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Abstract

This thesis addresses engineering studies and design of a multi-carrier signalling

format known as spectrally efficient frequency division multiplexing (SEFDM), in

which higher spectral efficiency compared to conventional orthogonal frequency

division multiplexing (OFDM) is achieved by compressing the spacing between

subcarriers below the orthogonality limit. Work reported in this thesis comprises:

i) Critical revision of existing studies of multi-carrier modulation formats and tech-

niques developed for improving the spectral efficiency, with special emphasis on

SEFDM system. ii) Mathematical modelling of interference in SEFDM and its

potential capacity advantages. iii) The introduction of powerful channel coding

techniques to mitigate the effect of interference in SEFDM, and the design of suc-

cessive interference cancellation method, with a special case for broadband and

broadcasting applications (DVB-S2) being considered. iv) A novel channel estima-

tion scheme is developed to enhance channel estimation accuracy and to reduce its

complexity for SEFDM signals for 5G systems. v) An experimental demonstration

of successful SEFDM signals transmission over the E-Band frequency range 81-86

GHz. The systems proposed are described in detail with numerical simulations of

the newly proposed system models to compare their performance to conventional

OFDM systems. It is shown that SEFDM with the aforementioned techniques can

achieve significant spectral efficiency gains at the expense of moderate increase in

receiver complexity or increase in the transmitted power level compared to OFDM.

Overall, theoretical, simulation and experimental results show key advantages of

SEFDM signals and systems over other signal formats, thus paving the way to prac-

tical inclusion of SEFDM in future wireless standards.



Impact Statement

This research contributes to the study, design and practical implementation of spec-

trally efficient communication systems. Due to the ever increasing and unprece-

dented demands on the limited radio frequency (RF) spectrum, the proposed designs

are expected to have impact on future cellular networks (5G and beyond), satellite

broadcast systems (DVB-S2, DVB-S2X) and millimetre wave communication sys-

tems.

Towards the ultimate goal of considering spectrally efficient systems in fu-

ture wireless standardisation, this thesis adapts and modifies existing SEFDM part-

systems into full system design and practical implementation. Such will impact

innovations in communication systems design, mathematical modelling, software

simulation, hardware implementation and experimental verification. Over the past

four years, this research has produced results that bridged existing research gaps,

through the application of channel coding and derivation of new techniques for

channel estimation, to enhance performance. Such techniques will significantly

impact SEFDM real time channel estimation and signal detection, this facilitating

serious consideration of SEFDM practical systems.

Collaboration with Chalmers University of Technology in Sweden led to the

implementation of the worlds first E-band SEFDM practical system transmission,

showing the potential of the SEFDM for future millimetre wave systems. This par-

ticular work, having considered full system design and implementation, is expected

to lead to further research and development efforts in the area of high frequency,

high bit rate and long distance SEFDM systems, including transmission in the be-

yond 100 GHz D-Band.
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Much of the research and experimental work presented in the thesis was re-

ported in 15 papers, many of cross disciplinary nature, which I have authored and

co-authored and which appeared in leading international journals and conference

proceedings. The transmitter, the detector and the channel estimator designs devel-

oped in this work, may be utilised in various wired and wireless systems such as

5G and beyond, DVB-S2, VLC, optical fibre systems and fast-DSL. The successful

application of SEFDM in these systems makes it a serious signal contender in future

networks and paves the way for new research and possible implementation in future

commercial communication systems.

In 2018 and with funding from the UKs Engineering and Physical Sciences Re-

search Council (EPSRC)/ UCL Innovation and Enterprise and with further funding

and support from British Telecom, I undertook an internship for 6 months at BT’s

Global Research and Development Headquarters. The aim was to introduce this

PhD research work to industry and gain a better insight into industry’s requirements

and limitations. Various use cases are studied including future wireless systems and

the application of SEFDM signals to DSL twisted copper lines with multi Gbit/s.

SEFDM has already had academic impact in wireless, optical and satellite sys-

tem designs at universities worldwide; in China (Fudan, BUPT, Sun Yat-sen and

Jinan); Hong Kong (HK Poly-U), University of Luxembourg; McGill University

in Canada; St. Petersburg Polytechnic University in Russia; Tokyo University of

Agriculture and Technology in Japan. The research reported in this thesis is already

being tracked by various researchers in the field and is expected to lead to further

academic impact at the universities above and perhaps others in the future.



Acknowledgements

First, I would like to express my sincere gratitude to my supervisor Prof Izzat Dar-

wazeh for the great supervision, motivation and friendship. It would have never

been possible for me to take this PhD to completion without his constant guidance

and support. Being your student has been a real privilege and all what I will accom-

plish in the future is because of you.

I would like to thank Mr Dhecha Nopchinda and Prof Herbert Zirath, from

Chalmers University of Technology, Gothenburg, Sweden, about the collaborative

work, which resulted in a journal publication and is introduced in Chapter 7 of this

thesis.

I would like to thank Dr Tongyang Xu and Mr Waseem Ozan for the long

discussions about the system and the collaborative work to test the proposed channel

estimation scheme of Chapter 6 on National Instrument’s USRPs, which resulted in

two conference publications. I would like to thank Dr Ioannis Kanaras and Dr

Safa Isam for the use of the fixed sphere decoder implemented by them to SEFDM

systems in Chapter 8. I also appreciate Dr Arman Shojaeifard help and support,

especially in Latex and Dr Ryan Grammenos for all the insightful conversations we

had.

I would like to thank Dr Michel Fitch for giving me the opportunity to do my

internship in BT research labs, Ipswich. I met excellent researchers and people who

have helped me to improve my knowledge, especially about standards and industry.

Special thanks to Dr Anvar Tukmanov for his guiding that led to the second part of

Chapter 8 presented in this thesis. I would also like to thank Dr Marcus Perrett for

giving me the opportunity to work in Cobalt on my last year in my PhD.



Acknowledgements 7

I am also grateful to my UCL colleagues and to UCL staff, especially to

Sephora Madjiheurem and Silvia Rossi, for providing a supportive, stimulating and

enjoyable living experience during the course of my study. My deepest thanks are

to my partner Dr Adrian Garcia for accompanying me in this challenging and stim-

ulating experience with all its ups and downs. A very special and warm thanks to

my friend Ola Anabtawi for being with me in every step along this journey. I am

very grateful to my wonderful friends Lucy Garbett, Zeina Amro, Dia Bargouthi,

Dina Amro, Wafi Belal, Haneen Qolagasi and Noor Khaled for being my family

here in London.

Last but not least, I would like to express my deepest gratitude to my family

who supported me through the course of the PhD studies. I am greatly indebted

to my wonderful parents Nabeela and Omar and my siblings Ibrahim, Hadeel and

Rand whose love and support now and throughout my life has led me to all that I

accomplished. I am also grateful to my uncle Nabeel Isleem for his absolute support

through my PhD.

During the course of this work I have been funded by the Overseas Research

Student (ORS) Award and the UCL Dean of Engineering Sciences Award for three

years of study. My internship in BT for six months was funded by BT and the

Engineering and Physical Sciences Research Council (EPSRC) UCL Innovation

and Enterprise Impact Acceleration Account (IAA) Award.



Contents

Contents 8

List of Figures 13

List of Tables 18

Glossary 20

Abbreviations 22

1 Introduction 27

1.1 Aim and Motivations . . . . . . . . . . . . . . . . . . . . . . . . . 28

1.2 Contributions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 29

1.3 Structure of the Thesis . . . . . . . . . . . . . . . . . . . . . . . . 31

1.4 Publications . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 34

2 Spectrally Efficient Modulation Schemes: Orthogonal & Non-

Orthogonal Waveforms 37

2.1 Single Carrier & Multi Carrier Modulation . . . . . . . . . . . . . . 37

2.2 OFDM . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 38

2.2.1 OFDM System Model . . . . . . . . . . . . . . . . . . . . 39

2.2.2 OFDM Spectral Efficiency . . . . . . . . . . . . . . . . . . 43

2.2.3 OFDM over Wireless Channels . . . . . . . . . . . . . . . 44

2.3 Alternative Waveforms for 5G . . . . . . . . . . . . . . . . . . . . 48

2.4 Non-Orthogonal Waveforms . . . . . . . . . . . . . . . . . . . . . 52



Contents 9

2.5 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 55

3 SEFDM Signals & Systems 56

3.1 SEFDM Waveform . . . . . . . . . . . . . . . . . . . . . . . . . . 57

3.2 The Statistical Characteristics of ICI in SEFDM . . . . . . . . . . . 61

3.3 Probability of Error Bounds . . . . . . . . . . . . . . . . . . . . . . 63

3.4 SEFDM Capacity & Spectral Efficiency Upper bound . . . . . . . . 67

3.5 SEFDM Survey . . . . . . . . . . . . . . . . . . . . . . . . . . . . 70

3.5.1 SEFDM Signal Generation and Transmission . . . . . . . . 71

3.5.2 SEFDM Signal Detection . . . . . . . . . . . . . . . . . . 73

3.5.3 Peak-to-Average Power Ratio (PAPR) . . . . . . . . . . . . 78

3.5.4 Channel Estimation . . . . . . . . . . . . . . . . . . . . . . 79

3.6 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 80

4 The Application of Channel Coding to SEFDM Systems 82

4.1 Channel Coding Preliminaries . . . . . . . . . . . . . . . . . . . . 83

4.1.1 Convolutional Coding . . . . . . . . . . . . . . . . . . . . 85

4.1.2 Turbo Coding . . . . . . . . . . . . . . . . . . . . . . . . . 87

4.2 Coded SEFDM Systems Spectral Efficiency . . . . . . . . . . . . . 89

4.3 System Model with Coding . . . . . . . . . . . . . . . . . . . . . . 90

4.4 Channel Coding Type . . . . . . . . . . . . . . . . . . . . . . . . . 94

4.4.1 Coding Rate . . . . . . . . . . . . . . . . . . . . . . . . . 95

4.4.2 Number of Iterations . . . . . . . . . . . . . . . . . . . . . 97

4.5 External Interleaver . . . . . . . . . . . . . . . . . . . . . . . . . . 98

4.6 SEFDM versus OFDM . . . . . . . . . . . . . . . . . . . . . . . . 101

4.7 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 102

5 The Application of Successive Interference Cancellation for SEFDM

Satellite Systems 104

5.1 Successive Interference Cancellation . . . . . . . . . . . . . . . . . 105

5.2 Applications on Satellite Systems . . . . . . . . . . . . . . . . . . 107

5.3 SEFDM DVB-S2X Transceiver System Model . . . . . . . . . . . 111



Contents 10

5.3.1 Transmitter . . . . . . . . . . . . . . . . . . . . . . . . . . 111

5.3.2 Receiver . . . . . . . . . . . . . . . . . . . . . . . . . . . 114

5.3.2.1 Matched filter: . . . . . . . . . . . . . . . . . . . 114

5.3.2.2 SIC: . . . . . . . . . . . . . . . . . . . . . . . . 115

5.4 Results . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 116

5.4.1 Without SIC . . . . . . . . . . . . . . . . . . . . . . . . . 117

5.4.2 With SIC . . . . . . . . . . . . . . . . . . . . . . . . . . . 117

5.5 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 121

6 Robust Channel Estimation and Application to 5G New Radio 123

6.1 Time Domain Estimation Schemes . . . . . . . . . . . . . . . . . . 125

6.2 Frequency Domain Estimation Schemes . . . . . . . . . . . . . . . 126

6.3 SEFDM Signals Over Multipath Channels . . . . . . . . . . . . . . 128

6.4 Modelling and Analysis of Existing Frequency Domain Estimation

Schemes . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 130

6.4.1 Scheme I: Interpolated Partial Channel Estimation . . . . . 130

6.4.2 Scheme II: OFDM Pilots with Interpolation . . . . . . . . . 132

6.5 Modelling and Analysis of a New Frequency Domain Estimation

Scheme (III) . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 133

6.6 Comparative Study of Schemes Performance & Complexity . . . . . 135

6.7 SEFDM 5G NR Frame . . . . . . . . . . . . . . . . . . . . . . . . 139

6.7.1 Resource Grid Design . . . . . . . . . . . . . . . . . . . . 140

6.7.2 IFFT Based SEFDM Transmitter . . . . . . . . . . . . . . . 141

6.7.2.1 SEFDM data signals: . . . . . . . . . . . . . . . 142

6.7.2.2 Pilot generation: . . . . . . . . . . . . . . . . . . 143

6.7.2.3 Continuous cyclic prefix: . . . . . . . . . . . . . 143

6.7.3 BER and Throughput Simulation Results . . . . . . . . . . 145

6.8 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 148

7 Experimental Demonstration of SEFDM Transmissions at E-Band 150

7.1 E-band Overview . . . . . . . . . . . . . . . . . . . . . . . . . . . 151



Contents 11

7.2 E-Band SEFDM Transmission Demonstrator . . . . . . . . . . . . 153

7.2.1 Experiment Setup . . . . . . . . . . . . . . . . . . . . . . . 153

7.2.2 Digital Baseband Tx & Rx . . . . . . . . . . . . . . . . . . 156

7.3 Measurement, Analysis and Results . . . . . . . . . . . . . . . . . 160

7.3.1 SEFDM Spectral Efficiency Gain . . . . . . . . . . . . . . 162

7.3.2 SEFDM vs OFDM Pilots . . . . . . . . . . . . . . . . . . . 162

7.3.3 BER Results . . . . . . . . . . . . . . . . . . . . . . . . . 165

7.4 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 166

8 Design and Performance of SEFDM Signals with Power Allocation 168

8.1 Power Allocation for SEFDM Signal Detection . . . . . . . . . . . 170

8.1.1 System Design . . . . . . . . . . . . . . . . . . . . . . . . 172

8.1.2 Power Allocation Benefits . . . . . . . . . . . . . . . . . . 174

8.1.2.1 Condition number reduction . . . . . . . . . . . . 174

8.1.2.2 Complexity reduction . . . . . . . . . . . . . . . 175

8.1.2.3 PAPR reduction . . . . . . . . . . . . . . . . . . 177

8.2 Power Allocation for Channel Estimation . . . . . . . . . . . . . . 179

8.2.1 SoDeFDM LTE PDSCH System Design . . . . . . . . . . . 180

8.2.2 Simulation Results . . . . . . . . . . . . . . . . . . . . . . 183

8.3 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 188

9 Conclusions 190

9.1 Summary and Discussion . . . . . . . . . . . . . . . . . . . . . . . 190

9.2 Future Work . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 195

Appendices 198

A Preliminaries on MAP Decoding 198

B E-band Transmitter & Receiver Integrated Circuits Design 202

B.1 Design Topology of the Transmitter and the Receiver . . . . . . . . 202

B.2 Measurements of the Transmitter and the Receiver . . . . . . . . . . 204



Contents 12

C The Relation between SNR and Eb/N0 206

List of References 207



List of Figures

2.1 General descriptive OFDM baseband transceiver block diagram. . . 39

2.2 OFDM Spectrum for (a) N = 1024, (b) N = 8. . . . . . . . . . . . . 41

2.3 The effect of deep fading of a multi-path channel on SCM and

OFDM signals. . . . . . . . . . . . . . . . . . . . . . . . . . . . . 46

2.4 OFDM signal transmission over a multipath channel, without CP. . . 47

2.5 CP-OFDM signal transmission over a multipath channel. . . . . . . 47

2.6 Target requirements for the envisioned 5G use cases [36]. . . . . . . 49

3.1 General descriptive SEFDM baseband transceiver block diagram. . . 57

3.2 The frequency spectrum of xk(t), for N = 1024 subcarriers with

different compression factor values. . . . . . . . . . . . . . . . . . 58

3.3 A zoom-in caption of SEFDM Spectrum for α = 0.8. . . . . . . . . 59

3.4 PDF of ICI, α = 0.8, N = 128, zero noise. . . . . . . . . . . . . . . 63

3.5 ICI statistical model examination. . . . . . . . . . . . . . . . . . . 64

3.6 The ICI variance for different α and N. . . . . . . . . . . . . . . . 65

3.7 PDF of the received signal with α = 0.8, N = 128 and σ2
n = 0.2. . . 65

3.8 Pe vs. Eb/N0 for QPSK-SEFDM signals, N = 128. . . . . . . . . . 66

3.9 η vs. SNR for SEFDM signals, N = 128, (a) without ICI cancella-

tion; (b) with ICI cancellation. . . . . . . . . . . . . . . . . . . . . 69

3.10 The real part of transmitted signal x(t) components in the time do-

main, for N = 4, α = 1 and α = 0.8, respectively. . . . . . . . . . . 71

4.1 Maximum achievable η versus Eb/N0. . . . . . . . . . . . . . . . . 84

4.2 Block diagram of (5,7,3) RSCC with Rc = 1/2. . . . . . . . . . . . 86



List of Figures 14

4.3 Turbo encoder block diagram. . . . . . . . . . . . . . . . . . . . . 87

4.4 Turbo decoder block diagram. . . . . . . . . . . . . . . . . . . . . 88

4.5 SEFDM spectral efficiency improvement percentage (ζ ) vs. α . . . . 90

4.6 SEFDM system block diagram. . . . . . . . . . . . . . . . . . . . . 90

4.7 BER performance of turbo encoded SEFDM (α = 0.8) and OFDM

signals, N = 1024, with turbo decoder system of 8 iterations. . . . . 92

4.8 SEFDM system QPSK BER performance with different coding al-

gorithms . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 95

4.9 QPSK coded SEFDM system BER performance for different Rc and

α with 8 turbo decoder iterations. . . . . . . . . . . . . . . . . . . 96

4.10 Power penalty in dB due to puncturing the turbo encoder output,

versus (1−α). . . . . . . . . . . . . . . . . . . . . . . . . . . . . 97

4.11 Turbo coded QPSK SEFDM system BER performance for Rc = 1/3

and different number of iterations . . . . . . . . . . . . . . . . . . 98

4.12 ICI amplitude versus subcarrier index for unmodulated SEFDM

system with N = 16,1024. . . . . . . . . . . . . . . . . . . . . . . 99

4.13 SEFDM turbo coded QPSK system BER performance with external

interleaver for Rc = 1/3 and different number of iterations . . . . . 100

4.14 Turbo coded rate (1/3) QPSK SEFDM system BER performance

over multipath channel. . . . . . . . . . . . . . . . . . . . . . . . . 101

4.15 A comparison test between OFDM and SEFDM turbo coded systems.102

5.1 DVB-S2 transponder for four carriers and different signals formats. 108

5.2 Transceiver block diagram. . . . . . . . . . . . . . . . . . . . . . . 112

5.3 SEFDM system BER performance for the different QI groups with

matched filter receiver design and different VCCM parameters (α ,

Rc, log2(M)). . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 118

5.4 The constellation diagrams for the received QPSK/ 8PSK symbols

(a) & (d) OFDM, (b) & (e) SEFDM (α = 0.8) before SIC iteration

and (c) & (f) SEFDM (α = 0.8) after one SIC iteration. . . . . . . . 119



List of Figures 15

5.5 SEFDM system BER performance for the different QI groups with

SIC receiver design and different VCCM parameters (α , Rc, log2(M)).120

6.1 Transceiver block diagram. . . . . . . . . . . . . . . . . . . . . . . 129

6.2 A graphical representation of scheme I pilot design for N = 16,

α = 0.8. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 131

6.3 A graphical representation of scheme II pilot design for N = 16,

α = 0.8. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 132

6.4 The real part of xk(t) in the time domain for fn = 0,∆ f ,2∆ f with

α = 0.8. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 134

6.5 Channel frequency responses for channels 1 & 2. . . . . . . . . . . 136

6.6 MSE results for the three estimation schemes over channel 1 &

channel 2, for different values of N and α . . . . . . . . . . . . . . . 137

6.7 5G NR SEFDM-based resource block content for α = 0.8. . . . . . 141

6.8 SEFDM signal generation with continuous CP via a single IFFT. . . 142

6.9 The real part of x(t) in the time domain for f1 = 12 kHz, f2 = 24

kHz with α = 0.8. . . . . . . . . . . . . . . . . . . . . . . . . . . . 144

6.10 The spectrum of x(t) for 20 MHz bandwidth with α = 0.8 and dif-

ferent CP addition cases. . . . . . . . . . . . . . . . . . . . . . . . 144

6.11 High level transceiver descriptive design for 5G NR SEFDM-based

system. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 145

6.12 BER results for 5G SEFDM and OFDM based with perfect and

estimated CFR. . . . . . . . . . . . . . . . . . . . . . . . . . . . . 147

7.1 Atmospheric absorption of electromagnetic waves at sea level ver-

sus frequency, with the E-band highlighted [140]. . . . . . . . . . . 151

7.2 Photos of the SEFDM E-band experiment test bed. . . . . . . . . . 154

7.3 The attenuator measured channel magnitude and phase responses,

and group delay. . . . . . . . . . . . . . . . . . . . . . . . . . . . . 155

7.4 A descriptive block diagram of the system with a list of the equip-

ment used. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 158



List of Figures 16

7.5 A comparison of OFDM (α = 1) and SEFDM (α = 4/5,2/3) spec-

tra at the transmitter for the same transmission rate 8 Gbps. . . . . . 159

7.6 The spectra of the received samples obtained from the experiment

for OFDM (α = 1) and SEFDM (α = 4/5,2/3) for the same trans-

mission rate 8 Gbps. . . . . . . . . . . . . . . . . . . . . . . . . . 161

7.7 EV Mr calculation to compare the utilization of OFDM pilots over

SEFDM pilots. . . . . . . . . . . . . . . . . . . . . . . . . . . . . 164

7.8 The absolute phase difference calculation to compare the utilisation

of OFDM pilots over SEFDM pilots. . . . . . . . . . . . . . . . . . 165

8.1 SEFDM signal spectrum for N = 16, α = 4/5, b = 4 and c = 5. . . 171

8.2 A high level descriptive transceiver design of SEFDM signals with

power allocation. . . . . . . . . . . . . . . . . . . . . . . . . . . . 172

8.3 Condition number of Λ and Λ́ versus N for different values of α . . . 175

8.4 Eb/N0 required to achieve a BER= 10−3 versus ρ , for different val-

ues of N and α . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 176

8.5 A comparison of SEFDM signals BER performance with and with-

out power allocation for M = 4, α = 4/5,2/3 and (a) N = 16, (b)

N = 1024. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 177

8.6 PAPR distribution of SEFDM signals with different power ratios

(ρ) and N = 16, M = 4, (a) α = 4/5, (b) α = 2/3. . . . . . . . . . . 179

8.7 LTE power spectra for SoDeFDM signals with different compres-

sion levels. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 180

8.8 A high level descriptive block diagram of the PDSCH LTE

SoDeFDM transceiver design. . . . . . . . . . . . . . . . . . . . . 181

8.9 ESE vs. SNR for OFDM/SEFDM LTE PDSCH TM(1-4) with per-

fect channel estimation and different values of α . . . . . . . . . . . 184

8.10 ESE vs. SNR for OFDM/SEFDM LTE PDSCH TM(1-4) with con-

ventional channel estimation method and different values of α . . . . 186



List of Figures 17

8.11 ESE vs. SNR for OFDM/SEFDM LTE PDSCH TM(1-4) with con-

ventional channel estimation method and power allocation (ρ = 2)

for different values of α . . . . . . . . . . . . . . . . . . . . . . . . 187

A.1 RSCC for (5,7,3) and Rc = 1/2. . . . . . . . . . . . . . . . . . . . 198

A.2 Trellis diagram presentation for RSCC (5,7,3). . . . . . . . . . . . . 199

B.1 The E-band block diagram and chip photo: (a) transmitter; (b) re-

ceiver. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 203

B.2 Measured performance of the SEFDM E-band transmitter and re-

ceiver at different RF frequencies. . . . . . . . . . . . . . . . . . . 204

C.1 A flow chart of the relation between SNR and Eb/N0. . . . . . . . . 206



List of Tables

2.1 A summary table to compare the main features of 5G waveform

candidates. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 53

4.1 A summary of convolutional coding main parameters . . . . . . . . 85

4.2 SEFDM with coding system parameters . . . . . . . . . . . . . . . 93

4.3 SEFDM versus OFDM test parameters. . . . . . . . . . . . . . . . 101

5.1 Lookup table for mapping QI to compression factor, coding rate and

modulation . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 111

5.2 Signal and system modelling parameters . . . . . . . . . . . . . . 116

6.1 Channel 2 simulation parameters. . . . . . . . . . . . . . . . . . . 136

6.2 Computational complexities (in terms of number of complex oper-

ations) for the three channel estimation schemes. . . . . . . . . . . 139

6.3 Channel simulation parameters. . . . . . . . . . . . . . . . . . . . 146

7.1 System Parameters. . . . . . . . . . . . . . . . . . . . . . . . . . . 156

7.2 The spectral efficiency and constellation of experimentally obtained

received and equalised symbols before channel decoding. For the

9th subcarrier ( f = 83.5 GHz) and different compression factors and

constellation sizes. . . . . . . . . . . . . . . . . . . . . . . . . . . 163

7.3 Measured SNR values at receiver input for error free transmission. . 166

8.1 Computational complexity (in terms of number of real operations). 177



List of Tables 19

8.2 Comparison of total number of operation between conventional

FSD

and FSD with power allocation. . . . . . . . . . . . . . . . . . . . 178



Glossary

C Set of complex numbers

Z Set of integer numbers

Φ Modulator matrix

(.)H Hermitian operator

Ix Identity matrix of size x

η Spectral efficiency

αt Time acceleration factor

α Frequency compression factor

b.c Floor operation

d.e Ceiling operation

b.e Slice function

Λ Correlation matrix

ρ Oversampling factor

σ Variance (second moment)

µ Mean (first moment)

Q(.) Tail distribution function

‖.‖ Euclidean norm

E[.] Expectation operator



Glossary 21

ζ Spectral efficiency gain

ℜ{.} Real part of a complex number

ϒ Interference canceller matrix

� Element-wise multiplication

. Element-wise division

mod Modulo operation

H Sphere decoder search subspace

A Uppercase bold character denotes a matrix

a Lowercase bold character denotes a vector

min Minimum



Abbreviations

ADC Analog to digital converter

ALCR Adjacent channel leakage ratio

APP aposteriori probability

AWG Arbitrary waveform generator

AWGN Additive white Gaussian noise

BCH Bose-Chaudhuri-Hocquenghem

BCJR Bahl, Cocke, Jelinek and Raviv

BER Bit error rate

BLER Block error rate

BP Belief propagation

BPSK Binary phase shift keying

CCDF Complementary cumulative distribution function

CDMA Code-division multiple access

CFR Channel frequency response

CP Cyclic prefix

CSI Channel state information

CRS Channel reference symbol

CSR Cell-specific reference

DAC Digital to analog converter

DFT Discrete Fourier transform

DSP Digital signal processing

DVB-S2 Digital video broadcast-second generation

eMBB Enhanced mobile broadband



Abbreviations 23

EP Expectation propagation

EPA Extended pedestrian A model

ESE Effective spectral efficiency

EVM Error vector magnitude

FBMC Filter-bank multi-carrier

FDM Frequency division multiplexing

FEC Forward error correction

FFT Fast Fourier transform

FOFDM Fast OFDM

f-OFDM Filtered OFDM

FPGA Field programmable gate arrays

FSD Fixed sphere decoder

FTN Faster than Nyquist

GB Guard band

GFDM Generalised frequency division multiplexing

GSD Generalized sphere decoder

HPA High power amplifier

ICI Inter-carrier interference

IDFT Inverse discrete Fourier transform

IFFT Inverse fast Fourier transform

IMUX Input multiplexer

ISI Inter-symbol interference

ITU International telecommunications union

LDPC Low-density parity-check

LLR Log-likelihood ratio

LoS Line of sight

LPF Low pass filter

LS Least square

LTE Long term evolution

LTE-A LTE-Advanced



Abbreviations 24

MAP Maximum a− posteriori

M-ASK M-array amplitude shift keying

MCM Multi-carrier modulation

MFTN Multistream-FTN

MIMO Multi-input multi-output

ML Maximum likelihood

MMSE Minimum mean square error

mMTC Massive machine type communications

M-PSK M-array phase shift keying

MSE Mean square error

NOFDM Non-orthogonal OFDM

NOMA Non-orthogonal multiple access

NR New radio

OFDM Orthogonal frequency division multiplexing

OMA Orthogonal multiple access

OMUX Output multiplexer

OOBE Out-of-band emission

O-QAM Offset-QAM

PAPR Peak to average power ratio

PCCC Parallel concatenated convolutional code

PCE Partial channel estimation

PDF Probability density function

PDSCH Physical downlink shared channel

PER Packet error rate

PSD Power spectral density

P/S Parallel to serial

QAM Quadrature amplitude modulation

QI Quality index

QoS Quality of service

QPSK Quadrature phase shift keying



Abbreviations 25

RB Resource block

RCP Robust channel processor

RLS Recursive least square

RMS Root mean square

RRC Root-raised cosine

RS Reed-Solomon

RSCC Recursive systematic convolutional code

SCM Single carrier modulation

SD Sphere decoder

SDP Semi definite programming

SEFDM Spectrally efficient frequency division multiplexing

SIC Successive interference cancellation

SISO Soft-input/soft-output

SLW Selective windowing

SNR Signal to noise ratio

SoDeMA Soft defined multiple access

SoDeFDM Soft defined FDM

SOVA Soft output Viterbi algorithm

S/P Serial to parallel

TDL Tapped delay line

TFP Time-frequency packing

TSVD Truncated singular value decomposition

VA Viterbi algorithm

VCCM Variable coding compression and modulation

VCM Variable coding and modulation

VLC Visible light communication

VMP Variational message passing

V2V Vehicle to vehicle

UE User equipment

UFMC Universal filter multi-carrier



Abbreviations 26

URLLC Ultra reliable low latency communications

USRP Universal software radio peripheral

W-OFDM Windowed OFDM

WPAN Wireless personal area network

ZF Zero forcing

ZP Zero padding

2G Second generation

3GPP 3rd generation partnership project

5G Fifth generation



Chapter 1

Introduction

The rapid development of communications technologies and the explosive growth in

users and machines demand for broadband wireless access push the current wireless

spectrum towards saturation. Consequently, much research interest is focused on

searching for new higher spectral efficient communication methods and techniques,

such as orthogonal frequency division multiplexing (OFDM); massive multi-input

multi-output (MIMO); non orthogonal multiple access (NOMA) and pulse shaping

techniques, to enhance spectrum utilisation by providing higher spectral efficiency.

