequality constraints g i (x) ≤ 0 and equality constraints
h j (x)  0, with i  {1, . . . , m} and j  {1, . . . , n}.
This problem is called a convex programming problem, when f ( · ) is convex, g i ( · )
convex and h j ( · ) linear. Furthermore, when f ( · ) , g i ( · ) , and h j ( · ) are linear, this
problem is a linear programming problem. The linear programming problem is often
called a combinatorial problem, since the solution to the problem is from a finite set
of possible solutions [PS98].
Of special importance for this work are certain linear programs, the two-dimensional flow and matching problems. Some of these problems can be solved more
efficiently than general linear programs. They have the restriction that the best-cost
solution must have integer-valued coordinates. Therefore, the flow and matching
problems can also be interpreted as integer linear programs. However, the general
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Figure A.1: Relation between different optimization problems according to [PS98].
integer linear programming problem itself is nondeterministic polynomial time (NP)complete [PS98].
Figure A.1 summarizes the connection between the different problems. Later in
this chapter we will have a closer look at matching problems, since these problems
very often arise in the context of user pairing and resource allocation. To describe
these algorithms we first need to revisit the concept of graphs.

A.2 Graphs
In this section we will only review the standard definitions and notation necessary
to understand graphs. It is important to take a closer look at graphs because they
are a powerful tool to describe combinatorial optimization problems graphically.
An undirected graph G is a pair G  (V, E ) , where V denotes the finite set of vertices
and E contains elements, with cardinality two each, that are subsets from V and are
called edges [PS98]. A directed graph, also called digraph, is a pair D  (V, A ) , where
V is again a set of vertices and A is a set of ordered pairs of vertices, called arc. In
contrast to edges, arcs have a predefined order.
Figure A.2 shows an example for a graph (left hand side) and a digraph (right
hand side). The graph of this example is given by
G  ( {v 1 , v2 , v3 , v4 }, { ( v1 , v2 ) , ( v 1 , v 3 ) , ( v1 , v4 ) , ( v2 , v4 ) , ( v 3 , v4 ) } ) ,

A.2 Graphs
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Figure A.2: Example of a graph and a digraph [PS98].
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Figure A.3: Example of a bipartite graph [PS98].
where v i , i ∈ N, denotes the vertices and the edges between two vertices are denoted
by ( v i , v j ) , with i , j, where N denotes the set of positive integers. The digraph in
Fig. A.2 is given by
D  ( {v 1 , v2 , v3 , v4 }, {[v1 , v2 ], [v 2 , v 4 ], [v3 , v1 ], [v3 , v4 ], [v 4 , v 1 ], [v4 , v2 ]} ) ,
where an arc from vertex i to vertex j is denoted by [v i , v j ].
Of special importance for matching problems are bipartite graphs. If we have a
graph B  (W, E ) , where the vertices W can be partitioned into two disjoint sets,
V and U, and each edge in E has one vertex in V and one vertex in U, then this
graph is called a bipartite graph [PS98]. An example for a bipartite graph can be
found in Fig. A.3. For a complete bipartite graph, edges connect all vertices V with all
vertices U. Obviously, for bipartite graphs no edges between vertices of V or U,
respectively, are allowed.
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Figure A.4: Example of a matching in a graph [PS98].
If we consider the basic graph G  (V, E ) and introduce an additional function
ω from E to R+ , this graph is called a weighted graph, where R+ denotes the set of
positive real-valued numbers. Therefore, also the values of ω for every edge are
called weights. Sometimes these values are also referred to as costs or distances,
depending on the problem that should be described by the graph.

A.3 Matching Problems
With the definitions of a graph from the previous section we can now have a
closer look at the matching problems. A matching M of a graph G  (V, E )
is a subset of the edges with the property that no two edges of this matching
share the same node [PS98]. In Fig. A.4 a graph is depicted. The matching M1 
{ ( v2 , v 3 ) , ( v 4 , v 5 ) , ( v 6 , v8 ) , ( v7 , v10 ) } is marked by thick lines. It is also possible
to create a matching M2  { ( v1 , v2 ) , ( v3 , v5 ) , ( v4 , v7 ) , ( v6 , v8 ) , ( v9 , v10 ) } in this
graph, where M2 is a maximum matching since a matching of G can never have
more than |V |/2 edges. For general graphs, maximum matchings can also have
less than |V |/2 edges, but they always have the highest number of edges possible
within this graph. With these definitions, we can now define the matching problem
as: Find a maximum matching M for a given graph G [PS98]. When the cardinality
of a matching is b|V/2|c, this matching is called a perfect matching. Obviously, if a
perfect matching exists, it is also a maximum matching.
The matching problem for bipartite graphs is a special case of the matching
problem discussed above. In Fig. A.5 thick lines mark a perfect matching in this
bipartite graph. Finding a perfect matching for bipartite graphs is less complex than
solving the matching problem for nonbipartite graphs.

A.4 Weighted Matching Problems
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Figure A.5: Example of a bipartite matching in a graph [PS98].

A.4 Weighted Matching Problems
Until now, the unweighted matching problem has been considered. In the application
of matching algorithms in communications, we usually want to optimize some cost
or weight function, e.g., minimize the transmit power, maximize the achievable data
rate, or minimize the bit error rate (BER). This leads to the class of weighted matching
problems. As mentioned before, besides the graph G  (V, E ) , for weighted graphs
a number w i, j ≥ 0 for each edge ( v i , v j ) ∈ E is given, called weight. The task
is to find a matching of G with the largest possible sum of weights. Obviously,
unweighted matching problems (sometimes also referred to as cardinality matching
problems) can be considered as a special case of the weighted matching problem,
where w i, j  1 for all ( v i , v j ) ∈ E.
We can always assume that we are dealing with a complete graph, i.e., there
exist edges between all nodes, because we can add the missing edges and set their
weight to zero. Furthermore, we can also assume that we have an even number of
nodes, because an additional node can be added with edges of all zero incident on it
[PS98]. For the bipartite weighted matching problem we can assume that the graph
is a complete bipartite graph with two equally sized sets of nodes. The optimum
solutions will always be complete matchings and it is possible to formulate these
problems as minimization problems by considering the costs c i, j  W − w i, j , with a
variable W larger than all w i, j [PS98].
The bipartite weighted matching problem is also known as the assignment problem
[BDM09] and we will refer to it with the latter term. In the following, we will first
consider assignment problems and outline an algorithm that solves the assignment
problem in O ( |V | 3 ) arithmetic operations for a bipartite graph with 2 · |V | nodes.
The nonbipartite case is considered afterwards, and an algorithm for solving this
problem with the same complexity order of the algorithm for the assignment problem
is introduced.
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A.4.1 Assignment Problems
We want to obtain an algebraic formulation of the assignment problem in the following. For this, we introduce the indicator variable x i, j ∈ {0, 1}, with i ∈ {1, . . . , N },
j ∈ {1, . . . , N }, where N is the number of nodes in the node sets of the complete
bipartite graph B  (V, U , E ) . The assignment problem is given by
min

N X
N
X

{x i, j }

c i, j x i, j ,

i1 j1

w.r.t.
N
X
j1
N
X
i1

x i, j  1 ∀i ∈ {1, . . . , N },

(A.1)

x i, j  1 ∀j ∈ {1, . . . , N }.

Here, c i, j ≥ 0 denotes the cost of edge ( v i , u j ) .
This problem has been studied already many years ago and an efficient algorithm
has been proposed by Munkres [Mun57] and Kuhn [Kuh55] in the 1950s which is
well known as the Hungarian algorithm (HA). A detailed description of the HA can
be found in Chapter 4 of [BDM09]. Also different implementations of the HA w.r.t.
the computational complexity are introduced in [BDM09]. Modern implementations
have a computational complexity of O ( N 3 ) .
The input of the HA is the N × N cost matrix C, with [C]i, j  c i, j and the output is
the N × N assignment matrix X. This assignment matrix X can be interpreted as a permutation matrix [BDM09], where [X]i, j  x i, j is valid. A MATLAB implementation
of the HA can be found, e.g., in [Bue08].
Let us consider a small example of an assignment problem. We have four workers
and four different tasks. In our bipartite graph the workers are in the set V and the
tasks are in the set U. If we assume each worker can perform any task, we have a
complete graph. Furthermore, we assume that only one task can be assigned to a
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worker. The costs of assigning task i to worker j is given by the cost function c i, j .
The cost matrix is given by




C  



4
6
2
3

3
4
6
1

2
2
5
4

5
3
3
4



 .




(A.2)

Each column in (A.2) stands for the costs of assigning one worker to the different
tasks. Likewise, each row stands for the costs of assigning this task to each worker.
By applying the HA, the optimal solution to the problem at hand is found as ( i, j ) 
{ (1, 3) , (2, 4) , (3, 1) , (4, 2) } with a total cost of 8. This solution satisfies all constraints
and is the solution with minimal cost. It is obvious to see, that for some cost matrices
multiple optimal solutions of the assignment problem exist. The HA will only return
one minimum cost solution and different implementations of the HA can return
different assignments in this case. This is no problem, since we are only interested in
one minimal cost solution and are not interested how many optimal solutions exist.
For radio resource allocation (RRA) in mobile communication systems, assignment
problem arises frequently. In this thesis, an assignment problem is for example the
allocation of predefined pairs to frequency chunks. Here, the HA can be used to
solve this RRA problem optimally with low computational complexity.

A.4.2 Nonbipartite Weighted Matching Problems
Nonbipartite weighted matching problems cannot be solved by the HA in general.
As has already been discussed before, the set of nodes cannot be separated into
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disjoint sets for these problems. Therefore, all nodes in the graph are connected
with each other and can be matched. The optimization problem can be stated by
min

N X
N
X

{x i, j }

c i, j x i, j ,

i1 j1

w.r.t.
N
X
j1

x i, j  1 ∀i ∈ {1, . . . , N },

(A.3)

x i,i  ∞,
x i, j  x j,i ,
where we assume that N is even and x i, j ∈ {0, 1} is again an indicator variable. We
must exclude the case that a node is matched with itself. Furthermore, since we have
an undirected graph, a matching of ( i, j ) is also a matching of ( j, i ) .
The first algorithm that solved the perfect weighted matching in nonbipartite
graphs efficiently was proposed by Edmond [Edm65]. This algorithm has a computational complexity of O ( N 4 ) . Based on Edmond’s algorithm for computing a
minimal cost perfect matching in a graph, several algorithms with lower computational complexity have been proposed. A state of the art implementation with low
complexity has been proposed in [Kol09]. Algorithms that solve this problem are
usually called “Blossom” algorithms. As stated in [Kol09], current implementations
of the Blossom Algorithm solve the problem with a computational complexity of
O ( N |E |ln ( N )) , where |E |  N 2 − N for a full graph.
Let us consider an example for the optimization problem in (A.3). We have a set
of N users, where N is assumed to be even, and the task is to create pairs, with two
users each. For each user the costs for pairing this user with all the other users is
given. These costs can be collected in the cost matrix C, with [C]i, j  c i, j  [C] j,i 
c j,i . Obviously, this cost matrix must be symmetric, since we are dealing with an
undirected graph and the cost for the pairing of two users only depends on the users
in the pair but not on the order of the users in the pair. The main diagonal elements
of the cost matrix C can be set to ∞ or a value much greater than the maximum value
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of the off-diagonal elements. Therefore, the symmetric cost matrix for an exemplary
pairing is given by




C  



∞ 3 4 7 

3 ∞ 5 9 
.
4 5 ∞ 2 

7 9 2 ∞ 

(A.4)

The optimal solution { (1, 2) , (3, 4) } with overall cost 5, obtained by the Blossom
Algorithm is not difficult to find. For N  4, a full search over all 2N!
N/2 possible
pairings is trivial, however for increasing N the computational complexity of trying
all possible pairings would be too high.
It is also possible to formulate the weighted matching problems as integer linear
programs, cf. [KV12].
Nonbipartite weighted matching problems arises frequently for RRA in mobile
communication systems. In this thesis, the Voice services over Adaptive Multiuser channels on One Slot (VAMOS) user pairing problem and the pairing in time
direction for Long Term Evolution (LTE) in Chapters 4 and 8, respectively, are
nonbipartite weighted matching problems. Therefore, the Blossom Algorithm can be
employed to find an optimal solution to both RRA problems with low computational
complexity.

A.5 Multi-Dimensional Matching Problems
The previous discussions have been limited to the two-dimensional case. However, also multidimensional matching problems can be encountered in wireless
communications, e.g., the joint user pairing and frequency allocation problem in
Chapter 8, which is a three-dimensional matching problem. The formal definition
of a three-dimensional matching problem if given in [PS98]: We consider three sets
U, V, and W of equal cardinality and the subset T , which is from U × V × W.
The three-dimensional matching problem is to find a subset M of T with |M|  |T |
such that ( u, v, w ) and ( u 0 , v 0 , w 0 ) are distinct triples in M, i.e., u , u 0, v , v 0, and
w , w 0 [PS98].1 In [PS98] it is proven that three-dimensional matching problems
are NP complete and also a formal definition for NP completeness can be found
therein. The most important property of NP complete problems is that no algorithm
is known that can solve these problems in polynomial time.

1 Please

note that, in contrast to Section A.4, w does not denote the weights here, but vertices.
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An example for a three-dimensional matching problem is the so-called time table
problem [BDM09]. Here, the task is the assignment of N courses to N time slots and
to N rooms. The assignment of course i to time slot j in room k has costs c i, j,k , with
i, j, k ∈ {1, . . . , N }. The task is to find an assignment of the courses to time slots
and of the courses to rooms such that the costs are minimal. This problem has ( N!) 2
feasible solutions and the finding the minimum cost solution is an NP complete
problem [BDM09].
For these kind of problems, no general, reduced complexity algorithms do exist
that find a suboptimal, however close-to-optimal, solution. Therefore, suboptimal
algorithms with reduced complexity must be developed for the specific problem at
hand.