These techniques are found in today’s mobile communication standards, such as

the 4th generation (4G) [1] and future 5th generation (5G) [2] cellular systems,

in addition to other wireless systems such as 802.11ac and in broadcast systems

(e.g. DVB). Moreover, research interest is currently exploring mm waves and THz

frequencies to benefit from the larger available bandwidth for future 2030 6th gen-

eration (6G) cellular system [3].

The advantages of OFDM made it (and its variants) key technologies for the

physical layer of 5G [4]. The special interest in OFDM signal format is mainly

motivated by its spectrum structure with overlapping subcarriers, which not only

enhances bandwidth efficiency but also significantly improves immunity against

multipath propagation effects, when compared to single carrier transmission [5]. In

addition, the ease of implementation of OFDM transmitters and receivers made it

attractive for a wide variety of wired and wireless applications [3], [4].

A key question is: Can the spectral efficiency of OFDM be improved without
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sacrificing its key advantages? One contribution in this direction was the devel-

opment of spectrally efficient frequency division multiplexing (SEFDM), first pro-

posed in 2003 [6]. SEFDM is a multi-carrier system that achieves spectral efficiency

gains by packing the subcarriers closer (relative to OFDM), while compromising

the orthogonality. Despite the non-orthogonality, different detection methods have

been demonstrated where the error performance of SEFDM gets reasonably close

to OFDM, with spectral efficiency improvement greater than 25% [7], [8], [9]. The

Faster than Nyquist (FTN) technique initially proposed in 2009 [10], is SEFDM’s

time domain counterpart and has similar spectral efficiency gains. Another spec-

trally efficient technique, which combines SEFDM with FTN to what is termed

time-frequency packing (TFP), where the time and frequency spacing are chosen to

maximize the spectral efficiency [11].

This thesis reviews the work that has been done so far on SEFDM and explores

and designs new techniques to tackle SEFDM signals generation, detection and

channel estimation problems. Furthermore, mathematical models are designed and

experiments are reported to verify the proposed solutions. In the following sections,

aim and motivation of this work are presented, followed by the main contributions

and the structure of the thesis.

1.1 Aim and Motivations

The work in this thesis focuses on the SEFDM system of [6]. SEFDM system

enhances spectral efficiency by compressing the subcarriers closer, compared to

OFDM, while maintaining the same transmission rate per subcarrier. Notwith-

standing, the deliberate collapse of orthogonality generates significant interference

between the subcarriers that turns the overall system model into a complex prob-

lem [8].

The main research focus on SEFDM so far has been on lowering SEFDM

detector complexity, while maintaining good error performance. Such research

resulted in practical detector designs, such as fixed sphere decoder [12], iterative

equaliser [13] and other detectors summarised in [14]. Towards the ultimate goal
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of considering SEFDM in future wireless standardisation, this thesis aims to take

part systems into full system design and practical implementation. Motivated by

this and for the first time, existing channel coding techniques currently used and

others proposed for future wireless systems have been applied to SEFDM systems,

either on its own or as part of a successive interference canceller, to guarantee a low

complex and good error performance detector.

Most published research articles on SEFDM signals assume perfect knowledge

of the channel and the existing estimation schemes suffer from high complexity,

such as the time-domain estimation scheme in [15] and the frequency domain with

interpolation estimation scheme in [16]. The work in this thesis aims to bridge

this gap by developing a new robust and low complexity frequency domain channel

estimation scheme, that can be used in practical systems.

Inspired by the new leading technique power NOMA in 5G, a preliminary work

in this thesis investigate the application and advantages of applying power allocation

to SEFDM. Finally, motivated by increased research interest in the high frequency

spectrum, the worlds first testbed is designed and tested, to transmit SEFDM at the

mm-wave E-band frequency range 81-86 GHz.

1.2 Contributions
This thesis documents work in different areas of SEFDM signals and systems,

covering system modelling, transmission, detection, channel estimation and per-

formance investigations. The benefits of techniques reported are substantiated by

theoretical analyses, simulations and experimental results. The main contributions

presented in this document may be divided into two main parts: fundamentals and

new design concepts; and implementation and practical systems.

• Fundamentals and new design concepts:

– Derived the statistical model for interference in SEFDM signals to com-

plement the well-known SEFDM deterministic model. The model was

used to derive a closed form to compute SEFDM systems probability of

error with a matched filter and to calculate SEFDM potential capacity
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and spectral efficiency upper bound. This work was published in [17]

and appears in Chapter 3 in this thesis.

– Designed the first SEFDM system with different channel coding tech-

niques, namely Reed-Solomon (RS) coding; turbo coding and seri-

ally concatenated coding, to mitigate interference impairments. This

study included an investigation of the effect of different channel coding

parameters on SEFDM systems and evaluated the advantage of inter-

leavers in SEFDM coded systems. This work was published in [18] and

in [19] and appears in Chapter 4 in this thesis.

– Designed a new method of successive interference cancellation (SIC)

with low-density parity-check (LDPC) coding and verified its efficacy

by mathematical modelling. This work was published in [20] and ap-

pears in Chapter 5 of the thesis.

– Developed a new robust frequency domain channel estimation scheme

distinguished by its estimation accuracy and low complexity, compared

to existing channel estimation schemes. This work was published in [21]

and in [22], also was presented in [23] and appears in Chapter 6 in the

thesis.

– Proposed a new method of generating and adding cyclic prefix to

SEFDM signals, to maintain the cyclic prefix continuity property. This

work was published in [24] and appears in Chapter 6 in the thesis.

– Introduced the concept of power allocation to SEFDM signal format,

such as different subcarriers are allocated with different power levels,

to overcome the ill-conditioned issue of SEFDM and to reduce detector

complexity. This work was published in [25] and in [26] and appears in

Chapter 8 in the thesis.

• Implementation and practical systems:

– Applied SEFDM to digital video broadcast-second generation (DVB-S2)

satellite system with LDPC and SIC to provide more degrees of freedom
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in optimising the system, by adding a compression variable to variable

coding and modulation parameter. This work was published in [20] and

appears in Chapter 5 in the thesis.

– Designed and implemented the world’s first transmission of SEFDM in

the mm-wave E-band frequency range 81-86 GHz. The newly devel-

oped channel estimation scheme is used here to solve the channel and

phase offset estimation and equalization issues, while LDPC is used to

improve system error performance. The work reported highest transmis-

sion rate of 12 Gbps (experimental). This work was published in [27]

and appears in Chapter 7 in the thesis.

– Applied SEFDM signals to 5G new radio system model. A proposal

was given for a single reconfigurable transmitter design capable of gen-

erating SEFDM symbols with continuous cyclic prefix, as well as the

pilot symbols of the new channel estimation scheme. This work was

published in [24] and appears in Chapter 6 in the thesis.

– Applied SEFDM signals to LTE physical downlink channel with dif-

ferent transmission modes, to increase spectral efficiency compared to

OFDM signals. Power allocation was used to boost the power level of

the reference signals compared to data signals, to enhance channel esti-

mation accuracy. This work appears in Chapter 8 in the thesis.

1.3 Structure of the Thesis
This thesis consists of 9 chapters and three appendices. Subsequent to this intro-

ductory chapter, the thesis organisation follows the description below.

Chapter 2 contains a detailed literature review on multi-carrier modulation for-

mats, to establish the significance of the work done as part of this PhD thesis and to

identify the place where the new contributions are made. The chapter starts with a

description of single and multi-carrier modulations, then focuses on OFDM system,

signal generation, modulation and demodulation. A discussion of waveforms can-

didates for 5G systems is provided and a table comparing the main features of the
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different candidates is given. Finally, the concept of non-orthogonal modulation for-

mats is introduced and the main signals within this special format are summarised.

Chapter 3 presents a comprehensive survey on SEFDM signals and systems.

It starts with a detailed mathematical model of SEFDM signal generation, modula-

tion and demodulation. A statistical model of the interference in SEFDM signals

is derived and mathematical simulations are provided to validate the system model.

The effect of the compression level and number of subcarriers in the interference

variance is investigated. Upon these results, the interference statistical model is

used to derive a closed form expression of the probability of error in SEFDM sys-

tems. To prove the advantage of SEFDM signals, SEFDM potential capacity and

spectral efficiency upper bound are calculated and compared to OFDM. To con-

clude the overview, after the mathematical modelling, a comprehensive survey of

the development history of SEFDM signals since 2003 is presented, covering wire-

less and optical communications concepts, circuit design and experimental testbeds.

The main challenges of SEFDM and the developed ongoing work to solve them are

addressed, including the work reported in this thesis.

Chapter 4 is dedicated to the basics of coded SEFDM systems, where different

channel coding techniques are applied to enhance SEFDM error rates. The capa-

bility of RS, convolutional, turbo and serially concatenated codes, in eliminating

the interference effect in SEFDM, is investigated. As the results expectedly favour

turbo coding over the other techniques, a study of the effect of different parameters

of turbo codes in dealing with the interference in SEFDM is provided, such as the

number of decoder iterations and coding rate. Afterwards, the application and bene-

fits of using an external interleaver (to interleave the coded bits of SEFDM signals)

is given. Finally, a fair comparison between OFDM and SEFDM is held, given

that both have the same spectral efficiency and the same simulation parameters, to

evaluate SEFDM signals performance and limitations with channel coding.

The conclusions of Chapter 4 has led to the development and design of a suc-

cessive interference canceller in Chapter 5. The new SEFDM receiver design is

introduced to DVB-S2 satellite systems, to add more flexibility by introducing ad-
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justable compression level variable, besides the coding rate and modulation cardi-

nality variables. A mathematical model and simulation studies are presented, to

prove the gains achieved for introducing the compression level in SEFDM trans-

mission with interference cancellation and LDPC channel coding.

Chapter 6 proposes a novel frequency domain channel estimation scheme for

SEFDM signals, which is distinguished by its implementation simplicity, low com-

putational complexity and high accuracy. A mathematical model of SEFDM trans-

mission over multipath frequency selective channels is demonstrated. To confirm

the benefits of the proposed scheme, comparisons are held between it and other ex-

isting channel estimation schemes. In order to provide further insights, simulation

studies are done about the application of the developed scheme to SEFDM 5G new

radio frames using 5G defined channel model standards. As part of this study, a new

transmitter design was proposed, which is capable of generating pilot signals for the

developed estimation scheme and continuous cyclic prefix for SEFDM signals.

Chapter 7 describes the design of the experiment of SEFDM signals trans-

mission over mm-wave 81-86 GHz frequency range. The testbed components and

setup are detailed and the complete chain of digital signal processing is explained.

The channel estimation scheme proposed in Chapter 6 is used to solve the channel

and phase offset estimation and equalisation issues, while LDPC channel coding is

employed to achieve low error rates.

Chapter 8 proposes the application of power allocation to SEFDM signals.

This implication of power allocation to SEFDM systems is tested from two perspec-

tives: signal detection and channel estimation. Regarding signal detection, a new

system architecture based on double stage detection technique with a fixed sphere

decoder is designed and the advantages of such design are explored. On the other

hand, for power allocation effect on channel estimation, a simulation study is pre-

sented for a specific scenario of SEFDM-LTE physical downlink channel dedicated

to transmit user data.

Chapter 9 summarises the work in this thesis and highlights the significance of

the proposed techniques. In addition, the chapter presents future research lines to
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follow from the work of this thesis.

The thesis includes three appendices; Appendix A explains the mathematics of

MAP decoding, for which it was used to build and simulate MAP decoding func-

tions in MATLAB; Appendix B details the circuit design and performance of the

transmitter and receiver E-band chips used in the experiment setup in Chapter 7. In

Appendix C, a flow chart is drawn to show the steps followed to convert between

SNR and Eb/N0.

1.4 Publications
The aforementioned contributions resulted in 3 journal publications and 12 confer-

ence publications and presentations and one award, listed below in chronological

order.

• Journal Publications

1. H. Ghannam and I. Darwazeh. SEFDM over Satellite Systems with

Advanced Interference Cancellation. IET Communications, 12(1):59–

66, January 2018.

2. H. Ghannam T. Xu and I. Darwazeh. Practical Evaluations of SEFDM:

Timing Offset and Multipath Impairments. Infocommunications Jour-

nal, January 2019.

3. H. Ghannam, D. Nopchinda, M. Gavell, H. Zirath, and I. Darwazeh.

Experimental Demonstration of Spectrally Efficient Frequency Divi-

sion Multiplexing Transmissions at E-Band. IEEE Transactions on Mi-

crowave Theory and Techniques, 67(5):1911–1923, March 2019.

• Conference Publications

1. H. Ghannam and I. Darwazeh. Comparison of Turbo Decoder and Turbo

Equalizer for Spectrally Efficient FDM System. In IEEE Proc. 10th Int.

Symp. Commun. Syst. Networks and Digital Signal Process. (CSNDSP),

Prague, pages 1–6, July 2016.
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Chapter 2

Spectrally Efficient Modulation

Schemes: Orthogonal &

Non-Orthogonal Waveforms

This chapter presents a review of the state of the art in the research areas relevant to

this thesis. In particular, the focus is on spectrally efficient multi carrier waveforms

with the objective of enhancing the spectral efficiency of wireless communications.

The chapter starts with a description of single and multi carrier modulations, then

OFDM signal main features and its mathematical model are provided in section

2.2. Section 2.3 summarises fifth generation (5G) network waveforms candidate.

Section 2.4 outlines non-orthogonal modulation systems similar to SEFDM, which

is the main focus of this thesis. Finally, conclusions are drawn in section 2.5.

2.1 Single Carrier & Multi Carrier Modulation
single carrier modulation (SCM) was dominant over the years for data and voice

transmission in the first and second generations of mobile wireless networks. By

that time, the data was limited to text and multimedia messages and few kbit/s rates

was sufficient. However, mobile phone revolution, such as video calls and real time

applications, required a more reliable and efficient forms of data communication

(i.e. higher bitrate and shorter delay) [5]. To meet higher bitrate requirement, two

straight forward methods may be used; i) increasing the modulation size (order) to
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carry more bits per symbol; ii) transmitting the symbols faster in time, or in other

words, use a higher symbol rate and shorter symbol interval [31]. Regarding the

first method, if the transmitted power level is maintained, a higher modulation size

will cause error performance degradation and will lower system reliability [31]. In

the second method, symbol duration is limited by the wireless channel characteris-

tics, because symbol duration must be larger than the delay spread of a dispersive

fading channel to avoid inter-symbol interference (ISI) [31]. To deal with such ISI

impairments, a waiting gap, with a minimum duration equals the delay spread of the

channel, can be inserted between transmission of adjacent symbols. However, this

solution reduces the effective transmission rate [31]. Another solution to reduce ISI

is the employment of multi carrier modulation (MCM) instead of SCM. In 1957,

the idea of MCM was firstly proposed for a special single-sideband voice channel

over wires [32]. In MCM, instead of transmitting the data over a single carrier that

occupies the whole channel available bandwidth, the channel is divided into narrow

subchannels (subcarriers). All subcarriers transmit, in parallel, at a lower data rate

to maintain the aggregate high data rate transmission and to increases the symbol

duration to combat ISI effects [33]. The OFDM survey in [5], provides a thorough

review of different MCM methods invented and studied over the years. This chap-

ter concentrates on the most prominent and successful MCM signal model, which is

OFDM. The following section describes the OFDM signal and its advantages over

other MCM signals.

2.2 OFDM

Orthogonal frequency division multiplexing is defined as a parallel multiplexed

data signal, where multi streams of data are transmitted simultaneously on non-

interfering (i.e. orthogonal) subcarriers, so that each subcarrier only occupies a

small part of the available bandwidth. By a sufficient selection of number of subcar-

riers, the OFDM symbol duration can become much larger than the time dispersion

of the channel, thus, ISI impairments encountered by frequency selectivity can be

made arbitrarily small [5].



2.2. OFDM 39

In conventional MCM signals, the total signal frequency band is divided into

N non-overlapping frequency subcarriers, each subcarrier is modulated with a sep-

arate symbol and the N subcarriers are frequency multiplexed. In OFDM, a more

efficient use of bandwidth is obtained by permitting the individual subcarriers to

overlap, with specific orthogonality constraints. Adjacent subcarriers are orthogo-

nal when the frequency separation between them is the reciprocal of their signalling

duration [31]. Further details of the mathematical model of OFDM modulation and

demodulation processes is provided in the next section.

2.2.1 OFDM System Model

A general descriptive block diagram of baseband OFDM system model is given

in Fig. 2.1. The message bits b ∈ {0,1} are generated, then each log2 M bits are

mapped into a complex symbol z ∈ C, given M is the mapper cardinality order.

The mapped symbols are divided into K streams each of size equal to the desired

OFDM symbol size N. The kth stream is converted from a serial to a parallel stream

using a serial to parallel (S/P) converter. Afterwards, each element of this stream

modulates one of the N subcarriers of the OFDM symbol. The resultant signal

xk(t) is transmitted over a channel, which in this case is an additive white Gaussian

noise (AWGN) channel. At the receiver, the received signal yk(t) is processed by

an OFDM demodulator. At the last stage, the demapper makes a hard decision and

retrieves the received bits b̂.

Message 

Generation

M-ary 

Mapper
S/P

SEFDM 

Modulation

A
W

G
N

SEFDM 

De-

modulation

M-ary 

Demapper

Message 

Estimation

b z x

y

Figure 2.1: General descriptive OFDM baseband transceiver block diagram.
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If Ts is the symbol interval in a SCM signal, the symbol interval of an OFDM

signal of N subcarriers is T = N×Ts. The frequency separation between adjacent

subcarriers (∆ f ) is the reciprocal of the signalling duration (T ), to enable inde-

pendent separation among subcarriers at the receiver side by using coherent detec-

tion [31]. The complex envelope of the kth baseband OFDM modulated signal can

be presented by

xk(t) =
1√
T

N−1

∑
n=0

zk,n exp( j2πn∆ f g(t− kT )) , 0≤ t ≤ T (2.1)

where g(t) is time domain rectangular pulse of duration T , given by

g(t) =

1/T, 0≤ t ≤ T

0, otherwise.
(2.2)

The normalised OFDM spectrum of xk(t), for N = 1024 subcarriers, is shown in

Fig. 2.2 (a) and of 8 subcarriers is shown in Fig. 2.2 (b). A rect pulse in the time

domain is translated into a Sinc shaped subcarrier in the frequency domain, where

Sinc(x) = Sin(πx)/(πx). From Fig. 2.2 (b): i) orthogonality can be noticed, as at

the maximum point of any subcarrier, the rest of the subcarriers are zero; ii) the

main lobe of any subcarrier is from a null to a null (1/T ) Hz. Adjacent sidelobes

levels of Sinc-shaped subcarriers are relatively high and do not decay rapidly, hence,

frequency guard band is inserted between OFDM symbols.

Assuming the signal is only impaired by AWGN, i.e. the noise w(t) mean is

zero and variance is σ2
n =N0, where N0/2 is the noise power spectral density (PSD).

Then, the received signal is

y(t) = x(t)+w(t). (2.3)

At the receiver, a coherent detector with a matched filter is used for a symbol-

by-symbol decision to demodulate the OFDM signal. If the transmitted signal is

impaired only by AWGN, the orthogonality condition (4 f = 1/T ) makes a simple
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Figure 2.2: OFDM Spectrum for (a) N = 1024, (b) N = 8.

matched-filter detector sufficient. The estimated symbol ẑk,n is given by

ẑk,n =
1√
T

∫
T

yk(t)exp(− j2πn∆ f (t− kT )) dt. 0≤ n≤ N (2.4)

In current systems, baseband processes occur in the digital domain, thus it is essen-

tial to convert the above processes from analogue to digital. The signal bandwidth of

the band-limited baseband signal xk(t) is fmax = B/2 = 1/2Ts, as shown in Fig. 2.2.
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Following Nyquist, the signal is to be sampled at a minimum rate of double the sym-

bol rate, to allow the reconstruction of the signal from its samples at the receiver

(i.e. fs = 2 fmax = B = 1/Ts). Consequently, by sampling the signal in (2.1) at a

regular interval of τ = Ts, the total number of samples is Q = T/τ = N. Therefore,

Q≥N samples are required. The sampled version xk(qT/Q) of (2.1), or simply xk,q

is

xk,q =
1√
Q

N−1

∑
n=0

zk,n exp
(

j2πn∆ f
(

qT
Q
− kT

))
=

1√
Q

N−1

∑
n=0

zk,n exp
(

j2π
qn
Q

)
× exp(− j2πkn)

=
1√
Q

N−1

∑
n=0

zk,n exp
(

j2π
qn
Q

)
, q = 0,1, ...,Q−1

(2.5)

where the factor 1/
√

Q in (2.5) is employed for normalization purpose 1. Following

the same method, the discrete demodulated signal at the receiver side is [5]

ẑk,n =
1√
Q

kQ−1

∑
q=(k−1)Q

yk,q exp
(
− j2π

qn
Q

)
, n = 0,1, ...,N−1. (2.6)

Initially, the combination of (2.5) and (2.6) used a bank of modulators each tuned

at a certain frequency. However, such generations are complex, and even get more

complex when the number of subcarriers is large. Taking another look at (2.5)

and (2.6), they are actually the inverse discrete Fourier transform (IDFT) of the

transmitted symbols z and the discrete Fourier transform (DFT) of the received

symbols y, respectively. In practice, they are implemented in the digital domain by

means of inverse fast Fourier transform (IFFT) and fast Fourier transform (FFT), at

the transmitter and receiver, respectively.

It is convenient to describe the process by a linear model. The system in (2.5)

1For simplicity, the condition that indicates Q ≥ N is omitted in subsequent discussion of this
thesis.
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can be expressed in matrix form as 2

x = Φ z, (2.7)

where x = {x0,x1, ...,xQ−1} is a vector of transmitted samples of x(t) in (2.5) and

Φ is a Q×N matrix, whose elements are given by

φq,n =
1√
Q

exp
(

j2π
qn
Q

)
, 0≤ n≤ N−1,0≤ q≤ Q−1. (2.8)

The received signal is

y = Φz+w, (2.9)

where w is a Q×1 vector, which represents the AWGN samples. The output of the

FFT at the receiver is

ẑ = Φ
H

Φz+Φ
Hw, (2.10)

where (.)H is the Hermitian operator to obtain the conjugate transpose of the mod-

ulation matrix Φ. In (2.10), due to the orthogonality condition, the term ΦHΦ turns

into an identity matrix of size N×N (IN).

To summarise, the OFDM transceiver is simple and efficient. The next section

calculates the spectral efficiency of OFDM and compares it to that of SCM.

2.2.2 OFDM Spectral Efficiency

The term spectral efficiency (η) measured in b/s/Hz refers to the bit transmission

rate (Rb) in b/s, transmitted over a channel of bandwidth (B) in Hz, for a given

communication system. The spectral efficiency of an SCM system (ηs) is given by
3 [31]

ηs =
log2 M/Ts

B
= log2 M (2.11)

where B in this case is the reciprocal of symbol duration Ts (considering the band-

width to equal the frequency distance from zero to the first null of an ideal Sinc
2For presentation simplicity, the index that indicates the OFDM block is not stated in subsequent

discussion of this thesis.
3Channel coding and other redundant signals (e.g. cyclic prefix (CP) and zero padding) are not

taken into consideration here as they affect all modulation signals in a similar manner.
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spectrum) and M is the cardinality order.

The calculation of OFDM spectral efficiency is not straight forward. First, to

calculate the bit rate, each subcarrier is of duration T =N×Ts, as was shown earlier.

Thus, each subcarrier transmits at a bit rate of log2 M/NTs b/s [31]. Consequently,

the total bit rate for transmitting on all subcarriers simultaneously is

Rb =
log2 M

NTs
×N = log2 M/Ts. (2.12)

Second, to calculate the bandwidth B [31]

B = fN−1− f0 +2δ , (2.13)

where fN−1− f0 = (N− 1)∆ f = N− 1/NTs, δ is the one sided bandwidth of sub-

carriers at the edges and it is half the bandwidth of the subcarrier’s bandwidth (i.e.

1/2NTs). Consequently, divide (2.12) by (2.13) to calculate OFDM spectral effi-

ciency [31]

ηm =
log2 M/Ts
N−1
NTs

+ 2
2NTs

= log2 M. (2.14)

Comparing (2.14) with (2.11), OFDM does not have any spectral efficiency gain

over single carrier transmission. However, in comparison to conventional FDM

methods which utilizes at least twice the bandwidth of OFDM and single car-

rier, OFDM doubles the spectral efficiency. Furthermore, in a flat fading chan-

nel scenario (i.e. AWGN), both OFDM and SCM systems have identical bit error

rate (BER) performance [5]. The advantages of OFDM over SCM appear in the case

of high data rate transmission over multipath channels. In the following section, the

performance of OFDM over wireless channels is investigated.

2.2.3 OFDM over Wireless Channels

Given the harsh wireless communication environment and the scarcity of available

spectrum, it is desirable to consider signalling formats which provide good perfor-

mance and that are also bandwidth efficient.

The most common scenarios in wireless mobile systems is when the user



2.2. OFDM 45

equipment (UE) moves in the multipath field or when other structures around move.

Such movement produces rapid random amplitude and phase variations in the re-

ceived signal known as frequency selective channel. The multipath propagation

arises from multiple scattering and reflections by obstacles, such as buildings, ob-

stacles and other structures [31]. In addition, the movement of the UE at a certain

speed results in a spread in time arrivals of the different frequency components

of the UE signal, resulting in a signal spectrum broadening. This phenomena is

known as Doppler spread [34]. Frequency selectivity and Doppler spread results in

ISI between OFDM symbols, as well as, inter-carrier interference (ICI) between the

subcarriers within an OFDM symbol. [34].

The variations due to multipath propagation effects and Doppler shift are stated

under the name micro (small) signal variations. Besides this, other impairments in

a cellular mobile system degrades the overall performance. A large scale varia-

tion (i.e. higher signal power losses) results in cellular systems from attenuation

related to distance and shadowing, which is caused by large obstacles blocking the

transmission path [31].

An additional critical impairment in cellular systems is termed co-channel in-

terference. In order to increase the system capacity, the available spectrum is used

more efficiently by reusing the same radio channels (frequencies) at different lo-

cations within the overall cellular service area. Therefore, mobiles simultaneously

assigned with same channels in different locations interfere with each other [34].

In this study, the effect of large scale variations and co-channel interference are

not taken into consideration because they are independent of the signalling format

used, unlike small signal variations, which is the key motivation behind OFDM [34].

To reduce the multipath propagation effects, the delay spread of the wireless

channel has to be much smaller than the transmitted symbol period. The normalized

delay spread factor Ds in (2.15) gives a good idea about the channel status, where

τc is the delay of the channel, and Tsym is the transmitted symbol duration.

Ds =
τc

Tsym
(2.15)
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Consequently, in order to reduce Ds for a given channel, a longer symbol has to be

transmitted, thus the symbol rate will be reduced. However, the OFDM approach

has the advantage of spreading out the total signalling interval, thereby reducing

the sensitivity of the system to delay spread, without reducing the symbol rate.

Furthermore, OFDM has the advantage of spreading out a fade over multi symbols.

Thus, instead of a symbol being severely distorted, few symbols are only distorted,

as shown in Fig. 2.3, where the multipath channel results in deep fading. The

utilization of OFDM over SCM allows recovery of distorted symbols with the aid

of error correction methods, such as channel coding [31].

Figure 2.3: The effect of deep fading of a multi-path channel on SCM and OFDM signals.

It is important to emphasize that although Ds is N times smaller for OFDM

than in SCM, still ISI effect is not totally eliminated [5]. Fig. 2.4, shows the effect

of OFDM signal x(t) transmission over a multipath channel, where in addition to

the line of sight path (shortest time delay), the transmitted signal arrives from two

other different paths. As a result, the received symbols are distorted by ISI (the red

shaded area in the figure).

Zero padding (ZP) or CP is normally inserted between adjacent OFDM sym-

bols to avoid ISI [5]. ZP pads the end of the OFDM symbol by zeros of duration

Tg ≥ Ds, while CP copies the end of OFDM symbol of length Tcp ≥ Ds as a prefix

to the same symbol to maintain signal continuity, which is essential for channel one



2.2. OFDM 47

Line of sight

Second path

Third path

Total received 

signal

T

ISI

Figure 2.4: OFDM signal transmission over a multipath channel, without CP.

tap frequency equalisation used in practical OFDM systems [5] [34].
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Figure 2.5: CP-OFDM signal transmission over a multipath channel.