A.6 Summary
In this appendix, the fundamentals of combinatorial optimization have been briefly
summarized. Based on graph theory, matching problems have been introduced
and the special case of weighted matching problems has been investigated. Here,
assignment problems, i.e., bipartite weighted matching problems, have been considered and the HA has been mentioned which solves this problem in polynomial
time. Furthermore, nonbipartite weighted matching problems have been introduced.
The Blossom Algorithm, which solves these problems in polynomial time, has been
mentioned. Finally, multidimensional matching problems have been considered,
which are in general NP complete.
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Channel Model
B.1 Discrete-Time SISO Channel Model
B.1.1 Multipath Fading
Throughout this thesis, an equivalent discrete-time channel model is used. During
the transmission of one burst or one single-carrier frequency-division multiple access
(SC-FDMA) symbol, the channel is always assumed to be constant, i.e., the channel
is fixed (block) during the transmission. The channel is however assumed to be
changing from burst to burst or SC-FDMA symbol to SC-FDMA symbol, respectively.
discrete-time channel
a[k]

n[k]

r[k]

D/A

s (t )

Transmit pulse
filter gT ( t )

sC ( t )

Discrete-time
channel h[κ]

Channel
hC ( τ )

+

+

Sampling

r (t )

Receiver input
filter gC ( t )

nC ( t )

rC ( t )

Figure B.1: Discrete-time and continuous-time channel model in equivalent complex
baseband domain.
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This assumption holds quite well for the short transmission periods of one GSM
burst (577 µs) and LTE SC-FDMA symbol (71 µs). In the literature, this is usually
referred to as block fading model.
The block diagram of the discrete-time channel model and the continuous-time
channel model in equivalent complex baseband domain are depicted in Fig. B.1
[Ger08]. We start with the discrete-time symbols a[k], which can be obtained from
a mapping of binary symbols to a signal constellation, e.g., to binary phase-shift
keying (BPSK) in Global System for Mobile Communications (GSM), or by the IDFT
operation in an SC-FDMA transmitter. After digital-to-analog (D/A) conversion,
the continuous-time transmit signal s ( t ) is obtained. This transmit signal is subsequently filtered by a transmit pulse filter g T ( t ) yielding the transmit signal sC ( t ) .
The continuous-time received signal rC ( t ) is then given by the signal sC ( t ) filtered
with the channel hC ( τ ) and impaired by additive white Gaussian noise (AWGN)
n C ( t ) . After receiver input filtering with g C ( t ) , we obtain the signal r ( t ) which is
subsequently sampled, yielding the discrete-time received signal r[k].
It is possible to subsume the influence of the filters and the continuous-time
channel in an equivalent discrete-time channel model, depicted on the left hand
side of Fig. B.1. Here, the discrete-time symbols a[k] are convolved with the discretetime channel impulse response h[k]. The discrete-time received signal r[k] is then
obtained by a subsequent addition of the discrete-time AWGN sequence n[k]. By that,
the influence of the D/A conversion and sampling, transmit pulse and receiver input
filtering, and the continuous-time channel are subsumed in h[k]. The discrete-time
noise n[k] subsumes receiver input filtering and sampling of the continuous-time
noise nC ( t ) .
As a transmit pulse filter, two different filters have been used. In Part I, we use a
linearized Gaussian minimum-shift keying (GMSK) pulse, referred to as c0 -pulse,
as transmit filter, gC ( t )  c 0 ( t ) , which is given by [Ger08]

Q3



i0 b ( t + iT ) , 0 ≤ t ≤ 5T
c0 ( t )  

 0,
otherwise,


(B.1)

Rt


sin
(
π
p ( τ ) dτ ) ,
0 ≤ t ≤ 4T,

0


R t−4T

b (t )  
sin ( π/2 − π 0
p ( τ ) dτ ) , 4T ≤ t ≤ 8T,




 0,
otherwise


(B.2)

with
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Figure B.2: c 0 -pulse.
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where T denotes the symbol interval. The c0 -pulse is depicted in Fig. B.2.
In Part II, a square-root cosine pulse is used as a transmit pulse, gC ( t )  gcos ( αr , t ) .
Square-root cosine pulses have a parameter 0 ≤ αr ≤ 1, the roll-off factor, which is
used to adapt the excess bandwidth of the transmit filter. The filter is given in time
domain by [Ger08]

r
gcos ( αr , t ) 

t
t
ET (4αr t/T ) cos ( π (1 + αr ) T ) + sin ( π (1 − αr ) T )
,
T
( πt/T )(1 − (4αr t/T ) 2 )

(B.4)

where ET denotes the energy of the transmit pulse. The squared magnitude of the
Fourier transform of the square-root cosine pulse is given by



1




1
πT
|Gcos ( αr , f ) | 2  ET T · 
2 (1 − sin ( α r ( | f | −




0


1
2T )))

|f| ≤
|f| ∈

|f| >

1−α r
2T ,
1−αr 1+αr 
2T , 2T ,
1+αr
2T .

(B.5)

In Fig. B.3, the squared magnitude of the Fourier transform of the square-root
cosine pulse is depicted for different αr values. We observe that the roll-off factor

194

Appendix B Channel Model

0.1
0.5
1.0

|Gcos ( α r , f ) | 2 −→

1

0.8

0.6

0.4

0.2

0

−1

0

−0.5

0.5

1

f T −→

Figure B.3: Squared magnitude of the Fourier transform of square-root cosine pulse
for different αr values, normalized by ET · T.
influences the passband characteristics of the filter as well as the adjacent band
leakage.
Although the optimal receiver input filter for a time-variant channel would also
be time-variant, for gC ( t ) in Part I a square-root cosine pulse is used. In Part II, a
receiver input filter matched to the transmit pulse filter is employed. Although a
fixed receiver input filter is used in both cases, still a close-to-optimum performance
is achieved with this solution [Ger08].
In general, the channel is described by a time-variant weight function hC ( τ, t ) .
As stated before, we often assume a time-invariant channel in this thesis, i.e., that
hC ( τ, t )  hC ( τ ) is valid. We can model the time-variant mobile channel with
multipath propagation with a tapped-delay line model which is given by [Ger08]
hC ( τ, t ) 

L
X
i1

h i ( t ) δ ( τ − τi ) ,

(B.6)

which is also used in (7.2). This characterization is a consequence of the wide sense
stationary uncorrelated scattering (WSSUS) model, which is commonly assumed for
mobile communication systems [Koc13]. Here, the L complex-valued paths weights
h i ( t ) of variance σi2 , with the path delays τi , are used to describe the multipath
P
propagation. The sum power of all individual paths is denoted by σh2  Li1 σi2 .
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Table B.1: Power delay profiles for TU, ITU-PA, and ITU-PB.
TU [Ger08]:
0 0.1 0.3 0.5 0.8 1.1 1.3 1.7 2.3
3.1
3.2
τi [µs]
σi2 [dB]

−4

−3

ITU-PA [Eur98]:
τi [µs] 0 0.11
σi2 [dB]

0

−9.7

ITU-PB [Eur98]:
τi [µs] 0 0.2
σi2 [dB]

0

−0.9

0

−2.6

−3

0.19

0.41

−19.2

−22.8

−5

−7

0.8

1.2

2.3

3.7

−4.9

−8.0

−7.8

−23.9

−5

−6.5

−8.6

−11

5.0
−10

The distribution of the magnitude of the complex-valued path weights is commonly modeled by a Rayleigh or Rice distribution [Ger08]. In this thesis, only power
delay profiles with all Rayleigh distributed absolute values of the path weights |h i ( t ) |
are considered, i.e., no line of sight component is present. The so-called power delay
profile is given by [Ger08]
PDP ( τ ) 

L
X
i1

σi2 δ ( τ − τi ) .