In Fig. 2.5, each OFDM symbol duration is extended to Ttot = T +Tcp, where

Tcp is the CP length. A sufficient CP has at least the same length of the channel delay

spread Ds to eliminate totally ISI. The transmitted signal x(t) of (2.1) becomes

x(t) =
1√
T

N−1

∑
n=0

zn exp( j2πn∆ f t) , −Tcp ≤ t ≤ T. (2.16)
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At the receiver, the last samples of each OFDM symbol of length Tcp are discarded,

because they form the part of the signal distorted by ISI.

CP and ZP reduce the effective data rate, as redundant data is transmitted be-

tween symbols. Thus, the utilisation of these is a trade-off between effective data

rate and system reliability.

To conclude, the benefit of OFDM over SCM system results from its property

of extending the symbol duration of the transmitted signals, which results in better

performance over multipath channels. Furthermore, OFDM has key features that

make it preferable over other waveforms, such as low complexity and its support

to high order modulation. Yet, OFDM is not the optimal choice, because the time-

frequency localisation is far from the optimal case and it suffers from high spectral

sidelobes [2]. Therefore, OFDM requires a relatively large guard band (e.g. 10% in

long term evolution (LTE)) and CP to meet the spectrum mask and adjacent channel

leakage ratio (ALCR) requirement [35]. Next section discusses alternative candi-

dates, which were nominated for future cellular 5G networks to improve spectral

efficiency conditions of OFDM signals.

2.3 Alternative Waveforms for 5G

5G is referred to as (IMT-2020) in industry and international telecommunications

union (ITU) working groups, with the goal of being commercially deployed in

2020 [4]. The vision of 5G network, summarised in Fig. 2.6 is: Enhanced mo-

bile broadband (eMBB) to support up to three times higher than the current LTE

data rate; ultra reliable low latency communications (URLLC); massive machine

type communications (mMTC) with lower energy consumption [36]. In light of

these requirements, the transition to 5G has to cope with the qualities of OFDM

used for 4G, but at the same time try to overcome its existing drawbacks [4].

According to the Balian-Low theorem [37]: “ There is no waveform that sat-

isfies the following three conditions simultaneously: 1. Mutual orthogonality in

the complex domain; 2. best time-frequency localization; 3. symbol density 1”.

Condition 1 means the signal is ICI and ISI free, while the second condition is
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Figure 2.6: Target requirements for the envisioned 5G use cases [36].

related to the uncertainty principle equality of time-frequency dispersion product.

The symbol density, in condition 3, is defined as (1/T ∆ f ), where T is the symbol

transmission period and ∆ f is the subcarrier spacing. Depending on the application,

the waveform is chosen as a trade-off between these three conditions [38].

Back to 2014, the authors of the key paper (What 5G will be?) [2] suggested

that the best 5G format is the adjustable CP-OFDM numerology, where the FFT

block size, subcarrier spacing and CP length are flexible and can change with the

channel conditions. For instance, in scenarios with small delay spread (e.g. small

cells and mm-wave channels) or URLLC services (1 ms round trip time constraint),

the subcarrier spacing could grow, while the FFT size (number of subcarriers) and

the CP could be significantly shortened for lower latency, shortened CP length and

reduce computational complexity. In channels with longer delay spreads, that could

revert to narrower subcarriers, longer FFT blocks, and longer CP [2]. 3rd generation

partnership project (3GPP) standards adopted this waveform in releases 14 & 15

[39] [40].

One of the methods to reduce OFDM guard band length and improve OFDM

time-frequency localisation condition is windowing the CP-OFDM symbol from

both edges to smooth the transition between adjacent symbols, thus, reduce the
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guard band length. This is referred to as windowed OFDM (W-OFDM) [41]. The

simplicity of windowing operation at the transmitter and receiver (time domain mul-

tiplication and addition operations) is the main advantage of this waveform. How-

ever, its out-of-band emission (OOBE) suppression is limited and it reduces the

length of the effective CP, hence, worsens the performance in multipath channels

with a relatively long delay spread [41]. W-OFDM second condition is slightly

better than CP-OFDM.

Trying to maintain the low complexity, universal filter multi-carrier (UFMC)

is another attempt to reduce the OOBE by filtering fixed bandwidth sub-bands (e.g.

filtering each LTE resource block 180 KHz) [41]. UFMC replaces the CP by a

ZP to prevent ISI. The advantage of UFMC is in its simplicity, as the filter length

cannot exceed the ZP length to prevent overlapping. Without CP, to account for the

linear convolution of the signal with the channel impulse response, a double-sized

FFT is typically used at the receiver, resulting in increased complexity and noise

enhancement compared to CP-OFDM [2] [41].

In filtered OFDM (f-OFDM) 4, the sub-band filtering granularity is config-

urable to any value larger than a physical resource block (RB) bandwidth (180

KHz in LTE). This feature makes f-OFDM favourable in large bandwidth appli-

cations, unlike UFMC where its complexity increases rapidly by increasing band-

width. Moreover, f-OFDM uses CP and the filter length is not limited by the CP

length [42]. This results in better OOBE suppression at the cost of increased com-

plexity by increasing the filter length [41]. Another issue with f-OFDM is that a

one-tap equaliser may be used only if the CP length is longer than the filter order,

which is not a spectrally efficient solution. Consequently, a more complex channel

equaliser, like zero forcing (ZF) or minimum mean square error (MMSE), might be

used as shown in [42]. UFMC and f-OFDM do not satisfy Balian conditions 1 and

3, while condition 2 is better than CP-OFDM.

The aforementioned waveforms can be generated with a small adjustment to

the existing CP-OFDM transceiver architecture. This simplifies its potential co-

4In filtered OFDM, f is written in lowercase letter to distinguish it from fast OFDM (F-OFDM).
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existence with the 4G/ 5G CP-OFDM transceivers. On the other hand, the follow-

ing 5G waveform candidates require new transceivers and this is one of their key

limitations, because this demand more efforts in standardization.

Filter-bank multi-carrier (FBMC) applies designed pulse shaping filters on

subcarrier level. FBMC provides excellent frequency domain localisation by ex-

tending the pulse duration in the time domain to multiple times of a symbol duration,

thus, the adjacent symbols overlap in time [41]. However, the edge-smoothed pulse

shape of subcarriers make the waveform less sensitive to multi-path spreading, even

without CP and guard band overhead [41]. The long filters at both transmitter and

receiver increases the OOBE suppression level and the system complexity. FBMC

satisfies Balian condition 3 and condition 2 is much better than CP-OFDM.

Offset-QAM (O-QAM) was firstly introduced to FBMC to reduce ICI.

O-QAM is capable of maintaining the signal orthogonality in the real domain

only. Communication channels are inherently complex, this implies that unless an

ideal channel estimator and equalizer at the receiver is adopted, a good performance

cannot be guaranteed [38]. Furthermore, O-QAM makes the pilot design, equali-

sation and MIMO application complicated and challenging. Another alternative to

O-QAM in FBMC, is to use quadrature amplitude modulation (QAM) and apply

different filters for different subcarriers (e.g. even and odd). In this case, MIMO

application and pilot design can be as simple as CP-OFDM systems. QAM-FBMC

can support high modulation orders (64-QAM), but with a large power penalty

to maintain CP-OFDM error performance. Moreover, sophisticated receivers and

time-domain least square (LS) with interpolation denoising after filtering is used

for estimation, while equalisation is done in the oversampled domain (before the

FFT) which increases the complexity of ZF and MMSE equalisers even more [38].

Generalised frequency division multiplexing (GFDM) also applies filtering on

the subcarrier level, but in a block-wise and circular manner to avoid inter-burst

tails. GFDM attains the optimal time-frequency localisation (condition 2) and can

achieve lower OOBE compared to other waveforms [41]. In addition, block-wise

CP is added to eliminate inter-block interference in multipath channels. GFDM is
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generally non-orthogonal and the same pilot design and MIMO transmission issues

of O-QAM FBMC, applies to GFDM [43]. GFDM receiver complexity is high, as a

result of the large size FFT and the SIC at the detector. Consequently, this discards

the option of using GFDM for low-latency and URLLC applications.

Finally, inspired by the table in [41] and [44], an extended table is provided in

the following to summarise the key features of each waveform. Although, SEFDM

will be discussed in the next chapter, its features are summarised in the table too, to

ease the comparison later on.

The aforementioned waveforms above have a common goal; achieve higher

spectral efficiency by improving CP-OFDM time-frequency localisation condition.

Another approach to improve spectral efficiency is compressing the signal and vio-

lating its orthogonality in time and/or frequency domain. A summary of the leading

waveforms in this area is given in the following section.

2.4 Non-Orthogonal Waveforms
In 1975, Mazo showed that, in a single carrier Sinc-pulse shape scenario with binary

phase shift keying (BPSK) modulation and optimum detector, a 25% gain in spectral

efficiency can be obtained at the same BER and energy per bit (Eb) [45]. This limit,

according to [46] is called Mazo limit.

Mazo’s work had little attention till the early 2000s when interest started de-

veloping in non-orthogonal MCM signals. fast OFDM (FOFDM) concept first ap-

peared in 2002 [47], where the spectral efficiency of OFDM is doubled by occupy-

ing only half of the OFDM bandwidth, for a given symbol rate. This is achieved

by halving the frequency separation between subcarriers (i.e. ∆ f/2) [47]. The kth

FOFDM modulated signal is presented as

xk(t) =
1√
T

N−1

∑
n=0

zk,n exp
(

j2πn
∆ f
2
(t− kT )

)
, 0≤ t ≤ T. (2.17)

FOFDM maintains the signal orthogonality but only for its real part. Therefore,

FOFDM uses only one-dimensional modulation, i.e. BPSK or M-array amplitude

shift keying (M-ASK) [47]. For instance, FOFDM proved to be beneficial in im-
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Table 2.1: A summary table to compare the main features of 5G waveform candidates.
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proving optical communication systems spectral efficiency, where one-dimensional

modulation is commonly used [48]. On the other hand, in complex (two dimen-

sional) FOFDM systems, ICI cannot be avoided.

SEFDM signals, first proposed in 2003, is a multi-carrier signal that achieves

spectral efficiency gains by packing the subcarriers closer (relative to OFDM), while

compromising the orthogonality. SEFDM symbols are generated in a similar man-

ner of OFDM using modified IFFT structures [49], yet they require more complex

receiver structures [50]. Despite the non-orthogonality, different detection methods

have been demonstrated where the error performance of SEFDM is reasonably close

to OFDM, with spectral efficiency improvement greater than 25% [8]. The focus of

this PhD thesis is SEFDM signals, thus, SEFDM features, mathematical character-

istics, obstacles and a summary on the ongoing research are given separately in the

next chapter.

Other non-orthogonal waveforms similar to SEFDM were proposed and stud-

ied. The IEEE proceeding paper [46] summarises the leading systems in this area.

Faster than Nyquist is SEFDM’s time domain counterpart, where the data transmis-

sion rate is higher than Nyquist rate [51]. FTN results in ISI because pulses are no

longer uncorrelated [10]. The SCM FTN signal is [46]

x(t) = ∑
k

zkg(t− kαtT ), (2.18)

where g(t) is a Sinc pulse and 0 < αt ≤ 1 is the time acceleration factor. A trellis-

structured based on Viterbi algorithm (VA) decoder is suggested to decipher the

received FTN signal to overcome ISI [46]. FTN detector complexity increases even

more for coded FTN, as it has at least two decoders, one for decoding and the other

one for detection. Turbo equaliser improves FTN system performance, where soft

information is exchanged between the two decoders for a given number number of

iterations [46].

An extension to FTN called frequency-FTN 5 was introduced first in [52],

5frequency-FTN is similat to SEFDM concept but appeared two years after SEFDM was firstly
introduced.
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which has the same subcarriers compression concept of SEFDM to save bandwidth,

while multistream-FTN (MFTN) compresses the signal in both time and frequency

domains [46].

TFP is another non-orthogonal waveform, which optimises the spacing be-

tween adjacent signals to maximise the achievable spectral efficiency. TFP uses

root-raised cosine (RRC) pulse shaping, where time packing uses the roll-off fac-

tor of the RRC shaping filter and frequency packing is achieved by reducing the

frequency spacing between subcarriers [11].

To summarise, non orthogonal modulation systems is based on packing the

signal in time and/or frequency. Mazo developed this concept first for single carrier

system, then other waveforms, such as FOFDM, SEFDM, FTN, MFTN and TFP

were developed.

2.5 Conclusions
The main goal of this chapter was to set the scene for the work in this thesis. At the

start, OFDM advantages of being able to support high data rates and being immune

to fading, compared to SCM systems, were demonstrated. Brief descriptions of

OFDM transmission and reception were provided, in addition to OFDM spectral

efficiency calculations. Then, a summary was provided of other 5G waveforms

candidates, which aim to enhance OFDM spectral efficiency by improving its time

and frequency localisation. Finally, the concept of using non orthogonal overlapped

signal to achieve higher spectral efficiency was introduced and similar proposals

to SEFDM signals were outlined. The next chapter provides a detailed review of

SEFDM system mathematical model and addresses the main challenges this thesis

aims to solve.



Chapter 3

SEFDM Signals & Systems

The aim of this chapter is to establish the foundations of SEFDM signals, which are

the focus of this thesis. The feasibility of SEFDM is hindered by many design and

implementation obstacles due to orthogonality violation. Previous work focused

on SEFDM signal generation and detection, however, other issues have not been

fully tackled. For instance, SEFDM signals mathematical models were limited to

deterministic models in previous work. Therefore, a new statistical model of ICI in

SEFDM is derived in this chapter, to complement the well-known SEFDM deter-

ministic model and to facilitate system design under different channel conditions.

Thereafter, to set the main theme of this work and identify the gaps where contri-

butions can be made, an extensive survey of the active research work on SEFDM is

provided.

The outline of this chapter is: Section 3.1 explains SEFDM signals generation

and detection and its main impairment (ICI). In section 3.2, a thorough study of

the statistical distribution of ICI in SEFDM is presented. Thereafter, the statistical

model is used to calculate the error lower bound and capacity for SEFDM signals

in sections 3.3 and 3.4, respectively. Finally, section 3.5 presents a comprehensive

survey on the development history of SEFDM since 2003, covering wireless and

optical communications theory, circuit design and experimental testbed design. The

survey covers SEFDM main challenges and the developed ongoing work to solve

them, including the work reported in this thesis.
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3.1 SEFDM Waveform

Spectrally efficient frequency division multiplexing is defined as a parallel multi-

plexed data system, which offers possibilities of improving spectral efficiency of

communication systems, by intentionally violating OFDM subcarriers orthogonal-

ity [6]. SEFDM achieves spectral gains by reducing the subcarriers spacing beyond

orthogonality. This reduction in bandwidth comes at the cost of interference and

increased complexity at the transmitting and receiving ends.
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Figure 3.1: General descriptive SEFDM baseband transceiver block diagram.

A general descriptive block diagram of an SEFDM baseband system model is

given in Fig. 3.1. This model is similar to that of OFDM in Fig. 2.1 and the differ-

ences are in the highlighted modulator and demodulator blocks. At the transmitter,

the message bits b ∈ {0,1} are generated. Each log2 M bits are mapped into a com-

plex symbol z ∈ C. Then, the mapped symbols are divided into K streams each of

size equal to the desired SEFDM symbol size N. The kth stream is converted from

a serial to a parallel stream using a S/P converter. Afterwards, each element of this

stream modulates one of the Nth subcarriers of the SEFDM symbol.

If Ts is the symbol interval in a SCM system, the symbol interval in an SEFDM

system of N subcarriers is T = N × Ts, which is similar to OFDM modulation.

However, in SEFDM, the subcarriers spacing ∆ f is reduced by multiplying the

frequency spacing by a compression factor (0 < α ≤ 1), where α = 1 for OFDM.
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The complex envelope of the kth baseband SEFDM modulated signal becomes

xk(t) =
1√
T

N−1

∑
n=0

zk,n exp( j2πnα∆ f g(t− kT )) , 0≤ t ≤ T (3.1)

where g(t) is time domain rectangular pulse given in (2.2). A normalized SEFDM

spectrum of xk(t), for N = 1024 subcarriers and different compression levels is

shown in Fig. 3.2. Clearly, SEFDM in Fig. 3.2 (b-d), saves (1−α)× 100% of

bandwidth, relative to OFDM Fig. 3.2 (a) for the same transmission rate. The OOBE

level of SEFDM signals is slightly higher than OFDM. To avoid ISI, a guard period

or filtering and windowing may be used.

SEFDM can be beneficial in another scenario, where the system throughput is

increased while maintaining OFDM bandwidth. The number of SEFDM subcarriers

increases to bN/αc, where b.c denotes the floor operation. Resultantly, the system

throughput is boosted up by a factor of (1−α)/α×100%.
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Figure 3.2: The frequency spectrum of xk(t), for N = 1024 subcarriers with different com-
pression factor values.

ICI in SEFDM is visualised in Fig. 3.3 for α = 0.8 and for two cases; N = 8

and N = 10. If the spectrum is compared to the OFDM spectrum in Fig. 2.2 (b),

the SEFDM signal either occupies 20% less bandwidth for the same number of

subcarriers of OFDM, or occupies two extra subcarriers within the same OFDM

bandwidth, as shown in Fig. 3.3 (a) and (b), respectively. Looking at the peak
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value of any of the subcarriers, unlike OFDM, the rest of the subcarriers are non-

zero. The power level of other subcarriers, at the peak value of a specific subcarrier

presents ICI, with the dominant interference on a given subcarrier resulting from

the main lobes of adjacent subcarriers. Hence, ICI suppression by pulse shaping

will be limited.
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Figure 3.3: A zoom-in caption of SEFDM Spectrum for α = 0.8.

The resultant signal xk(t) is sent over an AWGN channel, then the received

signal yk(t) is the input to the SEFDM demodulator, which is used to estimate the

transmitted symbols. Finally, a demapper retrieves the received bits b̂. The demod-

ulated SEFDM signal, which is the output of the coherent detector with a matched
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filter, is given by

ẑk,n =
1√
T

∫
T

yk(t)exp(− j2πnα∆ f g(t− kT ))dt, 0≤ n≤ N (3.2)

where ẑk,n is the estimated symbol on the nth subcarrier of the kth SEFDM symbol.

However, a symbol-by-symbol decision is no longer optimal for SEFDM, due to

ICI. Thus, SEFDM detection becomes more complex as will be shown later.

To generate discrete SEFDM symbols, the same method mentioned before for

the case of OFDM in (2.5) is applied to get

xk,q =
1√
Q

N−1

∑
n=0

zk,n exp
(

j2πα
qn
Q

)
, q = 0,1, ...,Q−1, (3.3)

while SEFDM discrete demodulated signal, after the matched filter is

ẑk,n =
1√
Q

Q−1

∑
q=0

yk,q exp
(
− j2πα

qn
Q

)
, n = 0,1, ...,N−1. (3.4)

The linear model of SEFDM signals is the same as OFDM. However, at the output

of the demodulator, the demodulated symbol will be distorted by ICI, such as

ẑ = Φ
H

Φz+Φ
Hw (3.5)

= Λz+Φ
Hw. (3.6)

The term ΦHΦ does not yield to an identity matrix as the case of OFDM, due

to the presence of interference terms. The term Λ = ΦHΦ is referred to as the

correlation matrix, where Λ has a diagonal of ones, representing auto-correlation

and non-diagonal elements (Λm,n) representing the interference from subcarrier n

on subcarrier m and its value is given by [53]

Λ(m,n) = exp( jπα(m−n))× exp(
− jπα(m−n)

Q
)

sinc(α(m−n))

sinc
(

α(m−n)
Q

)
 . (3.7)

From the above formula, it can be perceived that ICI depends on SEFDM symbol
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size (i.e. the number of subcarriers N), the oversampling factor ρ where Q = ρN

and α . The correlation power level increases by reducing α and becomes zero

when α(m−n) ∈ Z, which indicates that subcarriers m and n are orthogonal. For a

detailed mathematical treatment of ICI in SEFDM, readers are referred to [53].

Since the innovation of SEFDM signals, the mathematical model has been

studied thoroughly as a deterministic problem, because the ICI in SEFDM is inten-

tionally introduced. In a perfect noiseless channel, the deterministic model (i.e. the

correlation matrix) is enough, however, in a realistic scenario, to have a full under-

standing of the system, a statistical model becomes important. In the next section

the statistical model of SEFDM signals is derived.

3.2 The Statistical Characteristics of ICI in SEFDM
The statistical model of OFDM signals suffering from ICI has been studied widely.

ICI in SEFDM is similar, but more severe than ICI resulting from OFDM signal

propagation through a frequency selective channel. The procedure followed in [54]

to derive the statistical model of ICI in OFDM is followed in this chapter to derive

SEFDM signals ICI statistical model. The realization of the statistical nature of

SEFDM signals helps in answering the following fundamental questions:

• In which scenarios do SEFDM signals outperform OFDM signals?

• Which signal to noise ratio (SNR) regions do SEFDM signals outperform

OFDM signals?

• What are the limitations of SEFDM signals?

• Is there an error floor SEFDM signals?

• How can maximise SEFDM signals spectral efficiency benefits be max-

imised?

As the main focus of this work is ICI in SEFDM signals, two assumptions are

made: i) Zero ISI between adjacent SEFDM symbols by using long guard band or

cyclic prefix; ii) the channel is noiseless (i.e. w = 0 in (3.6)). It is noteworthy that
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the ICI term (Λ) on its own, given in (3.7), is deterministic for a given set of system

parameters (α,N). In (3.6), Λ is multiplied by the transmitted symbol z, which

belongs to a random variable set Z, thus, the resultant ẑ will belong to a random

variable set too. According to the central limit theorem, if the number of interfering

signals is high (i.e. relatively high N), then, the interference can be approximated

to a Gaussian process. Consequently, ICI can be modelled by a Gaussian process

characterised by its first and second moments, which are the mean and variance,

respectively.

In the following, the symbol zn modulating the nth subcarrier belongs to a

quadrature phase shift keying (QPSK) random variable set Z = {1+ j,1− j,−1+

j,−1− j} of mean µz = 0 1. Multiplying the random variable Z by a constant value

Λ in (3.6), results in multiplying the mean of Z by that constant. Hence, the ICI

mean will be µI = 0.

The ICI variance σ2
I,n is non-zero because of the interference on the nth subcar-

rier from all other subcarriers, such as [54]

σ
2
I,n =

N−1

∑
m=0,m6=n

σ
2
m,z×|Λm,n|2, (3.8)

where σ2
m,z is the variance of the data symbol z. Consequently, the total ICI variance

within one SEFDM symbol is equal to

σ
2
I =

N−1

∑
n=0

σ
2
I,n. (3.9)

For normalization purposes, if the total variance is divided by the transmitted signal

power (N×σ2
z ), then the scalar quantity σ̃I represents the normalized variance func-

tion. Therefore, if the signal is transmitted with power P, then, the total interference

in this case will be (P× σ̃I) Watt.

The accuracy of the proposed ICI statistical model can be examined by simu-

lating the SEFDM system of Fig. 3.1 and then plotting the probability density func-

1The mean and variance of a complex number is calculated separately for the real and imaginary
parts
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ℜ{ẑ}

PD
F

Histogram
Normal fitting

Figure 3.4: PDF of ICI, α = 0.8, N = 128, zero noise.

tion (PDF) of the received symbols ẑ in (3.6) without noise (i.e. w = 0). Fig. 3.4

shows the histogram of ℜ{ẑ} for the case of QPSK symbols transmission, where

N = 128 and α = 0.8. Expectedly, this has a normal distribution using distribu-

tion fitting tool from MATLAB, where the mean and variance are 0 and 0.2422,

respectively. Furthermore, the effects of α and N on the variance σ2
I are tested in-

dividually, by fixing one of them at a time as shown in Fig. 3.5 (a) and (b). The

simulated and theoretical results using the derived equations (3.8) and (3.9) match.

Clearly, N does not have a major influence on the value of σ2
I (i.e. 10% in the

worst case), unlike the effect of α (above 90%), because ICI mainly comes from

the neighbouring subcarriers on both sides of a given subcarrier.

To sum up the results of σ2
I , Fig. 3.6 shows the variance for α ∈ [0.5,1) and

N ∈ {16,32,64,128,256,512,1024}. Fig. 3.6 will be used in the next sections to

calculate SEFDM signals error bounds and spectral efficiency upper bounds.

3.3 Probability of Error Bounds
The PDF of the combined AWGN and ICI impairments will also be Gaussian. The

mean and variance of this Gaussian PDF is the summation of AWGN and ICI means

and variances [54]. For instance, referring to Fig. 3.4 and given the white noise

mean is zero, while the variance is set to be constant (σ2
n = 0.2), the total variance of
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Figure 3.5: ICI statistical model examination.

Fig. 3.7 is σ2
t = 0.4423 and this is approximately the summation of σ2

n = 0.2,σ2
I =

0.2422.

When a matched filter is used at the receiver to estimate the transmitted sym-

bols as shown before in Fig. 3.1, the theoretical probability of error (Pe) value for

QPSK-OFDM is given by [34]

Pe = Q
(√

2Eb

N0

)
, (3.10)
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Figure 3.7: PDF of the received signal with α = 0.8, N = 128 and σ2
n = 0.2.

where Eb/N0 is the ratio of energy per bit over the noise spectral density and Q(.)

is the tail distribution function [34].

However, for α < 1, the probability of error is higher, because the total variance

of the received signal increases due to ICI as shown before. Therefore, the Pe for

this specific case becomes

Pe = Q

(√
2Eb

N0 +2Eb× σ̃2
I

)
. (3.11)
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Clearly (3.11) turns into (3.10) when α = 1 as σ̃2
I = 0. To prove the validity of

−5 −3 −1 1 3 5 7 9 11 13 15
10−3

10−2

10−1

100

Eb/N0 [dB]

P e

α=1
α=0.9
α=0.8
α=0.7
α=0.6
α=0.5

Figure 3.8: Pe vs. Eb/N0 for QPSK-SEFDM signals, N = 128.

(3.11), Pe is simulated for the system in Fig. 3.1, when N = 128, and compared to

the theoretical results for QPSK symbols transmission in Fig. 3.8. The following

can be observed from the results:

1. The theoretical prediction (diamonds marks) matches the simulation results

(stars marks).

2. An error floor appears in SEFDM, because as evident in (3.11), the interfer-

ence level increases by increasing the signal power. Thus, unlike white noise,

the ICI variance is signal dependent.

3. The error floor level increases by increasing the compression level of SEFDM

signals. To mitigate the ICI effect, a more sophisticated and complex receiver

is required; such as a sphere decoder [16] or an iterative interference canceller

for the case of coded systems [20]. The ideal scenario is to remove the inter-

ference completely in (3.11), then, the error rate of SEFDM becomes equal

to that of OFDM.

Next section will calculate capacity and spectral efficiency upper bound for SEFDM

with and without ICI cancellation.
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3.4 SEFDM Capacity & Spectral Efficiency Upper

bound
This work is not the first attempt to calculate SEFDM system capacity. For instance,

the recent Nature Scientific Report paper [48] derives the capacity of SEFDM sig-

nals (termed as non-orthogonal OFDM (NOFDM) in the report) and shows that

non-orthogonal signals potentially achieve higher capacity, when compared to or-

thogonal signals. The main contribution of this work is in its SEFDM capacity

formula derivation given by

C ≤ 1
α
×B log2

[
1+

Ps

PN +PICI

]
, (3.12)

where C is the system capacity in bit/s, B is the channel bandwidth, PS, PN , PICI

are the signals, white noise and ICI power levels, respectively. From the equation,

clearly, SEFDM signal capacity depends on PICI , while PICI depends on both the

signal power level and the ICI second moment (variance) derived in the previous

section.

Earlier, another attempt to calculate SEFDM capacity from information the-

oretic perspective was reported in [55]. The work quantifies the capacity benefits

of SEFDM signals transmission with different pulse shaping, when compared to an

equivalent OFDM transmission. The expression for the capacity of SEFDM sig-

nals is found by normalizing the mutual information between the transmitted and

received SEFDM symbol over the SEFDM symbol duration [55]. However, the

results are inconsistent for two reasons:

1. Results indicate that at high SNR, SEFDM capacity is higher than that of

OFDM, even with no ICI cancellation. This mistake is due to the mutual

information calculation, where the interference level variable is independent

of the signal level. Logically, by increasing the power level of the subcarriers,

the interference coming from them to other subcarriers will increase too.

2. The compression level considered in the work is non-realistic, as the authors
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are not considering the practicality of the systems used, i.e. α takes a value

between 0.1 and 0.5. For these compression levels, even with the most com-

plex detector, the transmitted signals cannot be recovered, especially, when

the transmitted symbols belong to a two dimensional modulation format (e.g.

M-PSK, M-QAM) .

Usually, the capacity of a communication system has to be calculated at the front

end of its detector, which in this case is at the input of the demapper. For instance,

consider an OFDM signal transmitting information at a rate equal to the Nyquist

rate (i.e. Rs = 2B sample/sec), where Rs is the sample rate. The channel capacity

(C), based on Shannon’s original definition [56], in bits per use is

C =
1
2

log2

[
1+

P
(N0/2)×B

]
bits per use, (3.13)

where P is the transmitted power level. For a fair comparison and to ensure that the

total transmitted power of both OFDM and SEFDM systems are equal, if SEFDM

higher throughput scenario in Section 3.1 is applied, the power level per SEFDM

subcarrier is reduced by a factor of N/bN/αc [55].

The multiplication of (3.13) by the number of times the channel is used per

unit time gives the capacity in b/s [56]. This factor is equal to the ratio of number

of samples transmitted within time T to this time duration T . Owing to the increase

in the number of subcarriers in SEFDM, the number of samples transmitted in T

seconds is equal to (Rs×T/α) samples, thus, the system capacity becomes

C =
B
α

log2

[
1+

P

(N0/2)×B+P× σ̃2
I

]
, (3.14)

where the interference of SEFDM appears here as P× σ̃2
I . A meaningful perfor-

mance measure for comparison between different systems is represented by the

spectral efficiency (η) b/s/Hz, which is found by dividing the capacity of (3.14)
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Figure 3.9: η vs. SNR for SEFDM signals, N = 128, (a) without ICI cancellation; (b) with
ICI cancellation.

by the channel bandwidth, such as

η =
1
α

log2

[
1+

P

(N0/2)×B+P× σ̃2
I

]
. (3.15)

In Fig. 3.9(a), η is plotted versus signal to noise ratio (SNR= P/((N0/2)B) without

ICI cancellation. The results can be divided into two regions: i) low SNR region,

where the noise is dominant and SEFDM spectral efficiency is higher than that of
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OFDM; ii) high SNR region, where the ICI is dominant and it limits the spectral

efficiency of SEFDM, with no advantage of transmitting with higher SNR.

This information is important when considering the utility of SEFDM. For

instance, powerful channel codes; such as turbo and LDPC codes, allow reliable

information transmission with low SNR. Thus, SEFDM in such a case is more effi-

cient, when compared to OFDM. Conversely, by considering the ideal case of 100%

ICI elimination in (3.15), the maximum η becomes as shown in Fig. 3.9(b). Clearly,

the capacity advantage of SEFDM is higher with ICI cancellation, especially in high

SNR regions. Different ICI cancellation methods have been suggested, as will be

shown in the next section and upcoming chapters.

To finish this overview of SEFDM signals, after the mathematical modelling,

the next section presents a comprehensive survey of the development history of

SEFDM since 2003, covering wireless and optical communications theory, circuit

design and experimental testbed design. The main challenges of SEFDM and the

developed ongoing work to solve them are addressed, including the work reported

in this thesis.

3.5 SEFDM Survey

The feasibility of SEFDM was hindered by few issues. Firstly, signal detection was

very complex, because it was based on maximum likelihood (ML) with exponential

algorithmic complexity O(MN) over the constellation cardinality M and number

of subcarriers N. The second issue is in signal generation and detection, which

requires an adjustment to the existing OFDM transmitter and receiver design to

allow adaptive subcarriers compression based on the value of α . Third issue is the

high peak to average power ratio (PAPR) compared to single carrier systems and

the last issue is channel estimation. Since SEFDM concept was invented, different

methods have been developed to overcome these issues to benefit from SEFDM

advantages. In the following, each issue is addressed with the work have been done

so far.
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3.5.1 SEFDM Signal Generation and Transmission

Two approaches to generate SEFDM signals, based on IDFT, were proposed in [57].

These approaches aim to facilitate an easy SEFDM migration and/or coexistence

with OFDM at the transmitters. For the ease of explaining, refer to Fig. 3.10,

which shows the real part of the four components (N = 4) of the transmitted signal

x(t) in the time domain over one symbol duration T , for OFDM and SEFDM (α =

0.8). From the figure, when comparing the two signals, in SEFDM, the symbol

duration T is maintained the same as OFDM, but because the frequency separation

is reduced, T is not long enough to complete an integer number of cycles and extra

samples are required to cover the T (1/α − 1) duration. In the first approach, if

the sampling rate is to be maintained as OFDM, an IDFT of size (Q/α) is taken

which will result in orthogonal N subcarriers but with frequency spacing α/T . To

make the output signal non-orthogonal, ((1−α)/α)×Q samples from the output

of the IDFT are punctured at any position. However, if it is desired to maintain the

IDFT size of OFDM, the ((1−α)/α)×Q are punctured from the output of the

IDFT, which results in fewer samples compared to OFDM, thus, lower sampling

rate, under the condition of Q being greater than N to satisfy Nyquist criterion.
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Figure 3.10: The real part of transmitted signal x(t) components in the time domain, for
N = 4, α = 1 and α = 0.8, respectively.

The idea behind the second approach in [57] is based on the correlation (or ICI)

equation given in (3.7). For any two arbitrarily chosen subcarriers (m and n), when

the product α(m− n) is an integer, this indicates that the mth and nth subcarriers
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are orthogonal. This method looks at SEFDM signal as a combination of multiple

smaller OFDM systems overlapping in frequency to reduce the spacing between

subcarriers. Thus, signal generation is done using multiple shorter IDFTs are used

in parallel instead of one IDFT.

Results in [49] and [57] show that the aforementioned methods decrease the

computational complexity drastically compared to conventional bank of modulators

generation scheme. It was found that the first scheme computational complexity is

lower than that of the second scheme [49]. However, the second scheme is better

suited to hardware implementation using IFFT blocks, if the sampling rate is to

be maintained, because in the first scheme IDFT size (Q/α) often results in non

integer and/or non power of two values needed for the IFFT, therefore, it is limited

for certain values that makes (Q/α) ∈ 2n,n ∈ Z [49].

After SEFDM signal generation, the next stage at the transmitter is adding CP

to reduce ISI effects resulting from multi-path channel effects. Conventionally, CP

addition in SEFDM was implemented in the same way as OFDM. However, the

resultant signal suffers from non-continuity, leading to higher OOBE level, thus,

higher ISI between SEFDM symbols. In Chapter 6, the generation of 5G resource

blocks, based on SEFDM signals, with continuous CP using a single IFFT is dis-

cussed and proven.

To prove the practicability of SEFDM systems, a hardware platform that facil-

itates the implementation of signals generation in real-time system was designed in

field programmable gate arrays (FPGA). In [58], [59] the generation of SEFDM sig-

nals was implemented based on the multiple IDFTs method [57]. Then, the SEFDM

transmitters have been synthesised, placed and routed in CMOS process technology

in [49]. The results of this study confirm the feasibility of SEFDM transmitters and

report SEFDM challenges, mostly the chip area and power dissipation overhead

compared to conventional OFDM, which turns to demand more manufacturing cost

and power [49].



3.5. SEFDM Survey 73

3.5.2 SEFDM Signal Detection

SEFDM main aim is to improve spectral efficiency. Though as system capacity

moves closer toward Shannon capacity, both storage and computation grow rapidly

and it is important to decide whether the given closeness is worth the penalty or

not [46].

As is the case for most systems, optimal performance for SEFDM in AWGN

channel is achieved by ML detection [34]. The estimate of transmitted symbols

based on ML detection is

ẑ = arg min︸ ︷︷ ︸z

{
‖(y−Λz)‖2} (3.16)

where ‖.‖ denotes the Euclidean norm. However, the computational complexity of

ML is impractically complex. The complexity of ML increases exponentially with

N and the constellation cardinality M, i.e. it is of order O(MN), making the use of

ML limited to small size systems.

Therefore, aiming to trade complexity versus detector optimality, other alter-

natives were investigated over the years to overcome ICI impairments with lower

complexity. It was demonstrated that the linear detection techniques such as; ZF

and MMSE perform significantly worse than ML, for α ≤ 0.8 and/or N ≥ 8 [50].

The detectability of the signals is restricted by the ill-conditioning of the SEFDM

correlation matrix Λ. The correlation matrix eigenvalues degrade as the number

of the SEFDM subcarriers N increases and/or their frequency separation decreases.

Consequently, Λ becomes severely ill-conditioned matrix and the detection turns

into an ill-posed problem [50].

Matrix regularisation is used to reduce the condition number for ill-conditioned

matrices. In [60], truncated singular value decomposition (TSVD) regularisation

method is proposed to overcome the ill-conditioning problem, outperforming linear

detectors (ZF and MMSE) while maintaining a linear system complexity. Although

results show a reduction in the condition number of Λ, still, it is very high when

compared to OFDM. In addition to this, it is true that TSVD performs better than

ZF and MMSE [60], however, TSVD BER performance is comparable to that of
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a matched filter without any ICI cancellation methods. Thus, the elimination of

TSVD ICI canceller, at the receiver, has no performance penalty.

Approaching the problem from another angle, to reduce the so called relax-

ation gap between sub-optimum solutions and ML detection, a two steps detection

method commonly known as boxed ML was investigated. In this method, ML de-

tection is performed in a neighbouring area defined by a less complex detector, such

as semi definite programming (SDP) [61] and MMSE [62]. The boxed detectors of

MMSE-ML [62] and SDP-ML [61] show a drastic reduction in detector complex-

ity compared to conventional ML, because the complexity of MMSE is of order

O(N3) and SDP has polynomial complexity of order O((2N)3.5) over the number

of subcarriers N, followed by an ML operating on the neighbouring area and is of

complexity order, at least, N× log2 M, depending on the area size. The MMSE-ML

method has two limitations: First, any linear detection for SEFDM, even if com-

bined with other non-linear detectors, is always limited by the signal dimension N

and the levels of bandwidth compression α , hence, the matrix Λ singularity remains

a fundamental limitation in MMSE signal detection of FDM systems operating be-

low the orthogonality limit [62]. Second, for two-dimensional modulation, such as

QPSK, even with increase of the size of the MMSE neighbourhood, the BER system

enhancement is limited compared to standalone MMSE linear detector [62]. On the

other hand, the SDP-ML detector shows a small error penalty when compared to

optimal ML for a moderate number of subcarriers and reported a spectral efficiency

advantage of SEFDM over OFDM for the same transmitted power level.

Inspired by the successful deployment of sphere decoder (SD) in MIMO sys-

tems, which has a matrix similar in structure to the SEFDM correlation matrix, SD

has been applied to SEFDM, firstly, in [50]. SD is a mathematical algorithm based

on VA and achieves ML error performance with a reduced complexity. SD solves

the ML problem described in (3.16) as [50]

‖(y−Λz)‖2 = ‖Λ(ẑZF − z)‖2 ≤ D (3.17)

where ẑZF =Λ−1y is the ZF estimate of z and D is a constant. Although SD achieves
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optimum BER performance, its applicability is limited by two problems. First,

SD mainly depends on the invertiblity of the ill-conditioned correlation matrix Λ,

thereby limiting its efficacy to SEFDM systems with small number of subcarriers

and (α ≥ 0.8). Second, the SD practicability is limited due to the dependence of its

complexity on the noise level and system condition (i.e. α and N) [50]. Thence-

forth, different versions of conventional SD are investigated to overcome its limita-

tions.

In [50], generalized sphere decoder (GSD) is used to improve the condition

number of the correlation matrix, through regularization based on Cholesky decom-

position. Reported results show an enhancement in system performance compared

to SD, but still with random complexity and applicability limited to low noise val-

ues and N ≤ 32,α ≥ 0.75. In order to solve the random complexity problem of SD,

the utilization of fixed sphere decoder (FSD) for SEFDM systems detection was

studied in [63]. FSD has a fixed complexity because it fixes the number of nodes

visits at each level of the search tree. Logically, by increasing the tree width, the

BER performance improves and the complexity increases [63]. Although SD out-

performs FSD in terms of BER performance, FSD eradicates the problem of random

complexity of SD, making it better suited to hardware implementation [63].

Thereafter, FSD detectors have been used to detect SEFDM signals. For ex-

ample, a combination of TSVD with FSD is implemented, where TSVD is used

instead of ZF in conventional SD to calculate the initial estimate of transmitted

symbols which helps in setting the sphere radius [60]. An iterative FSD has been

applied to detect SEFDM signals transmitted over optical network in [64]. Re-

sults showed that SEFDM is more prone to non-linearity impairments in the optical

channel, compared to higher-order OFDM signals.

The boxed SDP-SD detector of [65], achieves a quasi-optimal error perfor-

mance for limited signal size and compression factor with a fractional computa-

tional effort compared to conventional boxed ML with SDP [65]. Also, in [66], a

precoding method is implemented based on zero forcing, where the effect of ICI

is reveresed before transmission. In [66], an ML detector was used but not on all
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subcarriers, as it was proven that (1−α)N of the subcarriers have high Eigenvalue,

thus, they can be detected directly by simple methods like ZF, while other subcar-

riers are detected by ML. Other techniques, based on good enough heuristic were

proposed in the early work on SEFDM [6] and in [67]. Little work has been done

in this area since, however, emerging techniques of machine learning based detec-

tion [68] and optimisation may lead to renewed efforts in this area.

To sum up, the aforementioned detectors may be considered as the first gen-

eration of SEFDM system detectors. The focus here was to reduce the detection

complexity relative to ML. However, all suggested systems have restrictions on

N, α and the modulation order M is limited to QPSK, because even with SD the

complexity becomes impractical for higher M. To make SEFDM a valid competitor

and a good applicant for the implementation of communication systems, the above

restrictions were addressed. For instance, LTE was launched a few years after the

invention of SEFDM and its OFDM symbol size is N = 1200 with up to 16-QAM

and a simple one-tap frequency equaliser [1]. These were the motivations to get a

forward step towards SEFDM practical implementation.

Channel coding was first introduced to SEFDM in 2014 [13]. In this study,

convolutional code of rate Rc = 1/2 is used. An iterative turbo equaliser detector is

implemented, that subtracts the interference gradually at each iteration, aiming to

reach the correct a− posteriori information for each transmitted bit after a certain

number of iterations. The advantage of the turbo equalizer is in the absence of any

matrix inversion, thus, avoiding the ill-conditioned SEFDM system problem. Con-

sequently, the restrictions on α and N are relaxed, while maintaining the spectral

efficiency improvement over OFDM.

Turbo equalisation was proved to be beneficial in different SEFDM scenarios.

In [69], an experimental test bed is designed to evaluate the performance of LTE-

Advanced (LTE-A) like SEFDM with carrier aggregation. Radio over fiber test

beds were implemented at 2.4 GHz and 60 GHz in [70] and [71], respectively. It is

shown in these experiments that SEFDM outperforms OFDM with the same spectral

efficiency in terms of BER performance, however, a more complex iterative receiver
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was needed to eliminate the ICI gradually from SEFDM signals [69].

The work in [18]and [19] and of Chapter 4 of this thesis, further investigate the

employment of various channel coding techniques, such as convolutional, turbo, RS

and serial concatenation codes for different coding rates. A new system architecture

with block interleaving has been studied to improve the overall system performance,

which benefits from channel coding to ameliorate the effects of ICI. Results show

that the use of turbo coded SEFDM can drastically increase the spectral efficiency

by up to 67% with a power penalties below 3 dB.

In [20] and Chapter 5 of this thesis, to increase the spectral efficiency of the de-

sign of high spectral efficiency satellite communication systems, the employment of

a finite constellation SEFDM signals, coupled with LDPC channel coding and ad-

vanced interference cancellation processing via SIC, is investigated. A special case

for broadband and broadcast applications (DVB-S2) is considered, where SEFDM

provides more degrees of freedom in optimising the system, compared to orthogo-

nal signals, by introducing compression level to the variable coding and modulation

operating parameter. Results show that SEFDM saves bandwidth when compared

to OFDM and requires less power while preserving the same BER performance.

For high spectral efficiency values, interference cancellation becomes necessary to

gain SEFDM advantages.

In addition to this, the current trend for 5G and beyond systems is to employ

windowing and pulse shaping [72]. Following this, in [73], Nyquist RRC filtering

is introduced to SEFDM, to reduce the OOBE power emission in a similar way

to FBMC. However, the difference here is in the subcarriers being closer to each

other in SEFDM. The concern with this design is in the increase of transceiver

complexity. In 2015, it was proven that the bandwidth compression problem in

SEFDM can be alleviated using optimum envelope forms and the OOBE is there-

fore constrained [74] [75]. The interference introduced by waveform shaping can

be mitigated using interference cancellation approach, since interference is largely

limited to adjacent subcarriers [73].

A new design idea inspired by power non-orthogonal multiple access (NOMA)
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technique was implemented and reported in [25] and [26] and in Chapter 8 of this

thesis. In this work, subcarriers within the same SEFDM symbol are allocated dif-

ferent power levels. Results show that such power allocation is beneficial to SEFDM

in enhancing the overall system stability, reducing SEFDM detector complexity, en-

hancing channel estimation quality and improving PAPR behaviour.

Finally, the last obstacle to underline for SEFDM detectors, is its real time

implementation. The growth in integrated circuits capability to cope with highly

complex operations in real time, makes SEFDM implementation more promising.

However, until now, only two detectors have been designed using FPGAs. The first

one is a TSVD detector in [76]. Although TSVD is not an optimum solution in

terms of BER performance, this technique has low complexity which allows it to

be implemented in real-time system [76]. The second FPGA design is for an FSD

combined with TSVD for the special case of α = 0.8 and N = 16 [77]. The turbo

equaliser used in the aforementioned experiments is an off-line detector simulated

in MATLAB, and its real-time implementation is still in its early stages, however,

further hardware implementations of SEFDM detectors seem to be just around the

corner.

3.5.3 Peak-to-Average Power Ratio (PAPR)

PAPR holds information about the range of power variation in the signal, which

is vital in the design optimisation process to choose system components. PAPR is

generally defined as [78]

PAPR =
max|x(t)|2

E[|x(t)|2]
, (3.18)

where E[.] is the expectation operator to find the average, while max|x(t)|2 and

E[|x(t)|2] are the peak and average power of the transmitted signal x(t), respectively.

In a multi-carrier system, the nature of the signal might result in a construc-

tive addition of the powers of different subcarriers, resulting in a higher max|x(t)|2.

Consequently, a multi-carrier system is more prone to high PAPR compared to sin-

gle carrier [78].

Results in [78] show that the probability of constructive addition of subcarriers
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for SEFDM is lower than that of OFDM and further degradation occurs with higher

bandwidth compression (i.e. lower α). Thus, SEFDM signals are less prone to non-

linear effects when amplifiers are used, which is considered as an added advantage

to SEFDM, besides improving the spectral efficiency. Recently, [79] and [80] in-

vestigated the PAPR behaviour of MFTN signals, which is similar to an SEFDM

case with RRC shaped subcarriers [75]. The results agree with the previous conclu-

sion of [78] that SEFDM and MFTN signals PAPR behaviour is better than that of

OFDM signals. Further enhancement in PAPR is achieved by applying the newly

suggested power allocation method, as shown in Chapter 8. For further PAPR reduc-

tion, different methods were introduced for SEFDM and MFTN, such as selective

windowing (SLW) [78]; partial transmit sequence [79]; and tone reservation PAPR

reduction algorithm [81].

3.5.4 Channel Estimation

The non-orthogonality nature of SEFDM signals further complicates the channel

estimation problem. Two time domain channel estimation schemes for SEFDM

systems were proposed in [15] and another in [82]. These schemes show acceptable

performance, however, their complexity limits their practical utilisation because

they require matrix inversions. Frequency domain channel estimation was therefore

proposed in [16]. However, this scheme suffers from the disadvantage of interpola-

tion, which increases the estimation complexity and reduces its accuracy [16].

The work in Chapter 6 of this thesis (also reported in [21]), devises a robust

frequency domain channel estimation scheme for SEFDM signals, where the trans-

mitted block is divided into orthogonal and non-orthogonal multiplexing regions.

Specifically, the pilot is sent over orthogonally spaced subcarriers as an OFDM sym-

bol, while information symbols are sent over SEFDM; both using the same number

of subcarriers and the same subcarrier spacing. Therefore, this new scheme does

not require channel interpolation and results in accurate channel estimation at the

expense of slightly increased pilot duration overhead. Results demonstrate that this

new scheme maintains an accurate estimation of the channel, regardless of the com-

pression factor of SEFDM, the number of subcarriers and channel state. In addition,
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substantial reduction in computational complexity and implementation simplicity

are achieved compared to other schemes. The overhead (added redundancy) of the

OFDM pilot results from extending the pilot symbol period compared to SEFDM

symbol to maintain its orthogonality. The added redundancy of this scheme depends

on how frequent the pilot is sent. For instance, if the pilot is sent every G informa-

tion symbols, then, the added redundancy is ((1−α)/(G+1))×100%. Therefore,

this scheme fits better in slow varying or static environments, where the pilot sym-

bol may be sent less frequently. For fast varying channels, the same technique may

be applied but with more frequent pilot transmission leading to more overhead [21].

This new channel estimation scheme impacted the practicality of SEFDM sig-

nals, as it made it possible to build real-time SEFDM systems and this has been ver-

ified experimentally in [30]. In this experiment, an LTE-alike SEFDM testbed was

built, which consists of universal software radio peripheral (USRP) transceivers (NI

USRP RIO N2395R) and a Spirent VR5 channel emulator, generating LTE channels

that are estimated and equalised in real time using the new method [30]. Thereafter,

a combination of the aforementioned channel estimation scheme and LDPC chan-

nel coding were utilised in the experiment of SEFDM transmission over E-band

frequency range reported in Chapter 7. The experiment verifies SEFDM advan-

tages through the design and testing of a multi Gbit/s communication link operating

in the 81-86 GHz region. The highest transmission rate reported is 12 Gbps over

bandwidths ranging from 4 GHz for a non compressed system down to 2.67 GHz

for an SEFDM system.

3.6 Conclusions

The focus of this chapter was on SEFDM signals, where a new statistical mathemat-

ical model was derived and the signal characteristics were explained. Theoretical

and empirical results concluded that ICI in SEFDM follows a Gaussian distribution,

of a variance which depends largely on the compression level and to a lesser extent

on the number of subcarriers. The developed ICI model was used to derive a closed

form of SEFDM probability of error bounds, when a simple matched filter receiver
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and AWGN channel are assumed. Results indicated that increasing the power level

in SEFDM systems does not guarantee better error performance, because ICI results

in an error floor level that increases by decreasing α . Therefore, a powerful inter-

ference cancellation method is required to benefit from SEFDM spectral efficiency

advantages. In the final part of signal mathematical studies, SEFDM upper-bound

spectral efficiency was derived using the statistical signal model and showed the ad-

vantage of SEFDM over OFDM, for different signal powers and system operating

conditions.

Finally, the last section of this chapter presents a survey on the advancements

achieved in SEFDM systems and summarises main areas of active work and high-

lights unresolved issues to set the foundation to the work in the subsequent chapters.

The work in this thesis focuses on SEFDM systems, however, the findings of this

chapter can be generalised to other non-orthogonal systems, similar to SEFDM,

with appropriate modifications.



Chapter 4

The Application of Channel Coding

to SEFDM Systems

Channel coding aims to approach Shannon’s capacity limit, as introduced in Shan-

non’s famous landmark paper in 1948 [83], by generating and adding redundant bits

to protect information bits from communication systems disturbances. Therefore,

the application of channel coding results in error rate reduction, at the cost of lower

effective spectral efficiency for a given modulation cardinality.

Conventionally, only transmission impairments were taken into account when

design and test performance of different channel coding techniques. However, after

the wide application of channel coding in wired and wireless systems, researchers

explored the capability of channel coding in eliminating other system impairments

effects. For instance, the work in [84] and [85], explored the advantages of us-

ing convolutional codes and turbo codes, respectively, to overcome ICI and ISI

effects, when OFDM signals are transmitted over multipath channels. Furthermore,

convolutional coding is used to attain a more accurate estimation of channel state

information at the receiver in [86].

Inspired by the aforementioned work and considering the main disturbance

in SEFDM is ICI, the focus of this chapter is on the application of various chan-

nel coding techniques to eliminate ICI effects in SEFDM systems; specifically RS

block codes, convolutional codes and turbo codes. A serial concatenation of RS

and turbo codes is also implemented to further improve ICI effects elimination.
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Moreover, the efficacy of different coding parameters in reducing the ICI effect is

explored, through study of effects of puncturing and the number of turbo decoder

iterations. A new method is developed in this chapter to enhance coded SEFDM er-

ror performance, especially with high compression level, where a block interleaver

is implemented to interleave coded bits.

As a side note, it is worth mentioning that in this thesis, channel coding is not

limited to the coding techniques described in this chapter. In the following chapters,

depending on the application SEFDM is serving, other channel coding techniques

are used and introduced in the subsequent chapters.

The outline of this chapter is: In section 4.1, an introduction to channel cod-

ing is provided, with a main focus on convolution and turbo coding. The spectral

efficiency of coded SEFDM systems is evaluated in section 4.2, then the system

model on which this chapter new designs are based is described in section 4.3. In-

vestigation of different channel coding types and parameters is provided in section

4.4. Thereafter, the concept of block external interleaver is introduced to coded

SEFDM systems and the advantages of this proposed design are explored in section

4.5. To summarise, section 4.6 runs a fair comparison between OFDM and SEFDM

systems, which leads to the conclusions drawn in section 4.7.

4.1 Channel Coding Preliminaries
Shannon theorem relates the maximum error free transmission bit rate (or capacity

(C) b/s) that can be achieved over a given channel with bandwidth (B) Hz and certain

noise characteristics, such as [56]

C = B log2(1+SNR). (4.1)

The ratio of C to B is effectively the maximum spectral efficiency (η) b/s/Hz that

may be achieved. Fig. 4.1 shows η versus Eb/N0 and highlights three main regions

(Rb < C,Rb = C,Rb > C). Existing communication systems operate in the lower-

right region of Fig. 4.1, where the transmission rate is less than Shannon capacity

(i.e. Rb < C). The advent of channel coding techniques allows systems to operate
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closer to Shannon limit (i.e. Rb = C), compared to uncoded systems. This gap

between coded and uncoded systems is referred to as channel coding gain.
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Figure 4.1: Maximum achievable η versus Eb/N0.

Channel coding is characterised by three parameters (nc,kc,Rc). The input

sequence of the encoder is of length kc, while the encoder output sequence is of

length nc ≥ kc. The coding rate parameter defined as Rc = kc/nc is usually used

in spectral efficiency calculations, to reflect the effect of channel coding on system

spectral efficiency. Another parameter may be used to describe channel coding is d,

which is the minimum Hamming distance between any two distinct codewords, i.e.

the minimum number of coordinates in which any two codewords differ [87].

There are two main categories of channel coding; algebraic and probabilistic

coding. Algebraic coding became the focus directly after Shannon’s theory, with

the aim of finding codes that maximise d for a given kc and nc. There are two

types of algebraic coding; binary (e.g. Bose-Chaudhuri-Hocquenghem (BCH)) and

non-binary (e.g. RS). In contrast to algebraic coding, research on probabilistic cod-

ing aim is to find classes of codes that optimise average performance as a function

of coding and decoding complexities. The first probabilistic coding type to ap-

pear was convolutional coding [88], then, turbo and LDPC coding. Over the years,

probabilistic codes proved to be much more powerful, when compared to algebraic

codes. Consequently, probabilistic codes are currently used in most transmission

systems, either by its own or serially concatenated with algebraic coding [87] [89].

Known applications of convolutional codes are GSM and WiFi 802.11 a/g, while
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turbo codes are used in UMTS, LTE and IEEE 802.16 (WiMAX). LDPC codes are

adopted in IEEE 802.3an (10 Gbit/s Ethernet) standards and in DVB-S2, serially

concatenated with BCH codes. Furthermore, LDPC codes are chosen for the future

5G systems and IEEE 802.11 ac standards.

As the main focus of this chapter is the application of convolutional and turbo

codes to cope with SEFDM ICI impairment, in the following sections, a general

overview of these two codes is provided.

4.1.1 Convolutional Coding

A convolutional encoder generates an output of length nc from kc inputs and mc

previous inputs stored in the encoder registers. Convolutional coding is also called

feed-forward register, because at each stage, the bits in the memory registers are

shifted one step towards the output and not back into the input [34].

Table 4.1: A summary of convolutional coding main parameters

Parameter Value
Input sequence size kc
Output sequence size nc
Memory size mc
Constraint length Lc = mc +1
Number of states S = 2mc

Coding rate Rc = kc/nc
Generator sequence length Lc

Table. 4.1 summarises the main parameters of convolutional coding. Each bit

stays mc stages and affect the output during the mc stages, plus when it is the input

bit before entering the memory. The constraint length Lc is defined as the extent

to which one input bit can affect the output, thus, Lc = mc + 1. A convolutional

encoder has generator sequences (g), given in octal form and each of length Lc. The

encoder in Fig. 4.2 is for a special design of convolutional encoder called recur-

sive systematic convolutional code (RSCC) of parameters (5, 7, 3)1. The encoder

constraint length is three and has two outputs; systematic bit s, which is identical

to the information bit, and parity bit p. The generator sequence for the parity bit

1The description of RSCC is usually presented as (g1,g2, ...,mc).
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p depends on both the feed-forward ((101)oct. = 5) and feedback ((111)oct. = 7)

generator sequences and is given by [34]

g(D) =
1+D2

1+D+D2 , (4.2)

where g here is in the polynomial D domain. This type of encoder is called recursive

because of the feedback connection and systematic because the codeword c contains

s. The advantage of the feedback connection is that for the same memory and block

lengths, the encoder can achieve higher minimum Hamming distance [34] [90]. For

example, the RSCC of Fig. 4.2, achieves the maximum free distance d for a three

memory stages encoder, which is 5 [34]. Thus, the rest of this work will utilise

RSCC (5,7,3). A table in [34] summarises the optimum generator sequences for

each constraint length in RSCC and [90] confirms these results by simulation.

To attain the optimum performance of the encoder, the initial and final states

of the encoder need to be known. Thence, code termination takes place after coding

the input sequence b, to return the encoder to its initial zero state.

+

+

+

b

s

p

M1 M2

Figure 4.2: Block diagram of (5,7,3) RSCC with Rc = 1/2.