(B.7)

For GSM, in this thesis a typical urban (TU) power delay profile is used. For LTE,
International Telecommunication Union (ITU) Pedestrian-A (ITU-PA) and ITU Pedestrian-B (ITU-PB) channel profiles are used. In Table B.1, the delays and the average
powers of the power delay profile taps are given. Furthermore, the power delay
profiles for the three scenarios are depicted in Fig. B.4.
The time-domain correlation of the individual path weights is commonly characterized with the Jakes’ model [Jak75]
ϕ ht i h i ( τ )  σi2 J0 (2π fD τ ) ,

(B.8)

with the maximum Doppler frequency
fD 

v
fc ,
c0

(B.9)

where v denotes the relative speed, fc the carrier frequency, and c0 the speed of light.
For this model, it is assumed that the received power is equally distributed over the
incident angle [Koc13].
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10 · log10 ( σi2 ) [dB] −→ 10 · log10 ( σi2 ) [dB] −→ 10 · log10 ( σi2 ) [dB] −→
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Figure B.4: Power delay profiles for TU, ITU-PA, and ITU-PB.
The noise impairment n C ( t ) is assumed to be white Gaussian noise for this thesis.
In practical receivers an additional noise whitening filter can be used to transform a
colored noise impairment into white noise [Ger08].
Finally, the equivalent discrete-time transmission model is then given by
r[k] 

qh
X
κ0

a[k − κ] · h[κ] + n[k].

(B.10)

Here, the channel is assumed to be time-invariant. For the derivation of the equivalent discrete-time channel coefficients h[κ] and statistics of the discrete-time noise
n[k], we refer to, e.g., [Ger08]. Furthermore, a normalization factor is commonly
introduced to ensure a dimensionless signal r[k].

B.1.2 Shadowing and Propagation Loss
Only the small-scale fading has been considered so far. However, also the propagation loss and the shadowing need to be considered for the modeling of mobile
communication channels.

B.2 GMSK as Filtered Version of BPSK
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For description of the slow fading, which is also referred to as shadowing, the lognormal fading model is commonly used [Koc13]. The fundamental assumption of
this model is that in logarithmic domain the received power is Gaussian distributed
around the long term average received power value, if the transmit power is assumed
to be constant. Therefore, the received power in logarithmic domain is modeled by
a normal distribution with mean P dB and a standard deviation σ. Here, P dB denotes
the average received power in logarithmic domain, which is determined by the path
loss model.
The path loss model used in this thesis is based on the vehicular test environment
in [Eur98]. The path loss in dB is computed by
PLdB  40 · (1 − 4 · 10−3 hBS ) · log10 ( d ) − 18 · log10 ( hBS ) + 21 · log10 ( fc ) + 80 dB,
(B.11)
where d is the distance between base station (BS) and mobile station (MS) in kilometers, fc denotes the carrier frequency in MHz, and hBS stands for the BS’s antenna
height in meters. We usually assume hBS  15 m, which leads to
PLdB  37.6 · log10 ( d ) + 21 · log10 ( fc ) + 58.83 dB.

(B.12)

For a given carrier frequency, the path loss only depends on the distance. The path
loss exponent αPL  3.76 denotes the dependence of the path loss on the distance,
given a path loss for a reference distance of, e.g., 1 m.

B.2 GMSK as Filtered Version of BPSK
In Section B.1.1, the c0 -pulse for a linearized GMSK transmission has been introduced.
We will now consider how to model a GMSK signal by a linear approximation.
A GMSK signal is generated by first employing a differential precoder to a BPSK
modulated sequence q[k] and subsequent D/A conversion. A frequency pulse
shaping filter is then applied, which is a combination of a rectangular pulse of
duration T and a second filter with a Gaussian shape. After frequency pulse shaping,
the signal is fed to a frequency modulator. Due to the frequency modulator, the
GMSK modulation is a non-linear modulation [Koc13]. However, it is possible to
approximate the GMSK modulation by a linear BPSK modulation with the c0 -pulse
and phase rotation. More precisely, we again use BPSK signals q[k] and multiply
every symbol with jk to achieve a rotation by 90◦ for subsequent symbols. Afterwards,
we perform a D/A conversion and filter this signal with the c0 -pulse [Koc13]. The
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Figure B.5: V-MIMO channel transmission model.
rotation of the transmit signal can be inverted at the receiver side by a multiplication
with j−k for every received symbol after (ideally synchronized) sampling. Perfect
derotation is always assumed for the system model of Section 2.3.1

B.3 MIMO Channel Model
In Fig. B.5 the transmission model for a virtual multiple-input multiple-output
(V-MIMO) channel is depicted. We consider NU users that transmit jointly in the
same time and frequency resource with one transmit antenna each. Since these
users are usually located at different positions within the cell, their antennas can be
assumed to be uncorrelated. At the BS, NR receive antennas are present. We assume
that it is possible to space the antennas at the BS in such a way, that no correlation
between the receive antennas occurs.
With the above mentioned assumptions, we can model the transmission from
each transmit antenna to each receive antenna independently by equivalent singlet
input single-output (SISO) subchannels h `,q
[κ], with the receive antenna index
` ∈ {1, . . . , NR } and the index of the user of the pair q ∈ {1, . . . , NU }. Here, each
subchannel is a realization of the discrete-time SISO channel of Section B.1, where
the same power delay profile is assumed for all subchannels.

1 However,

the phase of the channel coefficients is modified by the derotation at the receiver.
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CDMA
CEQ
CIR
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CPA
CRB
CSI
D/A
DARP
DFE
DFT
DoF
DRS
DTX
EDGE
FAN
FDD
FDMA
FER
FIM

3rd Generation Partnership Project
asynchronous co-channel interference
adaptive full rate speech
adaptive half rate speech
adaptive multi rate
adaptive quadrature phase-shift keying
additive white Gaussian noise
Bahl–Cocke–Jelinek–Raviv
bit error rate
beamforming
bit-interleaved coded modulation
block error rate
binary phase-shift keying
base station
binary switching algorithm
best single-input multiple-output (SIMO) best pair
centroid condition
co-channel interference
code-division multiple access
conventional GSM equalizer
channel impulse response
cyclic prefix
constant power allocation
Cramer-Rao lower bound
channel state information
digital-to-analog
downlink advanced receiver performance
decision-feedback equalization
discrete Fourier transform
degrees of freedom
demodulation reference signal
discontinuous transmission
Enhanced Data Rates for GSM Evolution
algorithm from [FLY12]
frequency-division duplex
frequency-division multiple access
frame error rate
Fisher information matrix
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i.i.d.
IP
ISI
ITU
ITU-PA
ITU-PB
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multiple-input multiple-output
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minimum mean-squared error
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mean quantization error
mobile station
mean-squared error
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nearest neighborhood condition
nondeterministic polynomial time
orthogonal frequency-division multiplexing
orthogonal frequency-division multiple access
orthogonal sub-channels
peak-to-average power ratio
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TU
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probability density function
pair only if otherwise blocked
parallel/serial
pairing proposal algorithm
phase-shift keying
quadrature amplitude modulation
quality of service
quadrature phase-shift keying
resource block
resource element
resource pattern
radio resource allocation
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random user pairing/grouping with optimal frequency allocation
random user pairing/grouping and random frequency allocation
single antenna interference cancellation
single-carrier frequency-division multiple access
subchannel power imbalance ratio
successive interference cancellation
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single-input multiple-output
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single-input single-output
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time-division duplex
time-division multiplexing
time-division multiple access
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(·) +
(·) ∗
(·) !
(·) −1
(·) T
(·) H
(·) ⊥