At the receiver, there are two types of convolutional decoders: Viterbi decoder

with hard-output and maximum a− posteriori (MAP) decoder with soft-output.

Viterbi decoder finds the most likely path the input takes through a trellis diagram

to reach the output. The complexity of the Viterbi decoder is given by (kc×2mc) [90]

[91]. On the other hand, a MAP decoder, firstly invented in 1974 by Bahl, Cocke,
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Jelinek and Raviv (BCJR), estimates the aposteriori probability (APP) of the trellis

states and the transitions between them [92]. Given that the Viterbi decoder output

is hard, it does not perform well when the decoder is part of an iterative detector

because soft information must be circulated. Soft output Viterbi algorithm (SOVA)

overcomes this limitation, but when compared to the MAP decoder, MAP decoder

achieves better BER performance with lower complexity [90] [87]. For further

information about the trellis diagram and how the Viterbi and MAP decoders work,

readers are encouraged to refer to Appendix A.

4.1.2 Turbo Coding

The name turbo comes from the iterative nature of its decoder. Berrou etal. pro-

posed this class of codes in 1993, where they showed that using the BCJR decoding

algorithm, turbo codes outperform other codes in single carrier signals transmission

over flat and frequency selective fading channels [93]. A turbo encoder combines

two identical rate RSCC in a parallel concatenation arrangement, with an internal

pseudo-random interleaver (Πint.) of size kc bits between them, as shown in Fig.

4.3. The source bits b are the input to the first constituent encoder, while the sec-

b s

p1RSCC (1)

RSCC (2)∏int. p2

Figure 4.3: Turbo encoder block diagram.

ond encoder is fed by an interleaved version of the original data b́ [90] [94]. The

output of the turbo encoder consists of: systematic bits s; parity bits from the first

encoder p1; parity bits from the second encoder p2. Therefore, the coding rate is
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Rc = 1/3, as for each information bit, three bits are transmitted. In practice, to en-

hance the transmission system spectral efficiency, puncturing is used to achieve a

higher Rc, by reducing the amount of redundant information sent [94]. Punctured

codes are classified as systematic, partially systematic or non-systematic according

to whether all, some or none of the systematic bits are transmitted, respectively [95].

However, when it comes to turbo coding, most of the Hamming weight resides in

the parity bits. Consequently, if excessive puncturing is applied to the parity bits,

the effective minimum distance degrades significantly for higher code rates.

At the receiver, a turbo decoder is used to estimate the transmitted message bits

from the received coded bit stream. Fig. 4.4 shows the block diagram of a turbo de-

MAP 

Decoder 

(1)

MAP 

Decoder 

(2)

∏int. 

∏int. 

∏-1
int. 

Figure 4.4: Turbo decoder block diagram.

coder, which consists of two MAP decoders to produce soft estimates of the source

bits. For the case where puncturing is used, the mean value of b is inserted at the

positions of the punctured bits. The first decoder is fed by three inputs; received

systematic bits ŝ, received first parity bits p̂1, and a− priori information L1(b) to

produce soft estimates of the transmitted bits. Next, it evaluates the extrinsic infor-

mation L(e)
12 from the soft estimates, interleaves it and feeds it to the second decoder

as a− priori probabilities L2(b), in addition to the interleaved received systematic

bits ´̂s and second parity bits p̂2. The extrinsic information is generated from the sec-

ond decoder L(e)
21 by subtracting the a− priori information from the decoder output.
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Following this, L(e)
21 is de-interleaved and used as a− priori information L1(b) to

the first decoder in the next iteration. This process continues for a given number of

iterations or until a certain condition is met. Then, a hard decision is made upon

the sign of L(b) [89]. By increasing the number of iterations, a better error perfor-

mance is achieved to a certain extent, at the cost of increased decoder latency and

complexity.

After this general review about convolutional and turbo coding, next section

calculates the spectral efficiency of coded SEFDM systems, which will be used

later in this chapter to evaluate SEFDM system performance.

4.2 Coded SEFDM Systems Spectral Efficiency

In coded SEFDM, the spectral efficiency η , is expressed in terms of the compression

factor α , the modulation cardinality M, coding rate Rc, number of subcarriers N,

symbol rate Rs in symbol/Hz and the channel bandwidth B Hz as in

η =
Rs×Rc× log2(M)

α×B
, (4.3)

where B = N×∆ f . The related spectral efficiency gain ζ (relative to OFDM) is

simply defined as

ζ =
ηSEFDM−ηOFDM

ηOFDM
×100%

=

(
1
α
−1
)
×100%.

(4.4)

Fig 4.5 plots ζ versus α . Obviously, lower α results in a reduced occupied band-

width and higher ζ . The maximum spectral efficiency gain shown here is 67% when

α = 0.6, because signal detection becomes really difficult when lower α and two

dimensional mapping is used. In the following section, the coded SEFDM system

model is described.
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Figure 4.5: SEFDM spectral efficiency improvement percentage (ζ ) vs. α .

4.3 System Model with Coding
The work done on channel coding application to SEFDM systems are published

in [18] and [19]. Consider SEFDM system architecture block diagram depicted in

Fig. 4.6, where blocks with dashed edges are not within the initial simulated system

in [18] and they will be introduced later in this chapter. At the far left end of the

transmitter, a stream of bits b, b ∈ {0,1}, of length kc is encoded by the channel

encoder, followed by a mapper which maps each log2 M bits to a symbol z ∈ C

from the M-ary symbol alphabet, where M = 4 for QPSK. The sequence z is then
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Generation

Channel 

Encoder
∏ 
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Figure 4.6: SEFDM system block diagram.

divided into parallel streams, each of size N. Each parallel stream is modulated by

SEFDM subcarriers as was shown in (3.3). A simplified illustrative SEFDM signal

generation is described in this block diagram while the exact details of different
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methods of SEFDM generation are described in [57] [24] and Chapter 6. Finally,

the sampled parallel output of the IFFT is multiplexed to x.

For proof of concept, initially, a system only impaired by AWGN is consid-

ered and then the treatment is extended into SEFDM operating in a static multipath

frequency selective channel. A static frequency selective channel is chosen with an

impulse response of [96]

h(t) = 0.8765δ (t)−0.2279δ (t−Ts)+0.1315δ (t−5Ts)−0.4032e
iπ
2 δ (t−7Ts),

(4.5)

where δ (t) is the Dirac delta function. At the receiver, perfect synchronisation and

perfect channel estimation with a sufficient CP that totally eliminates ISI are as-

sumed. A temporal zero forcing channel equalisation is used to reverse the channel

effect, such as

ý = H−1×y, (4.6)

where H is the Q×Q circulant channel matrix of a multipath channel of length L, Q

is the number of samples in one SEFDM symbol. Following ZF temporal channel

equalisation, the equalised SEFDM symbols are demodulated to obtain ẑ, as was

shown in (3.4). Then, the symbols are demapped into their associated code bits.

The demapped hard bits are decoded using the channel decoder.

Fig. 4.7 plots BER versus Eb/N0 of turbo coded OFDM and SEFDM (α = 0.8)

for two different channel conditions; an AWGN channel and the aforementioned

static frequency selective channel. The system parameters are N = 1024, Rc = 1/2

and the number of decoder iterations is 8. By looking at the results, SEFDM reaches

an error floor in the AWGN case and the power penalty of SEFDM is more than

4 dB, when compared to OFDM for 20% bandwidth savings. In Fig. 4.7(b), 7

dB is considerably a high power level for turbo coded systems, yet, SEFDM BER

curve has not converged yet. Such error performance diminishes the advantage of

SEFDM.

To enhance SEFDM error performance, the above experiment limitations were

labelled: First, the demapper feeds hard bits to the decoder, however, to cope
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Figure 4.7: BER performance of turbo encoded SEFDM (α = 0.8) and OFDM signals,
N = 1024, with turbo decoder system of 8 iterations.

with the deteriorative effect of ICI, the replacement of hard demapper with a soft

demapper becomes essential [97]. The soft demapper feeds the decoder with log-

likelihood ratio (LLR) values that indicates the reliability of the decision by con-

sidering how far it is from the decision threshold. Second, to attain the optimum

performance of the decoder, the initial and final states of the encoder need to be

known. Trellis termination is performed by padding with tail bits after encoding

information bits to return the encoder to its all zeros state at the end of each input

block. However, due to the feedback connection of the RSCC in the turbo encoder,

the termination is not simply done by terminating the information bits with zeros,

but it needs to be done in a more complex two-stages termination criteria, as ex-

plained in detail in Release 13 version 13,1.0 of the 3GPP standards [98].

Consequently, the above issues were addressed and a drastic enhancement in

system performance is reported in [19]. This study is not limited to turbo codes only,

other channel coding types are tested and a concatenation of block coding with turbo

coding is evaluated. Furthermore, a temporal MMSE equaliser is used instead of

ZF equaliser to take into account the noise variance. The MMSE equaliser reverses

the channel distortion through the application of a linear filter to the received signal

time samples y. The filter coefficients are determined according to MMSE criterion
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using [99]

GMMSE = H−1 (IQ +σ
2
n IQ
)−1

, (4.7)

and yielding the output simply expressed in

ý = GMMSE×y, (4.8)

where IQ is an identity matrix of size Q×Q and σn
2 is the noise variance.

Also, an external block interleaver (∏ext) and de-interleaver (∏−1
ext) of size

equivalent to encoded bits c length nc, were introduced at the transmitter and re-

ceiver, respectively, as shown in Fig. 4.6. There are two reasons for using the

external interleaver; first it is used to insure that the assumption of c being inde-

pendent approximately holds for several iterations for the turbo equalisation appli-

cation. Second, in SEFDM system due to ICI, it has a burst error performance

similar to OFDM over frequency selective channels, thus, it scatters the error as

will be shown later. Unless otherwise stated, the results in this section are for the

parameters shown in Table 4.2.

Table 4.2: SEFDM with coding system parameters

Modulation QPSK

Turbo encoder
(5,7,3), Rc = 1/3 with zero biting(8 bits),

Inner interleaver size 2048, and output block size
(2048×3+8) = 6152

Turbo encoder with puncturing
(5,7,3), Rc = 1/2 with zero biting(8 bits),

Inner interleaver size 2048, and output block size
(2048×2+8) = 4104

Convolutional coding (5,7,3), Rc = 1/2

Systematic RS block code
(223,255,32),
Rc = 223/255

Serial concatenated coding
outer RS (223,255,32),

internal turbo, Rc =
223
255 ×

1
3 = 223

765
Turbo decoder Log-MAP decoder
Turbo decoder iterations 8
Convolutional decoder Viterbi Algorithm
SEFDM Symbol Size (N) 16
Channel (I) Additive white Gaussian noise (AWGN)
Channel (II) (4.5)
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The next section analyses the effect of several system parameters by examining

the BER performance and spectral efficiency.

4.4 Channel Coding Type

Different types of channel codes are explored in this study. RSCC rate (1/2); RS

block code (223,255,32); turbo code of original rate (1/3) and the serial concate-

nation of RS with turbo code. Fig. 4.8(a-d), shows the BER versus Eb/N0 results

for AWGN channels. In each figure, OFDM is used as a reference to evaluate the

efficacy of using a particular coding method for the SEFDM case. The results of

Fig. 4.8(a) proves the inability of block coding to correct the errors caused by

ICI. This is particularly evident from the error floor at high Eb/N0 and for higher

spectral efficiency gains (lower α). Hence, the option of using RS with SEFDM is

discarded.

Looking at RSCC (Rc = 1/2) of Fig. 4.8(b), it fares better compared to RS,

but still cannot cope with high level of interference for lower values of α . A 25%

improvement in η for (α = 0.8) has a power penalty of 3 dB compared to OFDM,

which is similar to the BER performance of uncoded OFDM, thus, if we calculate η

for both it is 2 b/s/Hz and 1.25 b/s/Hz for uncoded OFDM and convolutional coded

SEFDM (α = 0.8), respectively. To sum up, there is no benefit of RSCC with

SEFDM over uncoded OFDM, unless, the successive interference canceller of [13]

is utilized, where the concept of multi soft iterations is used with ICI cancellation.

A more detailed explanation of this turbo equaliser is discussed in the next chapter.

Turbo coding in Fig. 4.8(c) performs better than the aforementioned coding

schemes. For instance, the results of using turbo encoder of rate (Rc = 1/3) and 8

turbo decoder iterations indicate that for α = 0.8, a power penalty of 1 dB is re-

quired, compared to OFDM. Also, the turbo coded SEFDM is superior to uncoded

OFDM even with 67% improvement in η . Unlike the aforementioned channel cod-

ing types, there is an advantage of using turbo coding with SEFDM.

Looking up for further performance enhancement, a serial concatenation of

turbo with the outer block code of type RS is implemented. The coding rate of RS
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(c) Turbo coding (Rc = 1/3)
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Figure 4.8: SEFDM system QPSK BER performance with different coding algorithms
.

is (Rc = 223/255) thus, as shown in Table. 4.2, the resultant coding rate becomes

(Rc = 1/3×223/255 = 223/785), which means a reduction in η . The results of the

serially concatenated RS-Turbo coding in Fig. 4.8(d) shows a negligible improve-

ment when compared to turbo coding.

Given the better performance of turbo coding, in the following, further investi-

gations are undertaken to evaluate the impact of puncturing and number of decoder

iterations on ICI mitigation capabilities of turbo coding.

4.4.1 Coding Rate

Adaptive modulation and coding (AMC) is commonly employed to improve sys-

tem throughput and to optimise resources utilisation, by selecting the modulation
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and coding rates depending on the channel condition. Consider the BER results
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Figure 4.9: QPSK coded SEFDM system BER performance for different Rc and α with 8
turbo decoder iterations.

given in Fig. 4.9, for three different coding rates and compression levels. The dif-

ferent coding rates are achieved by puncturing the parity bits of an original turbo

code of rate Rc = 1/3. Puncturing the parity bits is introduced to increase Rc, for

example, in the case of Rc = 1/2, two bits are transmitted for each information bit,

one systematic and one parity. On the other hand, for Rc = 2/5 it means that for

each two information bits, 5 bits are transmitted where two of them are systematic

and the other three are parity bits.

Looking at the results, the system performance degrades by increasing the cod-

ing rate, because the number of redundant bits transmitted per information bit is

reduced. Therefore, there is a higher chance of erroneous detection at the receiver.
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Figure 4.10: Power penalty in dB due to puncturing the turbo encoder output, versus (1−
α).

In addition, it is noticed that by lowering α , the system becomes more sensitive

to puncturing. This is summarised in the chart of Fig. 4.10, showing the power

penalty in dB, due to puncturing, versus (1−α). To sum up, SEFDM is more prone

to puncturing compared to OFDM.

4.4.2 Number of Iterations

In a turbo coded system, by increasing the number of decoder iterations, better BER

performance is achieved, or in other words, the BER curve gets closer to Shannon

limit boundary [91]. Fig. 4.11 demonstrates the effect of increasing the number

of iterations on the BER performance for different compression factors. From the

results, expectedly, an enhancement in the performance is achieved by increasing

the number of iterations up to a limit where the benefit becomes negligible.

In pursuit of Mazo’s work [45], the same BER performance might be possible

for almost the same Eb/N0, using a more complex receiver, which in this case is

higher number of iterations. This can be seen by looking at Fig. 4.11 again, to

compare SEFDM to OFDM with lower number of iterations. For instance, SEFDM

α = 0.8 and 8 decoder iterations, has the same error performance of OFDM with 3

iterations.

In conclusion, SEFDM improves OFDM spectral efficiency, at the cost of

higher transmission power or higher number of decoder iterations (more complex
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(c) SEFDM, α = 0.7
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Figure 4.11: Turbo coded QPSK SEFDM system BER performance for Rc = 1/3 and dif-
ferent number of iterations

detector). To improve coded SEFDM system performance further, in the next sec-

tion, an external interleaver is introduced.

4.5 External Interleaver
Conventionally, interleavers have been used in communication systems with chan-

nel coding to scatter error bursts caused by a fading channel. However, in SEFDM,

even with a flat channel, due to the interference between its subcarriers and the

variation of the interference level, according to the location of the subcarrier, inter-

leavers become beneficial.

Based on the ICI formula in SEFDM given in (3.7), the amplitude of ICI on

each subcarrier versus the subcarrier index is given in Fig. 4.12 for unmodulated
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SEFDM system for N = 16 and N = 1024. From the figure, the correlation is not
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Figure 4.12: ICI amplitude versus subcarrier index for unmodulated SEFDM system with
N = 16,1024.

equal and the subcarriers in the middle experience more interference compared to

those on the edges. Furthermore, by reducing α , the interference amplitude in-

creases.

In any channel coded system, one of the important assumptions is that the

coded bits are independent. However, in SEFDM due to the ICI, this condition is

missed. To overcome this, a second stage external interleaver is used to enhance the

reliability of the coded system, where the coded bits are interleaved before mapping

[34]. This interleaver is of no benefit for uncoded systems and coded OFDM over a

flat fading channel.

An interleaver can be of two forms, a convolutional or block interleaver. In

this proposed system, the block interleaver is a rectangular array of the same size

of turbo encoder output nc = 6152 (i× j = 769× 8), by which it interleaves the

encoded bits by sequentially increasing the row number for each successive bit,

and filling the columns. The interleaved source data is then read out row-wise and

fed to the modulator. This has the effect of separating the original bits by 769-bit

period [34].

Fig. 4.13 presents the results obtained for the same turbo coded SEFDM of

the previous section, but with an external interleaver. A comparison between Fig.

4.13 and Fig. 4.11 shows the advantage of the external interleaver. For OFDM,
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(c) SEFDM, α = 0.7
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(d) SEFDM, α = 0.6

Figure 4.13: SEFDM turbo coded QPSK system BER performance with external inter-
leaver for Rc = 1/3 and different number of iterations

unfailing the above argument, the interleaver has no effect at all because there is no

ICI. In SEFDM for α = 0.8 and high number of iterations, no major enhancement

is reported as well. However, for SEFDM α = 0.6, due to the high ICI, even with 8

iterations, an approximately 1 dB power enhancement is achieved at BER= 10−5.

Finally, to compare this system model performance to the BER results pre-

viously shown in Fig. 4.7(b), when the signal propagates through the multipath

channel given in (4.5), the optimal parameters from the above investigations are

considered. BER results shown in Fig. 4.14 are for turbo coded signals of Rc = 1/3

and 8 decoder iterations and the external interleaver is used. Furthermore, the tem-

poral MMSE equaliser, discussed before in the system design is used to mitigate

the multipath channel effect. Results show a drastic enhancement in SEFDM and
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Figure 4.14: Turbo coded rate (1/3) QPSK SEFDM system BER performance over multi-
path channel.

OFDM performances, when compared to the turbo initial system model results in

Fig. 4.7(b). However, there is still performance degradation relative to the AWGN

case for both OFDM and SEFDM in Fig. 4.13. Moreover, SEFDM with lower

α becomes more prone to the multipath channel effect resulting in a higher power

penalty.

4.6 SEFDM versus OFDM
To summarise the work done in this chapter, a fair comparison between OFDM

and SEFDM is held given that both have the same spectral efficiency. The LTE 10

MHz scenario [100] is chosen for the upcoming simulation test. It is important to

mention that the extra overhead in LTE for the guardband, CP...etc, is not taken

into consideration in the following, as it is the same for all systems. Table. 4.3

shows the system parameters for the upcoming simulation test. SEFDM α values

are adjusted here to ensure OFDM and SEFDM systems have the same spectral

efficiency. The test is held over an AWGN channel, with external interleaver and 8

Table 4.3: SEFDM versus OFDM test parameters.

System label α Rs Msymbol/sec N α×B (MHz) M -QAM Rc η (b/s/Hz)
OFDM-1 1 9.00 600 9.00 8 1/3 1
SEFDM-1 2/3 9.00 600 6.00 4 1/3 1
OFDM-2 1 9.00 600 9.00 32 1/3 1.67
SEFDM-2 4/5 9.00 600 7.20 16 1/3 1.67
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decoder iterations. The simulation results are shown in Fig. 4.15.
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Figure 4.15: A comparison test between OFDM and SEFDM turbo coded systems.

The results indicate that for the same complexity and the same spectral ef-

ficiency, OFDM still outperforms SEFDM and the gap between the two systems

increases for a higher η . Thus, unlike AWGN noise impairments, even a powerful

channel coding such as turbo coding cannot fully mitigate the effect of ICI and a

more powerful interference canceller is necessary. Although results show OFDM is

superior to SEFDM, in specific scenarios, it might be preferable to achieve a higher

η by bandwidth compression, rather than using higher modulation order.

4.7 Conclusions
This chapter presented the basics of coded SEFDM systems, where different chan-

nel coding techniques were applied to enhance SEFDM error performance in

AWGN and frequency selective channels. The first trial for applying turbo coding to

SEFDM was not successful, as the error penalty of using SEFDM with 20% band-

width savings, instead of OFDM was approximately 4 dB. Thereafter, system model

issues were solved, such as the replacement of the hard demapper by a soft demap-

per and an accurate tail-biting of the turbo encoder was implemented to return the

encoder to its zero state at the end. These two alternations, plus utilising an MMSE

channel equaliser instead of ZF to take into account the noise variance, showed a

huge impact on the error performance and the advantages of using SEFDM became
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evident. This study is not limited only to turbo coding, the capability of RS, con-

volutional and serially concatenated codes in eliminating the interference effect in

SEFDM was investigated too. However, the results favoured turbo coding over the

other techniques, particularly with high SEFDM compression levels, with gain up

to 67% with limited power penalty, when compared to OFDM systems.

This conclusion initiated the investigation of the effect of different parameters

of turbo channel coding, when dealing with the interference in SEFDM. It is found

that SEFDM is more sensitive to code puncturing, relative to OFDM, with higher

power penalty gap for higher compression levels. Also, by increasing the number

of the turbo decoder iterations, the error performance improves, up to a limit where

it saturates and further increase will have a negligible effect.

An external interleaver was proposed to interleave the coded bits of the

SEFDM signals before the mapper to help in maintaining the channel coding ran-

domness, which is affected due to high levels of interference. This adjustment to the

system model proved to be of great advantage as it showed up to 1 dB enhancement

in coded SEFDM error performance.

Finally, to summarise this work, a fair comparison between OFDM and

SEFDM was simulated, given that both have the same spectral efficiency and the

same simulation parameters. Results showed that although coding improves the

error performance for SEFDM, as it indeed does for OFDM systems, there is still

a limitation, which is ICI. Therefore, further improvements in spectral efficiency

and the reduction in the power penalty require better removal of the interference

from the received signal. This has led to the development of a new type of SEFDM

receivers with interference cancellation, which is the topic of the next chapter.



Chapter 5

The Application of Successive

Interference Cancellation for

SEFDM Satellite Systems

This chapter is, in a way, an extension to the previous chapter where channel coding

proved its efficacy as a detector, even with high compression levels. This conclusion

has led to the successive interference canceller design, to benefit from the channel

decoder and to estimate the interference and cancel it gradually. The new SEFDM

receiver design is tested for satellite broadcast and broadband scenarios, where mul-

tiple carriers are frequency division multiplexed with a substantial overlap. In such

satellite communication systems, variable coding and modulation (VCM) is ad-

justed to satisfy pre-defined spectral efficiency values for a given quality index (QI)

for associated application. SEFDM adds more flexibility to the satellite systems

by introducing adjustable compression level variable. In this chapter, a mathemat-

ical model and simulation studies are presented, indicating promising gains to be

achieved for SEFDM transmission with advanced transceiver architectures.

The outline of this chapter is: Section 5.1 gives an overview of SIC types and

applications. Section 5.2 describes the digital broadcast satellite model to which

SEFDM signal with SIC is applied to. Section 5.3 details the simulation model,

followed by results analysis in section 5.4. Finally, conclusions are provided in

section 5.5.
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5.1 Successive Interference Cancellation
SIC may be defined as an iterative detection scheme, which aims to cancel the un-

wanted interference gradually from a given received signal. Thus, SIC usage guar-

antees a better estimate of the transmitted signal. The idea of an iterative detector

first appeared after the substantial performance gains of turbo coding and decoding

algorithms [93]. The first SIC was proposed by Douillard et al. to eliminate the

effect of ISI when the signal propagates through a multipath channel [101]. This

SIC consisted of a MAP detector and a convolutional decoder exchanging soft in-

formation for a certain number of iterations.

There are different types of SIC, depending on: i) the detector type (sometimes

called equaliser); ii) the decoder type; iii) the exchanged data format type (i.e. soft

or hard data). Soft linear detectors, such as ZF and MMSE are dominant in many

communication systems dealing with interference, where the detector feeds the de-

coder with soft information as a− priori probabilities [102]. However, these de-

tectors would perform poorly in ill-conditioned systems like SEFDM, because they

require matrix inversion. Non-linear detectors cope with the ill-conditioned issue,

mentioned above, better than linear detectors. For example, soft non-linear MAP

detector generates soft information in the form of a− priori probabilities without

any matrix inversion operations [103]. However, the main drawback of MAP de-

tectors is in its high complexity [103]. An alternative less complex SIC design is

the hard SIC, where the interference is estimated in each iteration, then subtracted

gradually in the following iteration [104].

Exhaustive analysis of soft and hard SIC to cancel ISI, ICI and multi-antenna

interference for OFDM systems is provided in the survey paper [105]. SIC has been

broadly used in different applications to deal with different kinds of interference

impairments, such as:

1. Code-division multiple access (CDMA): SIC is used to cancel the effect of

multi-access interference and ISI. In [102], a soft SIC is implemented, where

a soft-input/soft-output (SISO) linear MMSE detector exchanges extrinsic in-

formation with a convolutional decoder at each iteration, just as turbo decod-



5.1. Successive Interference Cancellation 106

ing does.

2. Ad hoc network: One of the applications of SIC is to minimise the sched-

ule length in an ad hoc network by decoding multiple transmissions at a

time [106] and enhance the network capacity [107]. In this application, hard

SIC allows a certain node to decode and subtract signals intended for the other

nodes within the network first, then decode their own signals [107]. Conse-

quently, it was shown that SIC leads to significant capacity gains [107].

3. Non-orthogonal signals: SIC has been successfully implemented for non-

orthogonal signals to estimate the ICI and/or ISI components and suppress

them from the received signal. For instance, a soft SIC, consisting of a MAP

detector and a turbo decoder, is used in single user FTN [108] and MIMO

FTN [109] systems, to estimate and subtract the interfering FTN signal at

each iteration. Furthermore, in [11], TFP signals use the same soft SIC, but

with LDPC decoder. In [13], hard SIC has been implemented for SEFDM

signals for use with convolutional coded signals, where within each loop, a

hard decision is made after the convolutional decoder, to estimate the inter-

ference amount from other subcarriers and then subtract it from the desired

one.

4. NOMA: Hard SIC is widely used in power NOMA, to separate different

users by detecting and cancelling the multi-user interference gradually, start-

ing with the closer one from the base station (highest power level), up to the

farthest user with the lowest power level, or worst channel conditions [110].

5. Vehicle to vehicle (V2V): A new application to hard SIC is V2V commu-

nications. SIC is used to to mitigate the effect of collision between signals

sent from different vehicles, by estimating the other interfering signals, then

subtract them from the desired one [111].

6. MIMO: SIC is used to remove co-channel interference in a layered space-

time MIMO architecture, where the interference resulting from MIMO-
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OFDM signals propagating in a multi-path environment [112] and from other

transmitted antennas at the receiver [113] will be estimated and subtracted.

For example, the authors in [114] use a soft SIC composed of a MAP detec-

tor and a turbo decoder, while in [104], a hard SIC is implemented to reduce

complexity with minimal performance losses.

7. Non-linearities: SIC based on Volterra-series expansion is designed in [115]

to cope with the ISI and non linearities resulting from the high power ampli-

fier (HPA) used in satellite systems.

In this work, the design philosophy of the hard SIC may be viewed as a synthesis

of the processes used in [104] and for convolutional coded SEFDM in [13]. The

SIC is formed of an LDPC decoder generating soft LLR values for the encoded

bits, which are used to generate, through mapping and ICI estimation processes,

approximate ”replicas” of the received symbols. Thereafter, these approximated

symbols in turn are used to cancel the interference, iteratively. The mathematical

model of the suggested SIC is provided in detail later in this chapter, as a part of

the implemented system model section. The following section gives an overview

of DVB-S2 multi-carrier system and discusses how the introduction of SEFDM to

such systems would be beneficial.

5.2 Applications on Satellite Systems
In DVB-S2 [116], VCM is commonly applied to optimise the spectral efficiency

and provide different levels of error protection to different service components (e.g.

SDTV and HDTV, audio, multimedia). Interference avoidance has been the domi-

nant paradigm in the design of conventional satellite communication systems. Fre-

quency division multiplexing (FDM) is used in the current DVB-S2 [116] and be-

yond the second generation (DVB-S2X) [117]. In such a system, multiple users

(subcarriers) share the same transponder to enhance payload mass efficiency [118].

The number of subcarriers is limited to (1≤ N ≤ 6) per transponder and the subcar-

riers are shaped using a RRC filter with different roll-off factors (0≤ β ≤ 1) [119].

Fig. 5.1 depicts the normalised frequency spectrum of DVB-S2 transpon-
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(b) OFDM (β = 0,α = 1) case.
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(c) SEFDM (β = 0,α = 0.8) case.

Figure 5.1: DVB-S2 transponder for four carriers and different signals formats.

der, for the case N = 4 and the transponder bandwidth BOMUX . In Fig. 5.1(a),

to avoid ICI between the subcarriers and to ensure that a simple receiver struc-

ture can effectively recover the transmitted information, the frequency spacing is

∆ f = (1+β )×Rs/4, where β = 0.25 and Rs is the symbol rate. RRC shaped car-

riers lead to a wider bandwidth when compared to OFDM (β = 0) for the same

symbol rate, as shown in 5.1(b). Furthermore, RRC pulse shaping results in higher

PAPR, but the OOBE decays at a faster rate than that of unshaped OFDM signals,

resulting in lower interference between adjacent users.

SEFDM may serve the same purpose of enhancing the spectral efficiency for

DVB-S2 systems by reducing the transponder required bandwidth, as demonstrated
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in Fig. 5.1(c) for α = 0.8. Improving the achievable spectral efficiency without

increasing the constellation order can be considerably convenient, since it is well-

known that low-order constellations are more robust to channel impairments, such

as time-varying phase-noise and non-linearities [120]. The concept of packing the

adjacent channels within a transponder beyond orthogonality was firstly introduced

to satellite systems in 2002, where the spacing between the RRC subcarriers was

reduced [121]. A SIC, similar to the one implemented for CDMA systems [102],

was implemented to reduce the interference effect. Later, different methods were

proposed purposely to deal with the ICI and non-linear interference in DVB-S2

systems. For instance, a Volterra filter, at the receiver, was implemented for two

users (two RRC subcarriers) sharing the same transponder in [122]. Consequently,

this Volterra filter was used either as a part of a SIC [123] or as a pre-distorter

at the transmitter [118], for DVB-S2 systems with three or four subcarriers per

transponder for further performance enhancement.

The spectral efficiency issue of DVB-S2 system attracted other non-orthogonal

signalling formats. In [124], time packing, which is another term for Faster-than-

Nyquist was studied. The resulting interference from time packing is reduced us-

ing either the soft-input soft-output Volterra-series expansion or an MMSE turbo

equaliser [115]. However, results showed a no guaranteed spectral efficiency ad-

vantage of time packing with the aforementioned filters [124]. TFP is applied

in [120], to maximize the spectral efficiency for a single-carrier-per-transponder

DVB-S2/S2X system. The results show that even with a suboptimal detector, simi-

lar to [115], it is possible to achieve up to 40% spectral efficiency advantage.

In this Chapter, when SEFDM spectral efficiency and BER performance are

examined, OFDM is the reference because SEFDM does not use any pulse shaping.

DVB-S2/ DVB-S2X systems employing SEFDM may deliver broadcasting services

over multiple transport streams, providing differentiated error protection (variable

coding compression and modulation (VCCM) mode) to different service compo-

nents (e.g. SDTV and HDTV, audio, multimedia). The lookup Table 5.1 (which

may be stored in the memory of the transmitter) can be utilised to adjust the system



5.2. Applications on Satellite Systems 110

parameters according to a given service QI. In this work, the modulation and coding

examined are taken from the satellite standards DVB-S2 [116] and DVB-S2X [117],

where eight different coding rates (Rc) are used with two constellation (M) levels

(QPSK, 8-PSK) and the use of seven SEFDM compression factors is further exam-

ined. Adapting the standard definition of spectral efficiency (η) bit/s/Hz [116], to

account for the compression factor α , η becomes

η =
log2(M)×Rc×Rs

BOMUX
, (5.1)

where Rs is the symbol rate and BOMUX = (1 + β )× α × Rs is the output mul-

tiplexer (OMUX) bandwidth. SEFDM reduces the total occupied bandwidth, as

shown in Fig. 5.1, or increases the throughput by increasing the number of users

(subcarriers) per transponder. For example, if an SEFDM system with α = 0.8 were

to be used assuming the same coding and modulation order as in an OFDM system

serving four users, then an SEFDM system would be capable of serving five users

per transponder while maintaining the OFDM bandwidth or alternatively serve four

users whilst saving 20% of the OFDM bandwidth. The second case is adopted in

this work (i.e. the transponder bandwidth is adjustable).

Although this study focuses on optimising satellite systems spectral efficiency

and assumes the system is operating in the linear region of the amplifier, it is impor-

tant to emphasise the interesting results in [78], which shows that SEFDM exhibits

lower PAPR compared to OFDM and that the PAPR of SEFDM decreases by in-

creasing bandwidth compression. Thus, the possibility of SEFDM signal to reach

the saturation region of the HPA is lower than that of OFDM signal and this is

considered as an extra advantage for the use of SEFDM in satellite systems.

A question that may be raised is: Instead of bandwidth compression, why not

increase M or reduce Rc to achieve a better spectral efficiency? To address this

and validate the main argument of SEFDM employment and show its usefulness,

extensive simulations are carried out for each group in Table 5.1 where the BER

performance is compared to indicate the best VCCM. Four different signal groups

are studied where, in each group, the SEFDM signal occupies smaller bandwidth
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Table 5.1: Lookup table for mapping QI to compression factor, coding rate and modulation

Group (QI) η (bit/s/Hz) α Rc log2(M)

I 0.67 1.0 1/3 2
0.75 1/4 2

II 1.8 1.0 9/10 2
1.0 3/5 3
0.67 3/5 2

III 2.25 1.0 3/4 3
0.8 3/5 3
0.89 2/3 3
0.71 4/5 2

IV 2.7 1.0 9/10 3
0.83 3/4 3
0.67 3/5 3
0.67 9/10 2

than that of an OFDM signal, therefore, the SEFDM and OFDM signals studied

have the same spectral efficiency.

5.3 SEFDM DVB-S2X Transceiver System Model

5.3.1 Transmitter

Consider the SEFDM system architecture depicted in Fig. 5.2. At the transmitter,

in the first stage, a stream of bits b ∈ {0,1} are encoded by the outer BCH encoder

followed by an LDPC inner encoder. The BCH encoder is used to correct sporadic

errors made by the LDPC decoder. The QI specified at the transmitter sets the code

rate.

LDPC coding is a linear block channel coding technique. Gallager invented

LDPC in 1962, during his doctoral studies [125], which was supervised by Elias,

who invented convolutional coding [87]. However, the limitation in technology
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Figure 5.2: Transceiver block diagram.
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by that time margined LDPC, and it only became well-known and used after the

success of the iterative turbo decoding [87]. An LDPC encoder invokes multiplying

by a sparse parity check matrix H(nc−kc)×kc , where each kc bits are encoded to a

codeword of size nc bits [125]. There are two types of LDPC coding depending on

the sparse matrix form; regular and irregular [87].

In DVB-S2, irregular LDPC coding is used, where for each code rate, a parity

check matrix is specified. The output is always of size nc = 64,800, while the length

of the information bits (kc) depends on the desired coding rate Rc [117].

The encoded bits c ∈ {0,1} are interleaved by an external block interleaver

(∏ext) with equivalent size of 64,800 bits [116]. The interleaver ensures that the

independence of c approximately holds for several turbo equalisation iterations at

the receiver.

The encoded bits c of the baseband frame are then mapped. The QPSK/ 8-PSK

mapper converts each log2 M bits to a symbol z from the M-PSK symbol alphabet

Z = {z1,z2, ...,zM}, z ∈ C. The mapping considered here is taken from the DVB

standards [117] [116], with the symbol alphabet of zero mean (M−1
∑

M
j=1 z j = 0)

and unity energy (M−1
∑

M
j=1 |z j|2 = 1).

The mapped symbols sequence z is then divided into N parallel streams. In

DVB-S2X, the maximum number of subcarriers per transponder is six [117]. These

may be divided into filtered groups [119] or taken as one group of subcarriers [118],

where four FDM subcarriers are used per transponder. Here, we adopt similar spec-

ifications to [118], with four subcarriers, but we apply OFDM and SEFDM modula-

tion characteristics. Each parallel stream is modulated onto SEFDM subcarriers by

means of an IFFT as shown previously in the SEFDM system model, where the QI

defines the compression factor (α). The sampled parallel output of the IFFT is mul-

tiplexed to x, up-converted to the Ku frequency band ( fc GHz) using the in-phase

and quadrature components (IQ) modulator to obtain the bandpass signal given by

xT = ℜ{xe j2π fct}. (5.2)

Subsequently, the real modulated stream of the SEFDM symbols xT goes through
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the input multiplexer (IMUX) filter to select the desired group of N subcarriers and

limit the interference with adjacent subcarriers. The IMUX output is then amplified

by an HPA and finally, filtered again by the OMUX filter at the far end of the gate-

way to limit the interference to neighbouring subcarriers before x′T is transmitted

over the satellite downlink channel.

In multi-carrier formats satellite-based physical layer modulation studies, the

large scale variation and co-channel interference may be ignored since these are

independent of the signalling format used [126] and with high power signal being

sent along a line of sight channel, small signal variations are negligible as well.

For simplicity, the HPA is assumed to operate in its linear region as assumed by

other work of [121]. The IMUX, OMUX and HPA transfer characteristics are also

assumed to be ideal, since the standards (H.7) in [116] consider linearised HPAs

and a highly selective IMUX and OMUX filters. Hence, in this model, ICI and

AWGN (w) are the main distortions of the received signal y. The full details of

such impairments in SEFDM signals have been already explained in the SEFDM

system model in Chapter 3.

5.3.2 Receiver

At the first stage of the receiver, shown in Fig. 5.2, the received bandpass signal

yT is down-converted to its baseband complex equivalent y, using a down-converter

and a low pass filter (LPF) combination. To obtain estimates ẑ of the transmitted

symbols, demodulation of y is then performed using matched filters by means of

an FFT. Subsequently, the symbols estimates will be used to detect the message

transmitted. In the following, the design model of the two approaches implemented

to remove ICI is detailed.

5.3.2.1 Matched filter:

The block diagram of approach I in Fig. 5.2, shows the design for a classical re-

ceiver. In the first stage, the estimated symbols ẑ are demodulated by employing an

approximate LLR algorithm to obtain soft bit estimates ĉ. Then, the soft bits are

deinterleaved and the LDPC decoder decodes the deinterleaved soft bit values to
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generate hard decisions. LDPC decoding is similar to that of turbo coding, where

a belief propagation method runs iteratively until a valid codeword has been found,

or a pre-determined maximum number of iterations is reached (50 iterations is the

most common). In irregular LDPC coding, the bit nodes with high degrees (i.e.

higher number of connections between bit and check nodes) collect more informa-

tion from their connected check nodes while decoding, and they get corrected first

after a small number of iterations. Then, they help the other bit nodes get corrected

through iterative decoding [127]. Finally, the BCH decoder works on these hard

decisions to create the final estimate of the received bits b̂.

5.3.2.2 SIC:

The receiver implementation is shown at the bottom of Fig. 5.2 (Approach II),

where the feedback processes are shown in dashed lines. At the first iteration

(it = 1), the initial estimate vector ẑ1 is the output of the FFT. The LDPC de-

coder is fed by soft bits cit from the de-interleaver, where the index (it) indicates the

iteration number. There are two outputs from the LDPC decoder; the soft LLRs of

the encoded bits cit used to update the encoded stream shown in the figure and the

extrinsic LLR information (inside the LDPC decoder block and therefore not shown

explicitly in the figure) that will be fed to the LDPC decoder as a− priori informa-

tion in the next iteration. The updated encoded stream is mapped again via QPSK/

8-PSK mapper to git . The new estimate git of the transmitted symbols is then used to

cancel the interference. The non-diagonal elements of the cross correlation matrix

Λ (discussed previously in Chapter 3 (3.7)) represent the ICI between subcarriers in

SEFDM systems and can be expressed by the N×N interference canceller matrix

ϒ. This special matrix is generated by setting the diagonal of Λ to zeros as shown

below

ϒ = Λ− IN , (5.3)

where IN is an (N×N) identity matrix. The resulting ϒ is then multiplied by the

estimated vector symbols git to evaluate the estimated ICI, given by the term (ϒ×

git). The estimated ICI is subtracted from the initial estimates ẑ1, as stated in (5.4),



5.4. Results 116

to give ẑit+1, which forms the input to the next iteration.

ẑit+1 = ẑ1−ϒĝit

= ẑ1− (Λ− IN)ĝit

= ẑ1−Λĝit + ĝit .

(5.4)

For clarification, consider the case of the first iteration, where the input to the SIC

is the output of the receiver FFT ẑ1. By substituting ẑ1 in (5.4)

ẑ2 = ĝ1 +Λ(z− ĝ1)+Φ
Hw. (5.5)

The second term on the right hand side of (5.5) represents the difference between

the actual interference and estimated interference, hence, if the SIC is converging

properly, this term should become smaller after each iteration. After the last iter-

ation, a hard decision is made on the output of the LDPC decoder and the BCH

decoder in the final stage estimates the transmitted information bits b̂.

5.4 Results
In this section, simulated BER and constellation diagrams are generated for the

case of DVB-S2/S2X TV broadcasting. The signal and system parameters used are

shown in Table 5.2.

Table 5.2: Signal and system modelling parameters

Parameters Value
Symbol rate 27.5 Msymbols/s
Symbol duration (Ts) 36.36 ns
SEFDM symbol size (N) 4
SEFDM symbol duration (T ) N×Ts
Subcarrier Spacing α/(N×Ts) = α×6.875 MHz
Satellite transponder bandwidth α×27.5 MHz
Modulation format QPSK; 8-PSK
Coding Rate 1/3; 1/4; 9/10; 3/5; 3/4; 2/3; 4/5
α 1; 0.75; 0.67; 0.8; 0.89; 0.71
LDPC decoder number of iterations 50
SIC number of iterations 1
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5.4.1 Without SIC

Fig. 5.3 shows the BER results versus Eb/N0 in dB, using the single-user matched

filter receiver described previously with 50 LDPC decoder iterations for the differ-

ent groups of Table 5.1. The minimum BER achieved in the simulations is 10−5,

which leads to almost free packet error rate (PER) [116].

In the simulations to follow, to allow fair comparison for given values of spec-

tral efficiencies, both the bit rate and occupied bandwidth were adjusted for each

group and the results are shown in Fig. 5.3. For clarity, the arrangement is held

by subdividing the results according to the spectral efficiency (i.e. QI used), where

the legend contains three values; α , Rc and log2 M, respectively. The first group

(η = 0.67 bit/s/Hz) in Fig. 5.3(a) shows the advantage of using SEFDM with a

lower coding rate rather than OFDM, as 0.8 dB power advantage is evident for the

same BER performance, with a detector similar to what is typically used in multi-

carrier satellite systems. This SEFDM scenario occupies 25% smaller bandwidth

relative to an OFDM system with the same spectral efficiency.

The results of group II and III for higher values of η show that if the com-

pression factor satisfies Mazo’s limit (i.e. α ≥ 0.8), SEFDM slightly outperforms

OFDM and with lower α there is no performance advantage of using SEFDM (e.g.

Fig. 5.3(b)) in terms of power savings. Finally, for η = 2.7 bit/s/Hz for group IV

in Fig. 5.3(d), the system becomes more prone to ICI, thus, for α less than Mazo’s

limit, the error floor is high and the system does not converge.

To conclude, in terms of power saving, SEFDM with a single-user matched

filter receiver is beneficial but only for low η . To attain a system advantage, a

more sophisticated receiver is required. Consequently, the SIC, discussed above, is

implemented and examined in the following section.

5.4.2 With SIC

The constellation diagrams of Fig. 5.4 prove the capability of the SIC in reducing

the ICI with only one turbo equaliser iteration for the case of α = 0.8. The first

column is for the case of QPSK, where the SEFDM constellation of (b) turns into

(c) after one iteration and this constellation is similar to the interference-free case
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Figure 5.3: SEFDM system BER performance for the different QI groups with matched
filter receiver design and different VCCM parameters (α , Rc, log2(M)).

of OFDM (a). The same can be observed with the second column of Fig. 5.4 for

the 8PSK case.

The system advantage of using SIC becomes even more apparent when consid-

ering the BER performance for SIC approach, which is tested for the same param-

eters of matched filter approach and results are shown in Fig. 5.5. The advantage

of SEFDM over OFDM with one SIC iteration for the same η is clear for the four

different groups. SEFDM saves bandwidth compared to OFDM and requires less

power while maintaining the same BER performance. For instance, a 33% band-

width and 2.8 dB power savings are guaranteed for group IV (η = 2.7 bit/s/Hz).

However, no enhancement is gained without a pay-off and, in this case, it is the

increase in detector complexity compared to the matched filter approach.
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Figure 5.4: The constellation diagrams for the received QPSK/ 8PSK symbols (a) & (d)
OFDM, (b) & (e) SEFDM (α = 0.8) before SIC iteration and (c) & (f) SEFDM
(α = 0.8) after one SIC iteration.
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(b) Group II: η = 1.8 bit/s/Hz
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Figure 5.5: SEFDM system BER performance for the different QI groups with SIC receiver
design and different VCCM parameters (α , Rc, log2(M)).

The results reported here are based on system parameter adjustments to effect

the same spectral efficiency values, in other words the number of subcarriers was

the same for all experiments (N = 4) but the bandwidth and information bit rates

were changed to maintain equal values of η . It is worth noting that the advantages of

SEFDM can be also demonstrated when comparing systems of the same bandwidth,

where the number of SEFDM subcarriers is increased relative to that of an OFDM

system of the same spectral efficiency. For such scenarios, the number of required

iterations will be increased but the error rates will be the same as those of Fig. 5.5.
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5.5 Conclusions

This chapter discusses new system design to increase the spectral efficiency of high

spectral efficiency satellite communication systems through the employment of a

finite constellation SEFDM signals, coupled with LDPC channel coding and ad-

vanced interference cancellation processing via SIC turbo equalisation system. A

special case for DVB-S2 is considered, where SEFDM provides more degrees of

freedom to optimise the system, compared to orthogonal signals, by using VCCM.

In addition to the original single-user matched filter receiver with soft demap-

ping (approach I), a turbo equaliser based on SIC (approach II) has been developed.

The second approach overcomes the ICI problem and ameliorates ICI effects by

subtracting the interference gradually.

BER performance analysis, obtained by system modelling and computer sim-

ulations, provide significant insight to these two approaches. A fair comparison is

held by amending the bandwidth and information bit rates of SEFDM and OFDM

signals to maintain the same spectral efficiency. Results show that SEFDM saves

bandwidth compared to OFDM and requires less power while preserving the same

BER performance. For high spectral efficiency values, interference cancellation be-

comes necessary to gain the predicted SEFDM advantages. For this purpose, the

SIC method proposed shows its capability of reducing interference even with only

one iteration.

SEFDM can be beneficial in another scenario, where the number of SEFDM

subcarriers per transponder increases to maintain OFDM bandwidth rather than sav-

ing bandwidth for the same OFDM spectral efficiency. For such scenarios, the num-

ber of required iterations will be increased when the system is operating at relatively

high spectral efficiency values, but for the same BER performance.

The analyses presented in this work allows the choice of an appropriate equali-

sation method for the given scenario. Our studies show that SIC is the most suitable

method, as SIC is based on simple mathematical subtraction operation. Although

there are compromises in terms of additional receiver complexity and added latency

due to the iterations, the results of this work indicate possible new system design
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directions to improve further the spectral efficiency beyond what is used in today’s

FDM based DVB standards.

The work done in this chapter may be further extended to account for non-

linearities introduced by the HPA. This is essential to show the PAPR advantage of

SEFDM besides BER performance. Finally, the recent work in [128], introduced a

new layer of multi-carrier modulation to satellite systems, where each user within a

transponder is an OFDM signal instead of a conventional single-carrier signal. This

introduces a new potential for SEFDM to enhance future satellite systems spectral

efficiency, where each sub-channel within a transponder is an SEFDM signal.



Chapter 6

Robust Channel Estimation and

Application to 5G New Radio

When a signal propagates through a multipath channel, it will be impaired by the

channel effects, which varies according to the type of the channel encountered.

Usually, an equaliser is used at the receiver, to compensate for the channel effects.

To do so, a knowledge of the channel state information (CSI) is required and such

knowledge is typically acquired by performing channel estimation.

In general, channel estimation is a topic extensively researched for OFDM

systems, while most published research articles on non-orthogonal signals assume

a perfect knowledge of the channel. Channel estimation may be a hindrance

to SEFDM signals practicability, considering the compressed subcarriers feature.

Thus, it is essential to consider channel estimation methods and to realise their ef-

fects on system performance.

In a multi-carrier signal transmission, the channel estimation is processed ei-

ther in the time domain or the frequency domain. For a time-varying frequency

selective channel, time domain channel estimation is proved to perform better than

frequency domain [129]. However, time domain estimation suffers from cubic com-

plexity growth, because it requires matrix inversions and this is a burden that limits

its practical utilisation. The matrix size depends on the OFDM symbol size and the

number of channel delay taps (i.e. the number of paths the signal propagates through

in a multipath channel) [86]. This limitation was among the main reasons of OFDM
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adoption in current communication systems, as it allows a simple yet accurate es-

timation and equalisation of channel effects in the frequency domain. However, in

SEFDM, the dual distortion of non-orthogonality interference and multipath chan-

nel effects compounds the difficulty and reduces the accuracy of channel estimation

relative to those of OFDM systems.

This chapter explains the structure of the SEFDM signals in the time domain to

design a novel frequency domain channel estimation scheme for SEFDM signals.

The proposed scheme is distinguished by its simplicity, low computational com-

plexity and high accuracy. Owing to the explicit benefit of the proposed frequency-

domain channel estimation scheme, any substantial increase in the system com-

plexity is not imposed regardless of the SEFDM compression factor and number of

channel taps. In order to provide further insights, the proposed estimation scheme

efficacy is assessed by evaluating its: i) estimation accuracy; ii) computational com-

plexity; iii) pilot generation and iv) the application of the new estimation scheme to

5G new radio (NR) framework to enhance its spectral efficiency. The development

of this new estimation scheme has also brought forward an issue not studied before

about the generation of continuous CP for SEFDM.

The outline of this chapter is: Section 6.1 summarises the developed time do-

main channel estimation schemes for non-orthogonal signals. In section 6.2, the

current frequency domain channel estimation schemes for non-orthogonal signals

are outlined and the novelty of the developed work here is highlighted. Section 6.3

demonstrates a mathematical model of SEFDM transmission over multipath fre-

quency selective channels. Section 6.4 describes two frequency domain channel

estimation schemes, while section 6.5 introduces the scheme developed as part of

this work. To justify the proposed scheme efficiency, section 6.6 compares the com-

plexity and performance of the different frequency estimation schemes. Thereafter,

section 6.7 describes a simulation study of the application of the developed scheme

to SEFDM 5G new radio (NR) frames, before conclusions are drawn in section 6.8.
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6.1 Time Domain Estimation Schemes

In time domain channel estimation schemes, a burst of transmitted symbols are

dedicated to convey a pre-determined pilot sequence. The receiver works out the

channel response based on the received signal and the knowledge of the pilots used

[8].

Two time domain channel estimation schemes for SEFDM systems were devel-

oped in [15] to estimate the CSI circulant matrix coefficients. In the first scheme,

an SEFDM symbol carrying the pilot signals is transmitted, while in the second

scheme, the pilot signals modulate a pre-defined mutually orthogonal subset from

the SEFDM symbol to reduce the ICI effect [15]. Both estimation schemes proved

to be reasonably accurate, however, their complexity is impractical because they

require matrix inversion. For example, the SEFDM transmission over the static 60

GHz radio over fiber experiment in [71], utilised the former estimation scheme,

given the fact that the channel was static and the estimation process was done off-

line.

Another time domain channel estimation scheme was designed explicitly for

SEFDM visible light communication (VLC) systems in [82]. This scheme, termed

recursive least square (RLS), recursively finds the filter coefficients that minimize a

weighted linear least square cost function related to the input signals [130]. Again,

the limitation of this scheme is in its complexity, as the training symbols have to

go through multiple iterations (1,000 in this experiments) to achieve a reasonably

accurate estimation.

As verified in the previous chapter, the iterations between the detector and the

decoder in the SIC result in more accurate estimates of the transmitted signal, when

compared to other suboptimal receivers. This conclusion led researchers to apply

an iterative channel estimation and decoding process. Recently, a joint iterative

time domain channel estimation and decoding scheme is proposed for FTN systems

in [131]. The advantage of this scheme is in reducing the number of pilot symbols

and enhancing the estimation accuracy. However, the complexity of this scheme

is dominated by multiple matrix inversions in each iteration, where the matrix size
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depends on the length of FTN-induced ISI considered at the receiver and the number

of channel taps (channel length). The complexity is even higher, given the iterations

between the channel estimator and the decoder [131]. To conclude, an iterative time

domain estimation scheme is impractical when dealing with non-static or fast fading

channels. If the channel time variance is faster than the channel estimation process,

then the estimation accuracy will get worse.

6.2 Frequency Domain Estimation Schemes

To estimate the channel in the frequency domain, pilot symbols are sent at prede-

fined frequencies to determine the channel response at such frequencies [8].

For single-carrier FTN systems, a joint iterative channel estimation and equal-

isation scheme in the frequency domain is proposed in [132]. If this scheme is

implemented for a coded FTN system, then three decoders exchanging information

in each iteration are required. Although the estimation accuracy is enhanced gradu-

ally in each iteration, the complexity and delay due to the estimator iterative nature

limit the scheme practicality, which is a similar problem to the limitation of the time

domain iterative scheme of [131].

To allow using the existing OFDM frequency domain channel estimation

scheme for non-orthogonal signals, the concept of dividing the transmitted sig-

nals into orthogonal and non-orthogonal multiplexing regions was firstly proposed

in [133]. In this work, to enhance the LTE system spectral efficiency, the informa-

tion signals are FTN OFDM/ O-QAM while the pilot signals are multiplexed in the

orthogonal region to decrease the ISI and ICI incurred from the FTN signalling to a

very low level. The same concept was followed in the 24 Gbps SEFDM signals co-

herent optical transmission experiment reported in [16], where the transmitted block

is divided into orthogonal and non-orthogonal multiplexing regions. The orthogo-

nal region is used specifically for channel estimation based on LS [16]. However, in

this work interpolation is required, which increases the estimation complexity and

reduces its accuracy [16]. Section 6.6 evaluates the complexity and performance of

this scheme.
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A new frequency domain channel estimation scheme is developed to allow a

real-time accurate channel estimation for SEFDM systems. In this scheme, the pilot

symbols, in the orthogonal region, use the same number of subcarriers and the same

frequency spacing of SEFDM signals used to transmit data, while maintaining the

orthogonality. As a result, a simple and accurate channel estimation is guaranteed

at the expense of slightly increased pilot duration overhead [21].

In the meantime, [134] and [135] were published along the lines of the afore-

mentioned idea. In [134], the authors implemented an estimation scheme termed

robust channel processor (RCP), which uses OFDM pilot symbols to estimate the

channel frequency response (CFR). The implemented scheme is applied to an ex-

perimental FTN non-orthogonal FDM VLC testbed and managed to transmit data

at 1.76 Gbps rate over 2 m free-space transmission [134]. The work of [135], uses

OFDM training pilot symbols to estimate the channel in an SEFDM LTE like sys-

tem.

Against this background, the novelty of the work developed as part of this PhD

and presented in [21], [24] and this chapter, are as follows:

1. The structure of SEFDM signal in the time domain, which led to developing

the proposed scheme, is explained.

2. The estimation accuracy of the proposed scheme is compared to the other

frequency domain channel estimation schemes.

3. The computational complexity of the proposed scheme is compared to the

other frequency domain channel estimation schemes.

4. The generation of the pilot symbol for the proposed scheme is explained,

where the IFFT used to generate the data SEFDM symbols, generates the

pilot symbol too.

5. Based on the structure of SEFDM signal in the time domain, an explanation

of the proper generation of continuous CP for SEFDM signals is given.
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6. The efficiency of the proposed scheme is validated by applying it to a 5G NR

framework and compare its error results and throughput to a 5G OFDM based

system.

6.3 SEFDM Signals Over Multipath Channels

In this thesis, up to this point, SEFDM signals transmission was modelled for

AWGN channels only. In this section, a mathematical model of SEFDM transmis-

sion over multipath frequency selective channel is demonstrated. It should be noted

that some of the upcoming equations were previously introduced in SEFDM system

model in Chapter 3, but repeated here for ease of reference. An SEFDM-modulated

symbol is expressed as

xk(t) =
N−1

∑
n=0

zk,n exp(2π jnα∆ f (t− kT )), (6.1)

where z ∈ CN×1 are a complex QAM baseband symbol of duration Ts, N denotes

the number of subcarriers, zk,n is the QAM symbol modulated by the nth subcarrier,

T =N×Ts is the SEFDM signal duration and ∆ f = 1/T is the orthogonal frequency

spacing between subcarriers and α ∈ (0,1] is the compression factor. If the signal

in (6.1) were to be transmitted over a frequency-selective multipath channel of L

paths, the received signal can be expressed as

yk(t) = ∑
L

γlxk(t− τl)+wk(t), (6.2)

where γl , τl are the complex amplitude and delay of the lth path, respectively. wk is

the AWGN.

At the receiver, the estimated symbol at the nth subcarrier ẑk,n affected by the

channel and contaminated by interference resulting from the non-orthogonal nature
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Figure 6.1: Transceiver block diagram.

of the SEFDM signal can be expressed as

ẑk,n = yk(t)exp(−2π jnα∆ f t)

= ∑
L

γl[
N−1

∑
m=0

zk,mΛ(m,n)× exp(−2π jmα∆ f (kT + τl))]+wk(t)exp(−2π jnα∆ f t)

=
N−1

∑
m=0

zk,mhk,mΛ(m,n)+wk(t)exp(−2π jnα∆ f t),

(6.3)

where hk,m = ∑L γl exp(−2π jmα∆ f (kT + τl)) is the multi-path CFR acting on the

mth subcarrier of the kth SEFDM symbol and Λ(m,n) is the cross correlation be-

tween the subcarriers m and n represented earlier in (3.7).