Moore–Penrose pseudoinverse
conjugate
factorial of an integer
inverse
transpose
Hermitian transpose
c ⊥  Im{c} − j Re{c}
|·|
absolute value of a number or the cardinality of a set, respectively
bxc
largest integer not greater than x
√
·
square-root
∇ f i (x)
vector derivative of f i w.r.t. all components of vector x
(·) ∗ (·)
convolution
(·) ⊗ (·)
cyclic convolution
< ·, · >
inner product of two vectors
[x]m
the mth element of vector x
[X]m,n
the element in the mth row and nth column of matrix X
[X]:,n
the elements in the nth column of matrix X
X≥0
matrix X is positive semidefinite
circshift{X, [m, n]} cyclic shift of matrix X by m rows and n columns
det ( · )
determinant
diag ( · )
diagonal matrix with elements ( · ) on its main diagonal
E{·}
expectation
exp ( · )
exponential function
Im{·}
imaginary part of a complex number
Kurt{·}
excess kurtosis of a random variable
ld ( · )
logarithm to base 2
ln ( · )
natural logarithm
log x ( y )
logarithm of y to base x
O ( g ( x ))
we use f ( x )  O ( g ( x )) if and only if there exists a positive real
number C and a real number x 0 such that
| f ( x ) | ≤ C · | g ( x ) | ∀ x > x0 .
pdf ( · )
probability density function
Q (·)
complementary Gaussian error integral
Re{·}
real part of a complex number
tan ( · )
tangent function
trace{·}
trace of a matrix
−1
Z {·}
inverse element-wise z-transform
δ (·)
Dirac delta function
R∞
Γ(t )
Gamma function, Γ ( t )  0 x t−1 exp (−x ) dx
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Part I

b
b̂
b̃
b0

all zeros matrix
binary phase-shift keying transmit symbols of user i
trial symbols for the transmit symbols of user i
vector containing a i [·] of the users of the pair
row vector of user i containing a section of the training sequence
Toeplitz convolution matrix corresponding to the training
sequences of user i
amplitude scaling factor within a pair
estimate of amplitude scaling factor within a pair
optimization variable of amplitude scaling factor within a pair
successive interference cancellation switching threshold

b (β)

abbreviation for b ( β ) 

b ν,µ [·]
B ν,µ ( · )
B[·]

feedback filter coefficients from the signal of user µ to the user ν
z-transform of b ν,µ [·]
matrix containing feedback filter coefficients for feedback filtering
at a discrete-time instance
z-transform of B[·]
non-zero complex number

0
a i [·]
ã i [·]
a[·]
ai [·]
Ai

B (·)
c

β Γ ( β4 )

2πσñ2 (Γ ( β2 )) 2

Γ ( β2 )

! β2

c (β)

abbreviation for c ( β ) 

c i [·]
ĉ i [·]
C (SCPIRι )
Cλ
Conf ( · )
CRBx
d i [·]
e i [·]
e
e[·]
f [·]
fi
f i [·]
f i,I [·]
f i,Q [·]
Fi ( · )
Gi

bits of user i after source coding
soft bits of user i after channel decoding
individual contribution of user ι to the power of the pairing
error covariance matrix of vector λ
confidence of a bit
Cramer-Rao lower bound for vector x
bits of user i after channel coding and interleaving
discrete-time error samples after prefiltering and feedback filtering
vector containing discrete-time error samples
vector containing e i [·] of the users of the pair
complex-valued filter coefficients
ith carrier frequency
complex-valued filter coefficients for user i
inphase component of f i [·]
quadrature component of f i [·]
z-transform of f i [·]
path gain for transmission from the base station to the considered
user i
normalized discrete-time channel impulse response at position of
user i
discrete-time channel impulse response at position of user i

hi
h̃ i

Γ ( β4 )
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hi [·]
ĥi [·]
i
i0
I
j
IX
J1
j2 , j3
j4 , j7
Jm,n
J (x)
Ji
k
k0
k0
K
K̄
`
LLR ( · )
m
M
MSEx
n i [·]
ñ i [·]
N
N̄
Ñ
N
Nbits
Nbursts
Nencbits
Nit
Nparam
Nsym
Ntr
Nuser
ni

Glossary
vector containing all samples of the normalized discrete-time
channel impulse response at position of user i
vector containing estimated of all samples of the normalized
discrete-time channel impulse response at position of user i
integer valued index used for multiple purposes
integer valued index used for the users of the set N
inphase component
imaginary unit
identity matrix of dimensions X × X
entry in the first row and first column of the Fisher information
matrix J
vectors in the first row of the Fisher information matrix J
row vectors in the first column of the Fisher information matrix J
element in the mth row and nth column of the Fisher information
matrix
Fisher information matrix of vector x
submatrices of the Fisher information matrix, where i ∈ {5, 6, 8, 9}
integer valued index used for multiple purposes
integer valued index used for multiple purposes
decision delay
number of logical channels
number of logical channels used for orthogonal sub-channels
transmission
integer valued index used for multiple purposes
log-likelihood ratio of a bit
integer valued index used for multiple purposes
number of training sequence code symbols used for channel
estimation
mean-squared error of an estimate of x
normalized discrete-time additive white Gaussian noise samples of
user i
discrete-time additive white Gaussian noise samples of user i
number of users in the cell
number of users in a cell that employ orthogonal sub-channels
transmission
number of symbols after multiplexing with training sequence
set of all users employing orthogonal sub-channels transmission
number of bits after source coding
number of bursts per codeword
number of encoded bits per codeword
number of iterations
number of entries of the parameter vector
number of symbols per burst
number of training sequence symbols
average number of users per cell
vector containing normalized discrete-time additive white
Gaussian noise samples of user i

Symbols
NMSEx
o
O
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normalized mean-squared error of x
first user of the considered user pair
number of symbols in the burst in which the user signal and the
interferer overlap
p
second user of the considered user pair
pr|λ
probability density function of vector r conditioned on λ
P ( Pk )
transmit power of pair Pk
P ( Pk , SCPIRo ) transmit power of pair Pk depending on the subchannel power
imbalance ratio of the first user of the pair
Pi
average transmit power of user i
Pι (SCPIRι )
necessary transmit power for user ι of a pair when SCPIRι is used
P̃ι (SCPIRι )
trial transmit power for user ι of a pair when SCPIRι is used
P̂ ( Pk )
chosen transmit power for pair Pk
Pint
assumed interferer power
Pmax
maximum transmit power
P
pairing strategy
P̂
final pairing strategy
Pk
pair k, a set of two users indices constituting one pair
c∗ }
Pc {x}
Pc {x}  Re{x
|c| 2
P
N̄ × N̄ transmit power matrix for optimization algorithm
q i [·]
normalized discrete-time interference samples impairing user i
q̃ i [·]
discrete-time interference samples impairing user i
qb
feedback filter order
qh
channel order
qf
filter order
qi
vector containing normalized discrete-time interference samples
impairing user i
Q
quadrature component
r i [·]
normalized discrete-time received signal of user i
r i,I [·]
inphase component of r i [·]
r i,Q [·]
quadrature component of r i [·]
r̃ i [·]
discrete-time received signal at user i
ri
vector of the normalized received symbols corresponding to the
time-aligned training sequences of user i
rc,i [·]
discrete-time received signal samples after successive interference
cancellation
s i [·]
discrete-time samples of the information bearing part of the
received signal at the position of user i
discrete-time received signal samples of user i given the parameter
s i [·|λ]
vector λ
S̃[·]
hypothetical trellis state vector
S (S̃[·])
set of trellis states which precede S̃[·]
S
N̄ × N̄ subchannel power imbalance ratio matrix for optimization
algorithm
SCPIRi
subchannel power imbalance ratio of user i
F
SCPIRi
chosen subchannel power imbalance ratio for user i
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SCPIRmax
SINR
SINRi
SNRi
u i [·]
u[·]
U
V
w i [·]
wi
x
X
y
z i [·]
α
α[·]
α0[·]
β
ι
κ
λ̂ m (x)
λ
λ̂
λ̃
Λ[·]
µ
ν
ω[·]
Π
Φh i h i
Φri ri |b
ρ[·]
σa2
σh2
σn2 i
σñ2
σň
σq2i
2
σw
i

Glossary
maximal allowed subchannel power imbalance ratio value
signal-to-interference-plus-noise ratio
signal-to-interference-plus-noise ratio of user i
average signal-to-noise ratio of user i
real-valued signals of user i after prefiltering and projection
vector containing u i [·] of the users of the pair
set of users in the cell
matrix containing sum of weighted training sequence matrices of
one pair
discrete-time samples of the composite impairment of user i
vector containing discrete-time samples of the composite
impairment of user i
integer valued index used for multiple purposes
a random variable
integer valued index used for multiple purposes
discrete-time total impairment of the received signal of user i
angle of adaptive quadrature phase-shift keying modulation
forward recursion state metric
forward recursion state metric in linear domain
real-valued parameter defining the norm
integer valued index for both users of one pair
integer valued index used for multiple purposes
estimate for the mth value of the parameter vector λ based on the
observation of x
real-valued parameter vector
estimate of the real-valued parameter vector
error vector between the estimated vector and the true real-valued
parameter vector
branch metric for the state transition
integer valued index used for multiple purposes
integer valued index used for multiple purposes
discrete-time window function
set of all possible pairs composed of the set N
auto-correlation matrix of the channel impulse response of user i
auto-correlation matrix of the received signal of user i conditioned
on b
backward recursion state metric
variance of the transmit symbols
variance of the channel impulse response
variance of noise impairing user i
variance of the additive white Gaussian noise samples
standard deviation used for the L β -norm
variance of interference impairing user i
variance of the composite impairment of user i

Symbols
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Part II
0α×β
a u [·]
au
a ut [·]
ã ut g,q [·]
atu
atg,r [·]
t
ã ub,u
[·]
g,q

â ut g,ζ [·]
âtu g,ζ
âtg,r [·]
Atg,r [·]
b u [·]
bu
b ut [·]
btu
t
bc,u

BSC
B
BER
BERu g,q ,r [n]
c
c0
c u [n]
c̄ u [n]
c Ru
c g,q,r [n]
c Rg,q,r

all zeros matrix of dimension α × β
modulated symbol of user u after discrete Fourier transform
row-vector containing M u modulated symbols of user u after
M u -point discrete Fourier transform
discrete-time transmit sequence of user u
estimated discrete-time transmit sequence of the qth user of
pair/group Gg
row-vector containing M u discrete-time modulated symbols of user
u
discrete-time vector containing the modulated symbols of the users
of pair/group Gg and resource pattern R r
estimated discrete-time transmit sequence of the qth user of
pair/group Gg after unbiasing
discrete-time decided symbols of user ζ of pair/group Gg
vector containing discrete-time decided symbols of user ζ of
pair/group Gg
discrete-time vector containing the decided symbols of the users of
pair/group Gg and resource pattern R r
discrete-time cyclic autocorrelation matrix sequence of the error
signal of minimum mean-squared error linear equalization of
pair/group Gg and resource pattern R r
individual subcarrier coefficients of vector bu
vector of length N with modulated symbol of user u after discrete
Fourier transform and otherwise zero entries
discrete-time transmit symbols of user u
time-domain vector of length N with discrete-time transmit
symbols of user u
time-domain vector of length N + L cp with discrete-time transmit
symbols of user u including cyclic prefix
bandwidth of one subcarrier
set of available resource blocks
bit error rate
bit error rate of user u g,q transmitting with resource pattern R r in
subframe n
integer valued index used for multiple purposes
speed of light
achievable data rate of user u for subframe n
exponential moving average of the achievable data rate of user u
required data rate for user u
achievable data rate for the qth user of pair/group Gg employing
resource pattern R r for subframe n
required data rate for the qth user of pair/group Gg employing
resource pattern R r
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C g,r [n]
C g,q,r
C̃ g,q,r
C
d
dmax
dmin
2
dmin,QAM
D
D ( k, i 0 )
DX
e `,u [m 0 , n 0]
e ut g,q [·]
etu g,q
etg,r [·]
t
ep,g,r
[·]

Eb
Ē
 bE 
b

N0 u g,q ,r

[n]

∆f
fc
fD
f i (·)
ff [m, n 0]
ft [m, n]
ftu g,ζ
FMMSE
[m]
g,r
FZF
g,r [m]
g

capacity of the subcarriers of pair/group Gg using resource pattern
Rr
constant factor for beamforming coefficient optimization for the qth
user of pair/group Gg on resource pattern R r
constant factor for beamforming coefficient optimization for the qth
user of pair/group Gg on resource pattern R r for NR  2
cost matrix
distance between the users and the base station
maximal distance of user from base station
minimal distance of user from base station
normalized minimal squared Euclidean distance for quadrature
amplitude modulation constellations
interval of subframes between sounding reference signals
transmission
distortion measure for the distortion introduced by quantizing X̄i0
to X̂k
X-point discrete Fourier transform matrix
channel estimation error for user u and receive antenna ` on
subcarrier m 0 in subframe n 0
discrete-time estimation error samples of the qth user of
pair/group Gg
vector containing discrete-time estimation error samples of the qth
user of pair/group Gg
discrete-time vector containing samples of the residual error after
equalization of the users of pair/group Gg and resource pattern R r
discrete-time error signal of the minimum mean-squared error
linear equalization output filtered with the prediction-error filter of
pair/group Gg and resource pattern R r
received bit energy
average received bit energy per antenna
ratio of Eb /N0 for user u g,q and resource pattern R r in subframe n

frequency separation of subcarriers
carrier frequency
maximum Doppler frequency
ith scalar function of vector parameters
minimum mean-squared error filter vector for interpolation of the
mth subcarrier in the n 0th subframe
minimum mean-squared error filter vector for prediction of the mth
subcarrier in the nth subframe
time-domain filter vector for equalization of user ζ in the successive
interference cancellation equalizer
minimum mean-squared error filter matrix of pair/group Gg and
resource pattern R r for subcarrier m
zero-forcing filter matrix of pair/group Gg and resource pattern R r
for subcarrier m
pair/group index