A high level transceiver design is shown in Fig. 6.1, to give a general idea

about CFR estimation for SEFDM signals over a multipath channel. In this work,

a CP of sufficient length is added to validate the assumption of null ISI between

adjacent SEFDM symbols.

It is convenient to describe the transceiver process in the digital domain through

a linear model. A demodulated SEFDM symbol ẑk from (6.3) can be expressed in a

matrix form as

ẑk = ΛHkzk +Φ
Hwk, (6.4)

where ẑk, zk and wk are CN×1 vectors of the kth demodulated, transmitted baseband

symbols and the white noise, respectively. Hk ∈ CN×N is a diagonal matrix, where

its diagonal element Hn,n is the CFR coefficient on the nth subcarrier of the SEFDM

signal and Λ ∈ CN×N is the subcarriers correlation matrix.

Let p ∈ CN×1 be the pilot symbol with the same characteristics of z. Then,
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from (6.4), the demodulated pilot may be presented as

p̂ = Λh�p+w, (6.5)

where � denotes element-wise multiplication and h is the diagonal of H.

6.4 Modelling and Analysis of Existing Frequency

Domain Estimation Schemes
In this section, two existing frequency domain channel estimation schemes are dis-

cussed and a newly developed one is introduced and explained afterwards. Scheme I

is based on the time domain channel estimation scheme of [15], but is implemented

here in the frequency domain instead. Scheme II is similar to the estimation scheme

of the optical experimental work of [16].

6.4.1 Scheme I: Interpolated Partial Channel Estimation

Partial channel estimation (PCE) is based on the observation that there are subsets

within the SEFDM subcarriers that can be mutually orthogonal. For α = b/c where

b,c ∈ Z, b < c, N > c, there are dN/cemutually orthogonal subcarriers (|Λm,n|= 0)

for α(m− n) ∈ Z, where d.e is the ceiling function [15]. A visual representation

of this scheme is given in Fig. 6.2, for N = 16 and α = 0.8. From the figure, the

pilot symbol consists of a subset of d16/5e= 4 mutually orthogonal subcarriers, lo-

cated at the frequencies (0,4∆ f ,8∆ f ,12∆ f ). Another subset may be used, as long

as the subcarriers are orthogonal. Thus, the pilot is sent only over the mutually

orthogonal subcarriers while the rest of the subcarriers are unmodulated during pi-

lot transmission. This type of arrangement overcomes the SEFDM ill-conditioning

problem [15], as the condition number of its correlation matrix Λ increases by re-

ducing α and/or increasing N.

The first step to estimate the channel via PCE is LS estimation. Thereafter, the

CFRs over the rest N−dN/ce subcarriers are interpolated. For simplicity, linear in-

terpolation is used. Algorithm 1 summarises the PCE algorithm for CFR estimation,

where f (p) is the frequency of the subcarrier modulated by the pilot p.
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Figure 6.2: A graphical representation of scheme I pilot design for N = 16, α = 0.8.

Algorithm 1 Scheme I: PCE
Input: (N,p, p̂,c)
Output: CFR (ĥ)

for i = 0 : N−1 do {Receiver}
if α× i ∈ Z then {LS}

ĥi = p̂i/pi
end if

end for
for i = 1 : bN/cc do

ϑ(i) = ĥ(p(i×c))−ĥ(p((i−1)×c))
f (p(i×c))− f (p((i−1)×c)) {Slope between two pilots}

end for
for i = 1 : bN/cc do {Linear interpolation}

po = p((i−1)× c), ĥo = ĥ(po)
for j = (i−1)× c+1 : (i× c)−1 do

ĥ j = ϑ(i)× ( f ( j)− f (po))+ ĥo
end for

end for
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6.4.2 Scheme II: OFDM Pilots with Interpolation

Another way to solve the SEFDM ill-conditioning problem is using an OFDM pi-

lot, as in [16]. SEFDM packs more subcarriers in the same bandwidth relative

to OFDM. Thus, for the OFDM pilot, in order to occupy the same bandwidth as

SEFDM, the number of subcarriers of the OFDM pilot (Np) for a specific α is given

by

Np = dα×Ne, (6.6)

where the transmitted OFDM pilot can be presented as

p(t) =
Np−1

∑
n=0

pn exp(2π jn∆ f t). (6.7)

For α = b/c where b,c ∈ Z, b < c, N > c, there are dN/ce subcarriers out of Np
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Figure 6.3: A graphical representation of scheme II pilot design for N = 16, α = 0.8.

subcarriers with an integer multiple of (α∆ f ). Hence, the CFRs on these subcarriers

can be found directly by LS estimation. Thereafter, the CFRs on the rest N−dN/ce
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are obtained through interpolation. A graphical illustration of this scheme is demon-

strated in Fig. 6.3 for N = 16, α = 0.8 and Np = 13 according to (6.6). The figure

shows the d16/5e= 4 pilot subcarriers aligned with the subcarriers of the SEFDM

symbol at the frequencies (0,4∆ f ,8∆ f ,12∆ f ). These subcarriers do not require in-

terpolation, while linear interpolation will be required to estimate the CFR on the

rest of the subcarriers. Algorithm 2 summarises Scheme II for CFR estimation.

Next, the new channel estimation scheme developed here and published in [21] is

introduced and discussed.

Algorithm 2 Scheme II: OFDM Pilots with Interpolation
Input: (N,Np,p, p̂,α)
Output: CFR (ĥ)

for i = 0 : Np−1 do {LS}
r̂n = p̂n/pn

end for
for i = 0 : N−1 do

if i/c ∈ Z then
ĥi = r̂(i×α) {No interpolation}

else
g = bα× ic {Linear interpolation}
ĥi = r̂(g)+ r̂(g+1)−r̂(g)

f (g+1)− f (g)( f (i)− f (g))
end if

end for

6.5 Modelling and Analysis of a New Frequency Do-

main Estimation Scheme (III)
The previous method of OFDM pilot utilization shows the advantage of solving the

SEFDM ill-conditioning problem. However, the required frequency-domain inter-

polation results in an increase in the estimation scheme complexity and a depen-

dency on α .

To overcome the interpolation drawback, the main challenge is to have an

OFDM pilot symbol that occupies the same bandwidth of the SEFDM information

symbols in (6.1), with the same number of subcarriers N and frequency separation.

These requirements, if satisfied, result in estimating the channel directly via LS
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without interpolation as given below

ĥ = p̂./p, (6.8)

where ./ denotes an element-wise division. Hence, to maintain the orthogonality of

the pilot with a subcarreirs separation ∆ f = α/T , the OFDM pilot symbol duration

(Tp) increases by a factor of (1/α), such as Tp = T/α .

To have better understanding, Fig. 6.4 compares an OFDM pilot of duration

Tp, with an SEFDM information symbol of duration T for the case of α = 0.8.

This figure presents the real part of the first three subcarriers { fn = 0,∆ f ,2∆ f} in

TTime (sec)

[x
(t

)]

f
0
= 0

f
1
= f

f
2
=2 f

T
p

T

T(1- )/

  extra
samples

Figure 6.4: The real part of xk(t) in the time domain for fn = 0,∆ f ,2∆ f with α = 0.8.

(6.1). Clearly, unlike SEFDM, the OFDM pilot has to maintain an integer number

of cycles to preserve its orthogonality. Therefore, to complete a cycle, extra samples

to cover the T (1−α)/α overhead are needed, resulting in an extended pilot symbol

period.

The added redundancy of this scheme compared to others depends on how

frequently the pilot is sent. For instance, if the pilot is sent every G information

symbols, then, the added redundancy is ((1−α)/(G+1))×100%. In the follow-

ing discussion, and for the purpose of illustrating the utility of this new channel

estimation scheme, two scenarios for slow varying or static channels, where a pilot

symbol is sent ahead of information symbols, are presented. For fast varying chan-

nels, the same technique may be applied but with more frequent pilot transmission,

in line with other mobile system practices.
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6.6 Comparative Study of Schemes Performance &

Complexity

Based on (6.5) and the algorithms discussed above, the received pilot symbol p̂ is

used to calculate the estimated CFR ĥ. Thence, ĥ is used to equalise the channel

effects on the SEFDM information symbols via a joint equalisation and detection

method similar to that implemented in Chapter 4 and 5. In this following, mean

square error (MSE) is used to evaluate the performance of the schemes considered.

MSE is given by

MSE = E{[ĥ−h]H[ĥ−h]}, (6.9)

where E[·] is the expectation operator and (·)H is the Hermitian operator. In the

simulation study, the effects of the following system parameters are considered:

1. Channel Condition:

Two different channel conditions are examined. Channel 1 with impulse re-

sponse given by (6.10), is the static channel in [96] which has been used

before in [15] and Chapter 4, for SEFDM system.

h(t) =0.8765δ (t)−0.2279δ (t−Tq)+0.1315δ (t−5Tq)

−0.4032e
iπ
2 δ (t−7Tq),

(6.10)

where δ (.) is the Dirac delta function and Tq = T/Q is the sample time-

duration in seconds and Q = 2×N is the number of time samples per SEFDM

symbol. Channel 2 is a quasi static Rayleigh channel that does not signifi-

cantly change within an SEFDM symbol transmission but is time variant over

the duration of the transmission of few symbols. Table. 6.1 summarises sim-

ulation parameters of Channel 2, while Fig. 6.5 illustrates the CFRs for static

Channel 1 and a snapshot of Channel 2 at a given time instant. From the

figure, the CFR of Channel 1 is flatter (i.e. less frequency selective) than the

CFR of Channel 2. Furthermore, it can be noticed that Channel 2 suffers from

deep fading at different frequencies.
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Table 6.1: Channel 2 simulation parameters.

Parameter Value
Number of delay taps 8
Maximum delay (τ) 0.2T < τ < 0.5T
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Figure 6.5: Channel frequency responses for channels 1 & 2.

2. Pilot size (number of subcarriers):

The performance of the three different schemes depends on N. Given B is

the channel bandwidth in Hz, then, the OFDM subcarrier spacing ∆ f = B/N

Hz becomes narrower by increasing N. A narrower subcarrier spacing is ex-

pected to enhance the estimation accuracy, because the frequency response

per subcarrier becomes flatter and narrower fluctuations may be captured. In

this work three different pilot sizes are chosen (N = 16,128,1024).

3. SEFDM Compression level (α):

In Schemes I and II the number of subcarriers which requires interpolation

depends on the value of α . In this simulation study, two values are used

(α = 4/5,2/3).

The simulation results of Fig. 6.6 show the MSE versus Eb/N0 in dB for the three

CFR estimation schemes (I:PCE; II:OFDM with interpolation; III: OFDM without

interpolation) using QPSK mapped pilot symbols and the parameters mentioned

above. In the figure, each column is dedicated to one of the channels, while each

row is for a certain N. Every single sub-figure presents the MSE results for the
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Figure 6.6: MSE results for the three estimation schemes over channel 1 & channel 2, for
different values of N and α .
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three different estimation schemes and the two different α . From the results, the

following may be observed:

• Scheme III accuracy is independent of N, α and the channel condition.

• Schemes I and II performance is enhanced by increasing the number of sub-

carriers under different channel conditions.

• Unlike scheme III, schemes I and II estimation accuracy is affected by the

channel condition.

• In scheme I, the estimator for the case of α = 2/3 appears to be more accurate

than α = 4/5 for different N and channel conditions. As shown in Algorithm

1, the reason is because the number of modulated subcarriers of the pilot

symbol is inversely proportional to c, which is 5 and 3 for α = 4/5 and α =

2/3, respectively.

• Scheme II is more accurate than scheme I because the number of modulated

subcarriers of the pilot symbol is higher.

• In contrast to scheme I, the number of subcarriers in scheme II is directly

proportional to α (Np = dN×αe). Yet, higher α does not guarantee a bet-

ter performance, because the number of subcarriers which can be estimated

directly without interpolation is inversely proportional to c (dN/ce). For in-

stance, in Fig. 6.6 (a) the case of α = 4/5 performs better than α = 2/3

because the number of the subcarriers is higher, however, in Fig. 6.6 (d) for

the same N, but a more frequency selective channel, α = 2/3 performs better

given that less interpolation is required.

• For the case of Channel 1, it is observed that schemes I and II perform better

than the new scheme (III) for high N. The reason is the averaging used in

interpolation, which reduces AWGN noise effect. However, this does not

apply to Channel 2.
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In conclusion, the performance of the first two schemes is a function of α , the

flatness of the CFR and N. Second, due to the interpolation implemented in the

first two schemes, they outperform the third scheme for the case of Channel 1 with

N = 128,1024. Finally, the advantage of the new scheme can be seen from its

enhanced performance that is independent of N,α and the channel condition.

Besides performance, complexity is another key factor to consider. The total

number of operations for the three schemes discussed above are counted using Al-

gorithm 1, 2 and (6.8). Table 6.2 summarises the computational complexity of all

schemes in terms of the number of complex additions and multiplications. Clearly,

scheme III has the lowest complexity. It is important to emphasize here that the

complexities of scheme I and II depend on α unlike scheme III. Thus, the perfor-

mance and complexity of the proposed scheme make its implementation practical.

Table 6.2: Computational complexities (in terms of number of complex operations) for the
three channel estimation schemes.

Multiplications Additions
Scheme I N + dN/ce−1 2(N−1)
Scheme II 2(N−dN/ce)+ dN× ce−1 4(N−dN/ce)−1

Scheme III (new) N 0

After proving the efficiency of the proposed channel estimation scheme for

SEFDM systems, the next section details the application of this scheme to 5G NR

SEFDM frame.

6.7 SEFDM 5G NR Frame
A key feature of the 5G NR frame structure is its scalability, where the OFDM

subcarriers spacing and subframe duration can change to support diverse use cases

(i.e. higher data rates and reduced latency) [39] [40]. Boosting up the data rates is

achieved by using a higher modulation order and/or transmitting over higher band-

width. Another degree of freedom can be achieved in optimizing the 5G frame

structure by using SEFDM. The advantage of 5G NR SEFDM-based frame is inter-

preted as the increase of the system throughput without increasing the modulation

order, where more subcarriers will occupy the same bandwidth of a radio frame
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when compared to OFDM. To start with, the next section describes the resource

grid design for SEFDM 5G NR frame.

6.7.1 Resource Grid Design

In the recent 3GPP standards (release 15) [40] 1, the standard numerology (sub-

carriers spacing and symbol length) of the 5G NR is one radio frame of length 10

ms consisting of 10 subframes, each of length 1 ms. Each subframe consists of

an OFDM subcarrier spacing dependent number of slots, as it goes from one up

to eight slots per subframe. Each slot consists of 14 OFDM symbols (12 OFDM

symbols in case of extended CP). In the following, the case of 15 KHz subcarrier

spacing is investigated, which results in 1 slot per subframe [40].

The resource grid width is equal to the number of OFDM/ SEFDM symbols

within a subframe, while the height corresponds to the number of resource blocks.

For the case of original 5G NR frame with normal CP, the width is 14 symbols [39]

and the number of resource blocks depends on the available bandwidth. Each re-

source block for OFDM has total width equal to one slot in time and total height

equal to 12 subcarriers of 15 kHz subcarriers spacing each, which is equal to 180

kHz. If SEFDM symbols are used instead of OFDM, then instead of 12 subcarri-

ers per resource block, b12/αc subcarriers are used and the subcarriers spacing is

(15×α) kHz resulting in the same height for OFDM (180 kHz). Fig. 6.7 demon-

strates the resource block design for α = 0.8, where each resource block contains

15 subcarriers of subcarriers spacing equals to 12 kHz.

One type of the reference signals sent in each subframe is the cell-specific

reference (CSR), also known as pilot signals, which is used to estimate the CFR. For

the special case of SEFDM signalling format, the pilot is sent over all subcarriers

of the first SEFDM symbol as shown in Fig. 6.7. However, to obtain the channel

response without ICI effect, as shown before, the pilot symbol duration will be

longer than that of SEFDM symbols used to transmit data by a factor of (1−α)/α

[21]. Therefore, if each column is of duration (1/14) ms, then the first column of

1This standard was released in July, 2018, by the end of this PhD work and during writing up this
thesis.
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each subframe, is of duration (1/14α) ms.
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Figure 6.7: 5G NR SEFDM-based resource block content for α = 0.8.

After resource grid mapping, the OFDM/ SEFDM signal generation operates

in the resource grid, where it takes one column in a time. The ease and accuracy

of OFDM signals generation using an IFFT was one of the main reasons to OFDM

being adopted in LTE (4G) cellular network standards [136]. SEFDM signal gener-

ation by means of a single or multiple IFFT has been already implemented in [57].

However, the capability of generating a 5G SEFDM-based frame via a single IFFT

is more challenging for two reasons: i) the proposed channel estimation scheme

requires a generation of OFDM pilot; ii) the generation of continuous CP SEFDM

signal to maintain the signal continuity. The next section explains SEFDM signals

generation using a single IFFT.

6.7.2 IFFT Based SEFDM Transmitter

In this work, the case of 20 MHz bandwidth is investigated. According to [39], the

number of resource blocks for this case is 100. Thus, the number of subcarriers will

be either 1200 or 1500 for OFDM symbol or SEFDM symbol (α = 0.8), respec-

tively. The IFFT size is 2048, where at its input the data is packed and reordered.

In NR resource blocks, no explicit DC subcarrier is reserved and the presence or

absence of it is known to the receiver. Here, the DC subcarrier is not present, as no

special handling of the DC subcarrier at the receiver has been specified yet by the
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Figure 6.8: SEFDM signal generation with continuous CP via a single IFFT.

standards of [40].

If the IFFT is used for OFDM modulation, then all samples at the output of

the IFFT will be taken to a parallel to serial (P/S) converter, then CP will be added

before processing the signal by the digital to analog converter (DAC) converter.

However, for SEFDM signal generation, the output of the IFFT is adjustable to

generate the SEFDM data signals, the pilot symbol and continuous CP as explained

below.

6.7.2.1 SEFDM data signals:

To generate the SEFDM signal x, as shown in Fig. 6.8, the input to the IFFT is the

reordered 1500 complex symbols z, with α = 0.8. At the output of the IFFT, the first

d2048×αe = 1639 samples are taken while the rest are discarded. The discarded

samples at the IFFT output affect the subcarriers compression in SEFDM [57].
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6.7.2.2 Pilot generation:

The pilot symbols p, from the first column of the resource grid in Fig. 6.7, are the

input to the IFFT in a similar way to the data symbols z. At the output of the IFFT,

in contrary to SEFDM data symbols generation, all samples are taken resulting in

an OFDM pilot s, with the same number of subcarriers and frequency spacing of the

SEFDM signal x. This results in an overhead of d((1−α)/α)×Qe samples for the

pilot symbol compared to SEFDM data symbols [21]. The CP of the pilot symbol

is added directly because the pilot is an OFDM symbol.

6.7.2.3 Continuous cyclic prefix:

A guard band or CP of a duration longer than the channel delay spread of a wire-

less multipath channel is used to protect the transmitted symbols from ISI [137].

CP is chosen instead of guard band in 5G because CP maintains the transmitted

symbol continuity. Hence, the circular convolution in time domain is transferred

into multiplication in frequency domain, which allows using a one-tap equaliser to

equalise the channel effect. Thus, the property of continuity has to be maintained

for SEFDM.

In OFDM, the CP of duration d samples, is created by preceding the symbol

with a copy of the last d samples of that same symbol. However, if the same method

is followed to create the CP of SEFDM symbols, it will result in a non-continuous

CP as shown in Fig. 6.9 (a), for the first two SEFDM (α = 0.8) symbols ( f1 = 12

kHz, f2 = 24 kHz). To overcome this problem, the CP samples (the samples in-

side the red circle in the figure) have to be taken from the last d discarded samples

of the IFFT as shown in Fig. 6.8. The effect of this can be seen in Fig. 6.9 (b),

where the CP is taken from the discarded part (presented by dashed lines). Fur-

thermore, generating CP properly for SEFDM signals improves the overall system

performance as it reduces the OOBE level compared to the non-continuous case.

Fig. 6.10 demonstrates the normalized spectrum of the SEFDM symbol generated

above, after adding the CP and the P/S stage of the transmitter for both cases.
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Figure 6.9: The real part of x(t) in the time domain for f1 = 12 kHz, f2 = 24 kHz with
α = 0.8.
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Figure 6.10: The spectrum of x(t) for 20 MHz bandwidth with α = 0.8 and different CP
addition cases.
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Figure 6.11: High level transceiver descriptive design for 5G NR SEFDM-based system.

6.7.3 BER and Throughput Simulation Results

To prove the validity of the suggested SEFDM transmission design, a 5G NR signal

transmission scenario is simulated. The scenario is for a specific modulation order

(QPSK) and coding rate (1/3), 20 MHz bandwidth and subcarrier spacing 15 KHz,

12 KHz for α = 1 and 0.8, respectively. As the main focus of this work is at the

transmitter, the receiver simulated here is similar to that of OFDM. However, with

higher compression level (i.e. lower α) and/or higher modulation order, the use of

SIC, explained in Chapter 5, becomes necessary.

Fig. 6.11 is a high level illustrator of the transceiver model designed and devel-

oped in MATLAB as part of this study. Starting from the far left, first the message

bits are encoded by an LDPC encoder of a coding rate Rc = 1/3. Then, the coded

bits are interleaved with the random external interleaver and mapped to QPSK com-

plex symbols. Simultaneously, QPSK pilot symbols are generated by the gold se-

quence [138]. Then both pilot and data symbols are mapped into the resource blocks

similar to Fig. 6.7, where the number of resource blocks within the resource grid is

100 for the case of 20 MHz bandwidth. The IFFT in Fig. 6.8 is used for OFDM/

SEFDM (α = 0.8) modulation and a normal CP of length (7%) is added to each



6.7. SEFDM 5G NR Frame 146

symbol. The resultant samples are sent over a tapped delay line (TDL) 5G channel

model of type (D), which has been defined in the new 5G 3GPP standards [139]

and it represents a line of sight (LoS) channel. The first tap of the TDL-D channel

follows a Ricean distribution with a K-factor=7 dB and the rest of the taps follow

Rayleigh distribution (given in Table 7.7.2-4 of the standards [139]). The channel

simulation parameters are given in Table 6.3.

Table 6.3: Channel simulation parameters.

Parameter Value
Channel delay profile TDL-D
Delay spread 300 ns
User terminal velocity 30 km/hour
Maximum Doppler shift 111.2 Hz
K-factor 7 dB

At the receiver, firstly, resource elements demapping is performed. The pilot

is processed to acquire the CFR, where the CP samples distorted by ISI are dis-

carded and pilot samples are demodulated by means of an FFT, which has the exact

arrangement of the IFFT at the transmitter. The output symbols from the FFT are

used to estimate the CFR [21]. Consequently, the rest of the symbols in a sub-

frame are processed by removing the CP and demodulation via the FFT, followed

by one-tap equaliser using the estimated CFR to equalise the channel effect. Then,

the equalised symbols go through a soft QPSK demapper followed by an inverse

interleaver and LDPC decoder to obtain the estimated message bits.

Fig. 6.12 illustrates the BER performance versus Eb/N0 in dB, for 5G OFDM-

based systems and 5G SEFDM-based systems with (α = 0.8) continuous CP. The

perfect knowledge of CFR is the benchmark to assess the estimation accuracy. Re-

sults show that a spectral efficiency can be gained for SEFDM at the expense of

an error penalty just below 1 dB. The SIC, if used, can further reduce the penalty

of SEFDM compared to OFDM at the expense of receiver complexity. Further-

more, a comparable degradation is noticed in the error performance for OFDM and

SEFDM, relative to the results of perfect knowledge of the CFR.

The throughput (η) is calculated by evaluating the total number of subcarriers
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Figure 6.12: BER results for 5G SEFDM and OFDM based with perfect and estimated
CFR.

in a subframe multiplied by the number of bits per modulation symbol, over the

subframe duration, such as

η =
log2(M)×Ns×N

(13+1/α)×10−3

14

, (6.11)

where Ns is the number of symbols per subframe, which is 14 for this case, and

M is the constellation order (e.g. M = 4 for QPSK). For instance, if the channel

bandwidth is 20 MHz, then number of subcarriers per resource grid is 1200 for

α = 1 and 1500 when α = 0.8. The throughput using the parameters of the system

simulated above for the case of OFDM is 33.60 Mbps and 41.26 Mbps for SEFDM

α = 0.8.

Using SEFDM in the NR 5G is beneficial in terms of throughput. For example

the case above allows an increase in throughput by a factor of 22.8% compared to

OFDM. The throughput is calculated by taking into consideration the overhead used

for channel estimation. In both SEFDM and OFDM cases, the overhead percentage

from synchronisation and the redundant bits added by channel coding...etc is the

same, under the assumption that OFDM will use the pilot structure discussed here.

However, if compared to the pilot structure of the current 3GPP standards [40],

then the throughput advantage is slightly lower than the above. The reason is that

the number of pilot signals in [40] is less than the number of pilot signals used
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here, as pilot signals are sent on certain subcarriers, while interpolation is used to

estimate the channel response on the rest of the subcarriers.

6.8 Conclusions

This work investigates various channel estimation schemes for SEFDM signals and

devises a new robust frequency domain channel estimation scheme. In the proposed

scheme, the transmitted block is divided into orthogonal and non-orthogonal multi-

plexing regions. Specifically, the pilot is sent over orthogonally spaced subcarriers

as an OFDM symbol, while information symbols are sent over SEFDM; both using

the same number of subcarriers and the same subcarrier spacing.

To provide significant insight to the proposed scheme, system modelling of

the multipath channel effect on SEFDM signals is shown. Then, simulation stud-

ies are used to compare the suggested scheme to another two existing frequency

domain estimation schemes; partial channel estimation and full channel estimation

with interpolation. The MSE results show that in a good channel condition and

high number of subcarriers, the other schemes tend to be slightly more accurate

than the proposed one, because averaging in interpolation reduces the noise effect.

For applications with low number of subcarriers and/or worse channel conditions,

these schemes feature a high error floor. Unlike these two schemes, the scheme

proposed in this chapter maintains accurate estimation of the channel regardless of

the channel condition, number of subcarriers or the compression level. Besides the

aforementioned advantage, the numerical analysis shows substantial reduction in

the computational complexity for the proposed scheme when compared to the other

two schemes. However, there are compromises in terms of increased pilot duration

overhead, which depends on how often the pilot is sent. For instance, such overhead

is lower in semi-static or slow fading channels, compared to fast varying channels

with more frequent pilot transmission.

To verify the proposed scheme suitability for practical systems, it is applied to

SEFDM 5G NR system model. First, a proposal is given for a single reconfigurable

IFFT design capable of generating SEFDM symbols, as well as continuous cyclic
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prefix and the OFDM pilot of the proposed estimation scheme. To maintain the CP

continuity property, it is found that the CP of SEFDM has to be created in a different

way to that of OFDM. The single IFFT efficiency is shown by system modelling and

simulations for 5G frames transmission over TDL-D channel. Results show that for

the case of α = 0.8, with a less than 1 dB error penalty, SEFDM can enhance the

throughput by a factor of 22.8% compared to OFDM. The error penalty can be

further reduced and higher subcarriers compression can be used, to increase the

throughput, by using the successive interference canceller in Chapter 5.

The work done in this chapter may be further extended to account for the ef-

fective throughput, where the error rate is taken into consideration to achieve better

insight of the spectral efficiency advantage of SEFDM. The accuracy performance

of all schemes may be tested under the condition of fast fading channel where the

channel varies within the transmission of an OFDM/ SEFDM symbol.



Chapter 7

Experimental Demonstration of

SEFDM Transmissions at E-Band

The continuous growth of data-hungry services pushes the current microwave spec-

trum towards saturation. Recently, research interest has shifted to higher frequen-

cies to benefit from the larger available bandwidth. The E-band is defined as the

frequency spectrum from 71 to 76 GHz and 81 to 86 GHz.

Up to this point, the E-band transmission is limited to single carrier or or-

thogonal signals transmission, which constricts the system spectral efficiency. This

work, and for the first time, presents an experimental demonstration of SEFDM

signal wireless transmission over the E-band (81-86) GHz frequency range. The

experimental demonstration here uses the powerful LDPC codes and the newly im-

plemented CFR estimation scheme of Chapter 6 and a newly developed technique

for timing synchronization, where the orthogonal pilot symbols are also used for

timing synchronization to reduce system overhead. The experimental results show

highest transmission rate of 12 Gbps over a bandwidth varying between 2.67 to 4

GHz depending on the compression level of the SEFDM signals, which results in a

spectral efficiency improvement by up to 50% compared to OFDM.

This demonstration represents an important milestone for SEFDM transmis-

sion. The employment of LDPC codes and the new CFR estimation scheme with

no complex transmitter and receiver signal processing, highlights the potential of a

real-time implementation.
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This chapter is organized as follows: Section 7.1 gives an overview about the

E-band spectrum and the existing multi-carrier experiments held. Section 7.2 de-

scribes the SEFDM transmission experimental demonstrator and gives a detailed

explanation of the system setup and the transmitter and receiver digital processing

part to ameliorate the effect of ICI and system impairments. In Section 7.3, an anal-

ysis of the experiment results and measurements are given to evaluate the system

performance. Finally, conclusions are drawn in Section 7.4.