Symbols
gtu g,η
Gc
G g,r [m]
G
G0
Gg
ĥ[m, n 0]
h̃[m, n]
ȟ[m, n 0]
h[m, n 0]
h̄[m, n]
ĥ[m, n]
h u [m]
hti
hu [m]
h t ( τ, t )
h it ( t )
h `,u [m, n]
ȟ `,u [m 0 , n 0]
t
h `,u
[·]
t
hbase,r,u
g,q

H g,r [m, n]
Ht`,u
t
Hcyc,`,u
0
t
Heq
`,u 0
t

H̄r,u g,1
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time-domain filter vector for equalization of user η in the successive
interference cancellation equalizer
gain of channel code
zero-forcing filter matrix for NR  2 for pair/group Gg and
resource pattern R r
set of all possible pairs/groups
set of pairs/groups to be removed from the set of all pairs/groups
set of users of pair/group g
interpolated channel coefficient at subcarrier m and subframe n 0
predicted channel coefficient at the mth subcarrier in the nth
subframe
vector of the least squares estimates used for interpolation position
m in subframe n 0
vector of the channel coefficients used for interpolation at position
m in subframe n 0
vector of the latest channel coefficients of subframes bearing
sounding reference signals used for subcarrier m and subframe n
vector of channel estimates/interpolated values used for prediction
at position m in subframe n
single-input single-output channel coefficient for user u on
subcarrier m
ith discrete-time channel training vector
single-input multiple-output channel vector for user u on
subcarrier m
continuous time channel weight function
i channel path weight
frequency-domain channel coefficient from user u to receive
antenna ` for subcarrier m and subframe n
least squares estimate of frequency-domain channel coefficient
from user u to receive antenna ` for subcarrier m 0 and subframe n 0
discrete-time subchannel coefficients from user u to receive antenna
`
vector describing the first column of the cyclic time-domain
single-input multiple-output matrix for the qth user of pair/group
Gg and resource pattern R r
frequency-domain channel matrix of pair/group Gg and resource
pattern R r for subcarrier m and subframe n
discrete-time channel convolution matrix from user u to receive
antenna `
cyclic time-domain channel convolution matrix for transmission
from user u 0 to receive antenna ` after cyclic prefix removal
equivalent cyclic time-domain channel convolution matrix for
transmission from user u 0 to receive antenna `
time-domain single-input multiple-output channel convolution
matrix for the qth user of the pair/group Gg and resource pattern
Rr
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H
i
i0
IX
j
k
K
`
L
L cp
Lf
Lt
m
m0
M
Mu
Mall
MQE
MQEk ( i )
MSE[m, n]
MSEf,h [m, n 0]
MSEt,h [m, n]
n
n0
nr [m, n]
n `t [·]
nt`
n̄tr
t
ñ `,r
[·]

ñt`,r
N
N0
NC
Ncb
NG
Nit

Glossary
training set of channel training vectors
integer valued index used for multiple purposes
integer valued index used for multiple purposes
X × X identity matrix
imaginary unit
integer valued index used for multiple purposes
total number of users for user pairing/grouping
index for the receive antennas
channel length
length of the cyclic prefix
filter length of frequency domain interpolation filter
filter length of time domain prediction filter
subcarrier index
subcarrier index
number of subcarriers available for resource allocation
number of subcarriers for user u
number of subcarriers allocated to all users
mean quantization error
mean quantization error for Voronoi region Vk and candidate
codeword X̄i
mean-squared error of channel coefficients used for prediction of
subcarrier m in subframe n
mean-squared error between interpolated and true channel
coefficient of subcarrier m in subframe n 0
mean-squared error of predicted and true channel coefficient of
subcarrier m in subframe n
subframe index
subframe index
frequency-domain vector with additive white Gaussian noise
samples for resource pattern R r for subcarrier m and subframe n
discrete-time noise samples at receive antenna `
vector containing discrete-time noise samples at receive antenna `
vector containing discrete-time noise samples after SC-FDMA
demodulation of all receive antennas for resource pattern R r
discrete-time noise samples after SC-FDMA demodulation at
receive antenna ` for resource pattern R r
vector of discrete-time noise samples after SC-FDMA
demodulation at receive antenna ` for resource pattern R r
inverse discrete Fourier transform length
single-sided power spectral density of the underlying
continuous-time passband noise process
number of chunks
number of codebook entries
number of pairs/groups
number of iterations

Symbols
Nmin
Nmod
Nob
NR
NRB
NRP
NSF
Nsw
NT
Ntr
NU
N[n]
o
OBSA
OFS
OGVQ
OKIM
OPPA
Otr
p g,q,r [n]
p EQ
g,q,r [n]

Pe ( i, i 0 )
t [n]
P g,r
P g,r [n]
PEQ
g,r [n]

Pin
Pout
P
q
qf
qh
qp
Q
Q FS
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average number of nearest neighbors of a signal point of the
modulation alphabet
size of the modulation alphabet
number of observed subframes
number of receive antennas
number of resource blocks
number of resource patterns
number of subframes
number of simultaneous switches within binary switching
algorithm
number of transmit antennas
number of training vectors
number of users per pair/group
set of time instants used for prediction at time instance n
integer valued index used for multiple purposes
total number of switches of users in binary switching algorithm
total number of combinations of user groups and chunks
total number of combinations checked by global vector
quantization algorithm
total number of combinations checked by algorithm from [KHK10]
total number of combinations checked by pairing proposal
algorithm
total number of Linde–Buzo–Gray algorithm executions for training
frequency-domain transmit power value of the qth user of the
pair/group Gg on resource pattern R r for subframe n
frequency-domain transmit power value of the qth user of the
pair/group Gg on resource pattern R r for subframe n where EQ is
either “ZF” for zero-forcing equalization or “MMSE” for minimum
mean-squared error equalization, respectively
bit error rate of radio resource allocation X̄i on channel hi0
total time-domain transmit power of the pair/group Gg on
resource pattern R r for subframe n
transmit power matrix of user/group Gg on resource pattern R r for
subframe n
transmit power matrix of the pair/group Gg on resource pattern R r
for subframe n where EQ is either “ZF” for zero-forcing
equalization or “MMSE” for minimum mean-squared error
equalization, respectively
matrix used to add the cyclic prefix
matrix used to remove the cyclic prefix
set of subcarriers bearing pilot symbols
integer valued index for the elements a pair/group
filter order
channel order
predictor order
complexity
complexity of full search
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complexity of Hungarian algorithm and binary switching algorithm
complexity of pairing proposal algorithm and global vector
quantization algorithm
Q
quantizer
r
resource pattern index
ru
resource pattern index of user u
r̂
resource pattern with all M available subcarriers
R
code-rate of the channel code
R
set of all valid resource patterns
R̃
set of all resource patterns with | R̃ r |  Mall
Rr
set of subcarriers of resource pattern r
R̃ r
set of subcarriers with | R̃ r |  Mall
r ` [·]
signal at receive antenna ` after discrete Fourier transform per
subcarrier
r`
vector containing signals at receive antenna ` after discrete Fourier
transform on all subcarriers
t
r`
discrete-time received symbols at receive antenna ` after cyclic
prefix removal
t
vector containing discrete-time received symbols at receive antenna
r`
` after cyclic prefix removal
t
[·]
discrete-time received symbol at receive antenna `
rc,`
t
rc,`
[·]
vector containing discrete-time received symbols at receive antenna
`
s g,r [m]
transmit signal vector for subcarrier m of pair/group Gg and
resource pattern R r
s̃MMSE
[m]
minimum mean-squared error equalized frequency-domain
g,r
samples of pair/group Gg and resource pattern R r for subcarrier m
s̃ZF
[m]
zero-forcing equalized frequency-domain samples of pair/group
g,r
Gg and resource pattern R r for subcarrier m
Sk
set of pairs/groups available for the k chunk for recursive full
search
SINRbiased,g,q signal-to-interference-plus-noise ratio after equalization of the qth
user of pair/group Gg
SINRub,u g,q ,r [n] unbiased signal-to-interference-plus-noise ratio after equalization
of user u g,q which transmits on resource pattern R r
SNR
signal-to-noise ratio of a single-carrier frequency-division multiple
access symbol
t
continuous real time
∆t
time between two consecutive subframes
Tslot
time duration of one slot
Tt [·]
discrete-time prediction filter matrix for decision-feedback
equalization
t
Te [·]
discrete-time prediction error filer matrix for decision-feedback
equalization
T
set of available users
u
user index
0
u
specific user index
Q HABS
Q PPA/GVQ
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ui
u g,q
t
up,g,r
[·]

specific user index
user index of the qth user of pair/group Gg
discrete-time vector containing the samples of the received signal
after prediction-error filtering of pair/group Gg and resource
pattern R r
set of users
user velocity relative to base station
kth Voronoi region
frequency-domain beamforming coefficient for user u employing a
single-input multiple-output transmission
frequency-domain beamforming coefficient for the qth user of
pair/group Gg and resource pattern R r for subcarrier m and
subframe n
vector of beamforming coefficients for the qth user transmitting on
resource pattern R r
beamforming matrix of pair/group Gg and resource pattern R r for
subcarrier m and subframe n
indicator variable for allocation of pair Gg
indicator variable for allocation of pair/group Gg to resource
pattern R r in subframe n
optimal allocation of pair Gg
optimal allocation of pair/group Gg to resource pattern Rf in
subframe n
integer valued index used for multiple purposes
matrix containing the values of the indicator variable for the lth
valid allocation
kth radio resource allocation training matrix for global vector
quantization
ith radio resource allocation training matrix
codebook of pairing possibilities for full search
codebook of pairing possibilities for global vector quantization
codebook of pairing possibilities for pairing proposal algorithm
codebook of pairing possibilities for training
frequency-domain vector of received symbols of pair/group Gg
and resource pattern R r for subcarrier m
received signal of each user u employing resource pattern R ru after
demapping at receive antenna ` per subcarrier
vector of received subcarriers of user u employing resource pattern
R ru after demapping at receive antenna `
discrete-time received symbols of user u employing resource
pattern R ru after demapping at receive antenna `
vector of discrete-time received symbols of user u employing
resource pattern R ru after demapping
vector of time-domain received symbols of all receive antennas for
pair/group Gg and resource pattern R r

U
v
Vk
w SIMO
[m]
u
w g,q,r [m, n]
wq,r
W g,r [m, n]
xg
x g,r [n]
xg
opt
x g,r [n]
X
Xl
X̂k
X̄i
XFS
XGVQ
XPPA
Xtr
y g,r [m]
y `,ru [·]
y`,ru
t
y `,r
[k]
u

yt`,ru
ȳtg,r
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ȳ0tg,r
ztg,r
α
αPL
β
δ
ε
η
γ g,q,r [n]
γ MMSE
g,q,r
γ ZF
g,q,r
ΓMMSE
g,q,r [m]
ΓZF
g,q,r [m]
κ
λ
λ̃ 1
Λg
Λ g,r [n]
Λ`,u0
ν
νru
νoffset
Ω g,r [n]
ϕf ( o∆f )
ϕt ( k∆t )
ϕ g,r,α,β [m, n]
ϕf [m, n 0]

Glossary
vector of time-domain received symbols of all receive antennas for
pair/group Gg and resource pattern R r after cancellation of user ζ
vector of discrete-time feedback symbols of pair/group Gg and
resource pattern R r within successive interference cancellation
integer valued index used for multiple purposes
path loss exponent
integer valued index used for multiple purposes
subsampling factor
real-valued forgetting factor
user index of the user in the first stage of successive interference
cancellation equalization
unbiased signal-to-interference-plus-noise ratio after equalization
of the qth user of pair/group Gg employing resource pattern R r for
subframe n
unbiased signal-to-interference-plus-noise ratio after minimum
mean-squared error equalization of the qth user of pair/group Gg
employing resource pattern R r
unbiased signal-to-interference-plus-noise ratio after zero-forcing
equalization of the qth user of pair/group Gg employing resource
pattern R r
signal-to-interference-plus-noise ratio after minimum
mean-squared error equalization of the qth user of pair/group Gg
and resource pattern R r for subcarrier m
signal-to-interference-plus-noise ratio after zero-forcing
equalization of the qth user of pair/group Gg and resource pattern
R r for subcarrier m
integer valued index used for multiple purposes
integer valued index used for multiple purposes
optimization parameter for the dual problem
weight function of allocating pair/group Gg
weight function of allocating pair/group Gg to resource pattern R r
in subframe n
frequency-domain channel matrix containing the subcarriers for
each user u 0 at receive antenna ` on the main diagonal.
integer valued frequency index
starting index of resource pattern R ru relative to νoffset for user u
offset frequency index for the subcarrier assignment
utility function combining fairness with achievable data rate in
subframe n
correlation function of two frequency domain channel coefficients
with o subcarriers separation
(normalized) correlation function of two frequency domain channel
coefficients with k subframes separation
element in the αth row and βth column of the auto-correlation
matrix of the virtual MIMO channel of pair/group Gg and resource
pattern R r on subcarrier m in subframe n
cross-correlation vector of channel in frequency direction
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ϕt [m, n]
ϕatu a ut [0]
g,q

ϕytg,r a ut

g,q

g,q [0]

ϕ̃ g,q,r [m, n]

Φa ut

t
g,q a u g,q

Φe ut

t
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BLER versus Ēb /N0 of reference algorithms. . . . . . . . . . . . . . . .
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