7.1 E-band Overview
The recent Federal Communications Commission (FCC) spectrum frontiers ruling

has assigned many bands above 30 GHz, for mobile and backhaul communications

[140]. E-band in particular has gained a lot of interest for multiple reasons [141]:

1. The 5-10 GHz of available bandwidth allows multi-gigabits per second trans-

mission;

2. The low atmospheric absorption compared to the 60 GHz and beyond-100

GHz bands, as shown in Fig. 7.1 [140], allows data transmission over rela-

tively long distances;

3. The light-licensing requirements of the E-band spectrum simplify and reduce

the operating cost.
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Figure 7.1: Atmospheric absorption of electromagnetic waves at sea level versus frequency,
with the E-band highlighted [140].
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In a multipath environment, the mm-wave channel exhibits frequency selective

characteristics. To combat frequency selectivity and to simplify channel equali-

sation, OFDM converts the frequency selective channel into a parallel collection of

orthogonal frequency flat sub-channels [142]. This is the reason for the popularity

of OFDM for many of today’s wireless applications and experiments. A compre-

hensive and complete study of OFDM versus single carrier mm-wave transmission

by Rappaport et al. in [143] concludes that the superior frequency selectivity mit-

igation capabilities of OFDM offset the power amplifier non-linearity benefits of

single carrier, at least when robust channel coding is used. For instance, OFDM is

chosen for the WiFi 802.11ad and wireless personal area network (WPAN) IEEE

802.15.3c new standards over the mm-wave spectrum [144] and the future 5G stan-

dards [141].

Much transmission experiments have been reported on different mm-bands for

OFDM ranging from 39 GHz [145], 40 GHz [146], 60 GHz [147] and up to 94

GHz [148] for different applications and scenarios. More experiments can be found

in the references therein of the above mentioned papers. Only a few trials have

been carried out in the E-band transmission to gain a better understanding of the

channel propagation characteristics and to prove its viability. Rappaport et al. in-

vestigated the deployment of highly directional steerable antennas with beamform-

ing for data transmission over the 71-76 GHz spectrum, in an indoor scenario [149]

and an outdoor scenario [150] in NY City for future 5G communication systems.

A demonstration of adaptive OFDM-based transmission over the 70 GHz band has

been reported in [144], where different modulation orders to different subcarriers

groups are implemented to cope with channel impairments and enhance system to-

tal capacity.

Other FDM based systems have been implemented too, such as the 6 Gbps

demonstrator reported in [151], where the 81-86 GHz bandwidth is divided into sub-

channels. Each sub-channel is filtered with an RRC filter to reduce the interference

between subcarriers.

Up to this point, all E-band transmission multi-carrier systems have been lim-
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ited to orthogonal signals transmission, which constricts the system spectral effi-

ciency. This work presents an experimental demonstration of SEFDM signal wire-

less transmission over the E-band 81-86 GHz frequency range. Improving the spec-

tral efficiency is not the only motivation for using SEFDM signals. There are also

noise advantages when bandwidth is reduced, such as the overall reduction of noise

power and as was shown in [152], the impact of white phase noise depends on the

bandwidth of the signal. Therefore, the impact of white phase noise in SEFDM

will be less than that of OFDM for the same transmission rate, while the severity of

near carrier phase noise will not be affected [153] [154]. Additionally, improving

the achievable spectral efficiency without increasing the constellation cardinality

can be considerably convenient, since it is well known that low-order constellations

are more robust to channel impairments such as time-varying phase-noise and non-

linearities. The next section describes the experimental demonstration of SEFDM

signals transmission over the E-band.

7.2 E-Band SEFDM Transmission Demonstrator
The experiment was held at the Microwave Electronics Laboratory, Department of

Microtechnology and Nanoscience, Chalmers University of Technology in Gothen-

burg, Sweden from the 11th of November to the 17th of November, 2017. The setup

is shown in Fig. 7.2(a); the E-band SEFDM Tx and Rx chips in the experiment are

TSC0023B and RSC0015D, shown in Fig. 7.2(b) and (c), respectively [155]. Both

Tx and Rx are designed by Gotmic AB for this collaborative work. The design

topology of the transmitter and receiver chips and measurements are given in Ap-

pendix 2. In the following, a description of the experiment setup is given.

7.2.1 Experiment Setup

The arbitrary waveform generator (AWG) (Keysight M8195A) was used as a DAC,

with a vertical resolution of 8 bits, to convert digital baseband signal to analogue

input to the E-band Tx. The AWG provides two differential outputs (+I, -I, +Q,

-Q), each operates at 16 GHz and are connected to the four inputs of the Tx chip

(TSC0023B) which up converts the input signal to the RF range around the center



7.2. E-Band SEFDM Transmission Demonstrator 154

DC Power 

Supply

Tx & Rx 

Digital 

Baseband

Oscilloscope

Rx Chip

Tx 

Chip
Attenuator

(a) SEFDM E-band transmission test bed

(b) Transmitter chip (c) Receiver chip

Figure 7.2: Photos of the SEFDM E-band experiment test bed.

frequency 83.5 GHz. It is important to mention that the AWG buffer size (10 mil-

lion samples) limits the number of transmitted samples in this experiment. The RF

signal propagates through the E-band waveguide (WR12) and the digital variable

attenuator (Mi-Wave’s 511 Series Precision Programmable Rotary Vane) is inserted

to introduce a controlled frequency selective environment and to avoid the receiver

from reaching its saturation region. The measured channel frequency amplitude

and phase responses and group delay and are shown in Fig. 7.3. From the measure-

ments, the combination of waveguides and attenuator may be characterised as a fre-

quency selective channel and almost linear phase, resulting in minimal fluctuations
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in the channel group delay. Such channel, appears in a multi-path environment,

where signals propagate through different paths.
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Figure 7.3: The attenuator measured channel magnitude and phase responses, and group
delay.
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Table 7.1:
System Parameters.

Parameter Value

Sampling Rate ( fs) 16 Gsample/sec

Number of subcarriers (N) 16

Number of pilot OFDM symbols 5

OFDM/ SEFDM symbol duration (T ) 4 ns

Compression factor (α) 2/3,4/5,1

Pilot symbol duration (Tp) 4/α ns

Subcarrier Bandwidth (∆ f ) α×250 MHz

Bandwidth (BW ) α×4 GHz

RF Center carrier frequency ( fc) 83.5 GHz

Transmission frequency band (−α×BW
2 )− (α×BW

2 )+ fc

Transmission symbol rate (Rs) 4 Gsymbol/sec

Modulation cardinality (M) 4, 8

LDPC coding rate (Rc) 1/3

LDPC decoder number of iteration 50

Interleaver size 64800 bits

At the receiver, the Rx chip (RSC0015D) down converts the RF signal back to

the baseband region and the received IQ outputs are connected to the (Teledyne Lab

Master 10-100 Zi) oscilloscope, operating as an analog to digital converter (ADC),

with a vertical resolution of 8 bits, at 80 GHz sampling rate (interleaved) and 36

GHz analog bandwidth. The sampled signals are fed to the digital baseband re-

ceiver which is implemented offline in MATLAB to recover the transmitted sym-

bols and evaluate system performance, as will be discussed in the next section. The

experiment system parameters are summarized in Table 7.1.

7.2.2 Digital Baseband Tx & Rx

A descriptive block diagram is depicted in Fig. 7.4, starting from the Tx digital

baseband part through up-conversion to radio RF band, and the signal E-band trans-
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mission and then, to down-conversion from RF to baseband again to recover the

transmitted bits.

At the transmitter, in the first stage, a stream of bits b ∈ {0,1} are encoded by

the LDPC encoder. In this work, the coding rate is (Rc = 1/3), meaning that two

parity bits are sent for each information bit. The encoded bits c ∈ {0,1} are inter-

leaved by a random block interleaver (∏) of size 64,800 bits to scatter burst errors.

Hence, the possibility of loosing the information bit together with its parity check

bits reduces, as was shown earlier in Chapter 4. The QPSK/ 8-PSK modulator maps

each log2(M) bits to a symbol z, from the M-ary symbol alphabet. Thereafter, the

mapped symbols sequence z is divided into N = 16 parallel streams. Each symbol

zn is modulated by the nth subcarrier of the SEFDM symbol, where the frequency

separation between adjacent subcarriers is (α×BW/N = α×250 MHz). The spec-

trum of the resultant signal after RF up-conversion is shown in Fig. 7.5. The density

of the demonstrated spectrum results from using a high sampling frequency to plot

the spectrum without any filtering, to guarantee a high resolution.

In concurrent with the process of preparing the message bits for SEFDM mod-

ulation, a pilot is generated. The pilot consists of five consecutive OFDM sym-

bols, the first of these is used to estimate the CFR coefficients and the other four

are used to estimate the system phase offset. The pilot symbols have the same

constellation order of the data symbols. The special feature of these pilot sym-

bols is that they have the same frequency spacing (α × 250 MHz) and number of

subcarriers of SEFDM symbols, but they are designed to be orthogonal, as ex-

plained in Chapter 6 and reported in [21]. The added redundancy of this scheme

depends on how frequent the pilot is sent. For instance, in this experiment, as

the environment is static, the pilot is sent only once at the beginning before send-

ing data of length Ld = 3× 106 symbols. Hence, the added redundancy, given by

((1−α)/(Ld + 1))× 100%, is insignificant. Finally, the last stage is a parallel to

serial converter, so the data stream generated, is ready for the AWG IQ output.

Fig. 7.6 shows the spectrum of the received samples captured from the oscillo-

scope. It is important to note that the OOBE level of SEFDM is slightly lower than
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Figure 7.4: A descriptive block diagram of the system with a list of the equipment used.
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(a) OFDM (α = 1), BW = 4 GHz

(b) SEFDM (α = 4/5), BW = 3.2 GHz

(c) SEFDM (α = 2/3), BW = 2.67 GHz

Figure 7.5: A comparison of OFDM (α = 1) and SEFDM (α = 4/5,2/3) spectra at the
transmitter for the same transmission rate 8 Gbps.
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that of OFDM. Consequently, extra subcarriers, or signals of other users may use

the saved bandwidth.

At the first stage of the digital receiver, a LPF of bandwidth (4.5 GHz) is imple-

mented followed by a DC block. Thereafter, a down sampler is used to re-sample the

samples captured from the oscilloscope from 80 Gsample/sec to 16 Gsample/sec,

which is the sampling rate of the transmitted signal.

As the pilot symbols in this experiment are sent ahead of the data symbols, a

new technique is developed in this work for timing synchronization where the pilot

symbols (normally used for channel estimation only) are also used here for timing

synchronization. This is made possible because of the orthogonal nature of the pilot

symbols, discussed above, allowing the known transmitted pilot samples to be cor-

related with the received samples at the receiver to give a correlation peak indicating

the beginning of the received data samples, thus, establishing timing synchroniza-

tion.

The received samples are demultiplexed into channel pilot symbol, phase off-

set pilot symbols and data symbols. The channel pilot symbol enters the bank of

demodulators, then the output is used to estimate the CFR. Following, the phase off-

set pilot symbols are demodulated, then equalised using the estimated CFR and a

one-tap equaliser. Afterwards, the four equalised pilot symbols are used to calculate

the phase offset. Here, four pilots are used for the phase offset estimation to gain

a more accurate estimation. Thereafter, the received data symbols are equalised

using a one tap-equaliser. Then, the equalised received symbols are rotated by the

estimated phase offset. After this stage, the symbols are de-mapped, de-interleaved

and decoded by an LDPC decoder with 50 iterations. The output of the decoder are

the estimated transmitted bits.

7.3 Measurement, Analysis and Results

In this section, to evaluate the system performance and prove its viability, the anal-

ysis of the system setup and results are divided into three categories: spectral effi-

ciency gain; the advantage of OFDM pilot over SEFDM pilot; and SEFDM error
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(a) OFDM (α = 1), BW=4 GHz

(b) SEFDM (α = 4/5), BW=3.2 GHz

(c) SEFDM (α = 2/3), BW=2.67 GHz

Figure 7.6: The spectra of the received samples obtained from the experiment for OFDM
(α = 1) and SEFDM (α = 4/5,2/3) for the same transmission rate 8 Gbps.
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performance.

7.3.1 SEFDM Spectral Efficiency Gain

The constellation diagrams of the received symbols, for QPSK and 8PSK, before

and after equalisation and phase correction (before the decoder stage), are shown

in Table 7.2 along with the spectral efficiency (η bit/s/Hz) for each case. This

constellation is for the 9th subcarrier that is located at the center frequency ( f =

83.5 GHz). It is chosen given that this is the only subcarrier that has the same

frequency for all compression factors, because the compression is applied on both

sides as shown in Fig. 7.5. Furthermore, the constellation given here is for the same

receiver input power level, given the signal to noise ratio (SNR = 25 dB), where the

transmission is error free (i.e. BER < 5 × 10−6), even for the case of 8-PSK and

α = 2/3, due to the powerful LDPC decoder.

From Table 7.2, we can notice that higher spectral efficiency improvement is

gained for lower α and the percentile improvements (ζ ) calculated by (4.4) are 25%

and 50% for α = 4/5 and α = 2/3, respectively.

This gain is achieved in this experiment as the transmitted SEFDM signal oc-

cupies less bandwidth for the same OFDM signal transmission rate. Another sce-

nario, that has not been tested yet but will also be beneficial, is that of increasing

the number of subcarriers for the SEFDM case to maintain the same OFDM band-

width rather than saving bandwidth. For such case, the transmission data rate will

be increased relative to OFDM by the same ζ percentage.

7.3.2 SEFDM vs OFDM Pilots

To evaluate the effect of the special OFDM pilot used to estimate the CFR and

phase offset, a comparison is held when this pilot is used versus the use of an

SEFDM pilot, similar to SEFDM transmitted data symbols. The evaluation is done

by checking the level of impairment on each transmitted symbol, using the root

mean square (RMS) of the normalised error vector magnitude (EVM) Ek of the data

symbols after the equalisation and phase offset correction stage at the same Rx input



7.3. Measurement, Analysis and Results 163

Table 7.2: The spectral efficiency and constellation of experimentally obtained received
and equalised symbols before channel decoding.
For the 9th subcarrier ( f = 83.5 GHz) and different compression factors and
constellation sizes.

M & Rb Measurements α = 1 α = 4/5 α = 2/3

QPSK
8 Gbps

Constellation Be-
fore Equalisation

Constellation Af-
ter both Equali-
sation and Phase
Correction

Spectral Effi-
ciency (η)

0.67 b/s/Hz 0.83 b/s/Hz 1 b/s/Hz

8PSK
12
Gbps

Constellation Be-
fore Equalisation

Constellation Af-
ter both Equali-
sation and Phase
Correction

Spectral Effi-
ciency (η)

1 b/s/Hz 1.25 b/s/Hz 1.5 b/s/Hz
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power value (SNR = 25 dB). The normalised EVM values are calculated as

Ek =

√
(Ik− Ĩk)2 +(Qk− Q̃k)2

(Ik +Qk)2 , 1≤ k ≤ Ld, (7.1)

where Ld is the vector size of the transmitted symbols, Ik, Qk are the in-phase and

quadrature-phase elements of the kth transmitted symbol, while Ĩk, Q̃k are the in-

phase and quadrature-phase elements of the kth received symbol after equalisation

and phase correction. Consequently, the RMS of EVM (EV Mr) is evaluated by

taking the square root of the mean square of the EVM across all values. EV Mr in

dB scale is given by

EV Mr = 20log

√√√√ 1
Ld

Ld

∑
k=1

Ek
2. (7.2)

Fig. 7.7 illustrates the advantage of using the special OFDM pilot over SEFDM

pilot, where the EVM drops by approximately 2 and 2.5 dB for α = 4/5 and α =

2/3, respectively. The spectrum of the equalised received signal, obtained by the

experiment, for the case of α = 0.8, is shown for comparison. Clearly, the equalised

spectrum using OFDM pilot is closer to the transmitted spectrum, compared to that

of the SEFDM pilot case.
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Figure 7.7: EV Mr calculation to compare the utilization of OFDM pilots over SEFDM
pilots.

The advantage of such pilot design can also be considered from another per-

spective; by calculating the absolute phase difference between the transmitted and

equalised symbols, using SEFDM and OFDM pilots. Fig. 7.8 demonstrates the
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absolute phase difference values for the OFDM and SEFDM pilots cases. From

the figure, it can be noticed that by using an OFDM pilot, the phase difference is

lower compared to the case with SEFDM pilot. Furthermore, the phase difference

increases by decreasing α (i.e. increase the compression level).
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Figure 7.8: The absolute phase difference calculation to compare the utilisation of OFDM
pilots over SEFDM pilots.

7.3.3 BER Results

Finally, due to steep nature of the waterfall BER curves of LDPC coded schemes

[87] and measurement equipment limitations; specifically the AWG buffer size lim-

its the number of transmitted samples, the BER results collected lacked resolution

and detail and the error performance displayed either high numbers of errors or

simply error free behaviour (i.e. BER < 5× 10−6). As such, BER curves are not

plotted here, instead Table 7.3 gives the SNR values at the receiver input for which

the transmission becomes error free, for the different combinations of α and M used

in the experiment, when (64800×90) bits are transmitted.

Clearly from the table, the spectral efficiency improvement results in a power

penalty of few dBs compared to OFDM. For instance, for the QPSK case, 1.4 and

2.9 dB increase in the power level is required, to increase the spectral efficiency by

25% and 50%, respectively. On the other hand, for the higher constellation order

(8PSK), the signal appears to be slightly more sensitive to bandwidth compression,

resulting in a slightly higher power penalty. It is worth noting that the noise level

and non-linear impairments of the time-interleaved high-speed oscilloscope scale

with the power of the received signal, therefore, in a more ideal setup, the SNR
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Table 7.3:
Measured SNR values at receiver input for error free transmission.

M α SNR (dB)

QPSK

4 1 5.1

4 4/5 6.5

4 2/3 8.0

8-PSK

8 1 7.0

8 4/5 9.2

8 2/3 11.8

required to achieve error free operation will be lower (better) than what is measured

and reported here in Table 7.3. Chapter 5 has shown that this power penalty gap can

be further reduced, by using a SIC. However, as the aim of this demonstration is

to validate the concept of utilising SEFDM for E-band data transmission, a simple

detector similar to OFDM is used, which can be implemented in real time.

Finally, referring to Table 7.3 and the reported attenuation levels from the dig-

ital attenuator (item 4 in Fig. 7.4) for each SNR value, coupled with a 46 dBi-gain

E-band antenna at both the Tx and Rx, it can be anticipated that the best-case hop

link is between 2.4 and 4.1 kilometres. Such calculation takes into account the

free space path loss only, without other impairments like oxygen absorption, rain,

humidity and others. Thus, the reported distance values may be considered as the

upper-bound values for future experiments, where the E-band link will be affected

by environmental and weather conditions.

7.4 Conclusions
This work reports an experimental demonstration of SEFDM signals transmission

over an E-band (81-86) GHz frequency range. The experimental setup design is

divided into two sections; hardware setup and digital signal processing. The testbed

design and the equipment used are detailed in the hardware setup section. The mea-

surements of the channel magnitude and phase responses and time delay guaranteed

dealing with a controlled frequency selective environment. GaAs microwave inte-
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grated circuits transceiver chips, especially designed for the transmission of multi-

carrier signals in the E-band are utilised for filtering, amplifying and conversing

from baseband to RF spectrum and vice versa.

In the digital signal processing part, each step starting from message bits gen-

eration, all the way to detect the message bits at the receiver, are demonstrated. The

channel estimation scheme developed in Chapter 6, contributed to the capability of

accurate estimation of the channel response, which is essential to mitigate the chan-

nel impairments. Furthermore, the orthogonal nature of the pilot symbols in this

estimation scheme allowed developing a new timing synchronization method. In

this method, the pilot symbols are also used here for timing synchronization, as the

pilot symbols in this experiment are sent ahead of the data symbols. Consequently,

the overall system overhead size will be reduced. In addition to this, the powerful

LDPC channel coding and coded bits interleaving are implemented to enhance error

performance.

The results reported a successful transmission of SEFDM signals in the E-

band at a highest rate of 12 Gbps. Such transmission, with judicious selection of

modulation format and SEFDM signal compression, allows up to 50% improve-

ment in spectral efficiency (relative to OFDM) with some loss of performance that

may be ameliorated by using more sophisticated detection techniques. Furthermore,

the EVM results proved the efficiency of the aforementioned channel estimation

scheme when compared to conventional channel estimation schemes. In the future,

this experiment will be proceeded to transmit over a higher distance in non-line of

sight multipath indoor and outdoor environments.



Chapter 8

Design and Performance of SEFDM

Signals with Power Allocation

Power allocation is a technique used to distribute a certain amount of power among

the available resources at the transmitter. The policy followed to allocate power,

differs according to the application it serves. The concept of power allocation was

suggested for multiuser OFDM systems, to increase capacity and improve robust-

ness to interference caused by multipath channels [156]. More recently, the concept

of power allocation has become popular, after the successful application of power

NOMA techniques to 5G and beyond cellular systems [110].

In multiuser OFDM, multiple users are allowed to share the same OFDM sym-

bol. A dynamic allocation of power among users in a multiuser OFDM introduces

a new dimension to the system optimisation problem. In [156], the advantage of

power allocation in maximising the transmission rate among users for a given trans-

mitted power level is proven. Power allocation is also applied to OFDM to maintain

fairness among users experiencing different channel conditions. Thus, the worse

the channel condition, the higher the power level allocated to a user, depending on

the total available power [157]. Furthermore, power allocation is combined with

adaptive OFDM in [158], to achieve a better throughput performance for a fixed

BER target.

Power allocation was implemented in LTE systems to improve the channel es-

timation accuracy, which is crucial for maintaining good system performance [159].
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This is achieved by allocating more power to the subcarriers carrying channel ref-

erence symbol (CRS) signals, compared to the data subcarriers [159].

More recently, the NOMA technique has attracted substantial attention for 5G

and beyond cellular systems. The application of NOMA results in: i) increase

in the overall system throughput; ii) support of diverse quality of service (QoS)

requirements; iii) and low latency and massive connectivity [160]. NOMA assigns

to multiple users the same time and frequency resources, while it realises multiple

access via power domain or code domain multiplexing [160]. In power NOMA,

the users suffering from worse channel conditions are allocated more power. At the

receiver SIC is applied to detect and cancel the interference from other users, where

the user with the higher power level is detected first, then cancelled from other users

received signal. Additionally, Soft defined multiple access (SoDeMA) is a newly

proposed concept, where orthogonal multiple access (OMA) and different NOMA

techniques can coexist to enhance the total system spectral efficiency [110].

Inspired by the power domain multiplexing of OFDM and NOMA, this work of

this chapter, and for the first time, introduces a similar power allocation method to

SEFDM, where different subcarriers within the same SEFDM symbol are allocated

different power levels. Despite the fact that the power allocation scheme is not novel

on its own, its application to serve a different purpose, which is reducing the effect

of ICI is new. The advantages of power allocation to SEFDM systems proved in

this chapter are summarised below:

1. Enhancement of the system stability by reducing the condition number of the

correlation matrix and making it independent of the number of subcarriers.

The essential limitation of SEFDM is in its correlation matrix resulting from

the interference between subcarriers. The condition number of this matrix is

substantially high, especially with high compression level and/or relatively

high number of subcarriers, thus, the system becomes ill-conditioned [50].

2. Substantial reduction in detector complexity. The detection of the SEFDM

signal with power allocation is processed through two stages. First, the in-

formation transmitted on the subcarriers of high-power level is estimated and
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the interference coming from these subcarriers to the rest of the subcarriers is

calculated and then cancelled in the second stage. This detection design will

reduce the complexity compared to conventional methods as will be shown in

this work.

3. Power allocation results in PAPR reduction compared to conventional

SEFDM and OFDM signals.

4. Channel estimation becomes more accurate. Similar to current LTE systems,

the same power allocation scheme is applied, where the CRS (pilot) signals

are allocated with higher power when compared to data signals. However,

in SEFDM, with the interference taken into account, the pilot signals require

higher power to overcome the random fluctuations in system performance due

to ICI.

The outline of this chapter is as follows; section 8.1 applies power allocation to

SEFDM signals to enhance its detection, where the system model is implemented

and the advantages of such method are explored. Section 8.2 explores the applica-

tion of power allocation to SEFDM to enhance its channel estimation accuracy. The

simulation study in this section is for a specific scenario of LTE physical downlink

channel dedicated to transmit user data. Finally, section 8.3 wraps up the findings

and draws conclusions.

8.1 Power Allocation for SEFDM Signal Detection
The proposed power allocation method is characterised by transmitting subcarriers

at different power levels. The SEFDM feature of overlapped mutually orthogonal

subsets, described in Chapter 6 for partial channel estimation scheme, is applied

here too. For α = b/c where b and c are integers, b < c and c < N, there are dN/ce

mutually orthogonal subcarriers (|Λm,n| = 0) for α(m− n) ∈ Z. Thus, the subset

of dN/ce mutually orthogonal subcarriers will be transmitted at higher power level

(PH), as the subcarriers in this subset will not interfere with each others. The rest

N−dN/ce subcarriers are allocated with the lower power level (PL).
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A visual representation of power allocation is given in Fig. 8.7, where the

spectrum of an SEFDM symbol with N = 16, α = 4/5 is shown. In this case,

b = 4 and c = 5, which results in d16/5e = 4 subcarriers with power level PH and

the rest of the 12 subcarriers with power level PL. From the spectrum, the mutual

orthogonality feature of the 4 subcarriers is observed, as at the peak of any of them,

the rest of the subcarriers within the orthogonal subset are zero. In spite of the fact

that the interference on the rest 12 subcarriers becomes higher, this interference may

be detected better at the receiver and then deducted. This will enhance the overall

system performance as will be shown in the next section.
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Figure 8.1: SEFDM signal spectrum for N = 16, α = 4/5, b = 4 and c = 5.

In order to have a fair comparison with SEFDM signals without power allo-

cation, it is important to maintain the same total transmitted power (PT ). Hence,

the increase in the power level of some subcarriers, will result in a reduction of

the power level of the rest, such that the total power PT remains unchanged. The

relation between PT , PH and PL is given by

PT = PHdN/ce+PL(N−dN/ce). (8.1)

The parameter ρ is defined as the ratio between the upper and lower power levels

(i.e. PH/PL) and ρ optimum value is a function of the system parameters N and α ,
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as will be shown in the next section. Given this, (8.1) becomes

PT = PLdN/ce(ρ−1)+PLN. (8.2)

In the following, the transceiver design of SEFDM signals with power allocation

transmission is described.

8.1.1 System Design

A high level descriptive transceiver design of SEFDM signals with power allocation

transmission is shown in Fig. 8.2. The transmitter here is similar to the previously

discussed SEFDM system model in Chapter 3, but an extra stage is inserted before

SEFDM modulation to perform power allocation. This is achieved by multiplying

the z , {z0,z1, .., ,zN−1} complex baseband symbols by the diagonal matrix ρ ∈

CN×N . The matrix element ρii takes one of the two weighting factors value to

reflect the variation in power level (i.e. PL and PH), depending on the subcarrier

position within the SEFDM symbol. The equation below represents the discrete

SEFDM-modulated symbol vector, x ∈ CQ×1, at the transmitter side with power

allocation

x = Φ(ρz), (8.3)

Assuming the SEFDM signal in (8.3) were to be transmitted over AWGN channel.

The SEFDM received signal y ∈ CQ×1, will be detected in two stages. In the first
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Figure 8.2: A high level descriptive transceiver design of SEFDM signals with power allo-
cation.

stage, the mutually orthogonal subcarriers are detected, by taking a hard decision
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on these high-power level subcarriers, while the rest are set to zero as shown below

un =

bẑne, nmodc = 0

0, otherwise,
(8.4)

where b.e is the slice function and mod is the modulo operation. Thereafter, u ∈

CN×1 is used to calculate and cancel the interference from the subcarriers with high-

power on the rest of the low-power subcarriers, as shown in (8.5). This interference

cancellation method is similar to the one of Chapter 5, which was applied with SIC

in an SEFDM satellite scenario. The resultant vector v ∈ CN×1 is given by

v = ẑ−Λu. (8.5)

As a consequence of the first stage interference cancellation, the correlation matrix

Λ is updated to Λ́ in the second detection stage, where the elements describing the

interference already cancelled in the first stage are set to zero and this is given by

Λ́m,n =

0, nmodc = 0

Λm,n, otherwise
(8.6)

This adjustment to the correlation matrix results in several orders of magnitude

reduction in its condition number, as will be explained in the next section. The

resultant v and Λ́ are the input to the second stage detector FSD.

The FSD algorithm fixes the complexity of SD by restricting the search within

a limited subspace of the SD problem. FSD was first applied to MIMO systems

in [161] and then to SEFDM in [12]. At every level (k), a fixed number of nodes,

or in other words tree width (Tw = 2k), are examined. The FSD estimate (ẑout) is

obtained from the minimisation problem stated in [162]

ẑout = arg min
z̃⊂H ,z̃∈M

‖L(p− z̃)‖2 ≤ ğ, (8.7)

where ‖.‖ is the Euclidean norm, z̃ is a candidate SEFDM symbol within the search
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subspace H , M is the constellation cardinality, L is an upper triangular matrix de-

fined by the Cholesky decomposition as Λ́HΛ́=LHL, (.)H is the Hermitian operator

and p, given in [162], by

p = (Λ́H
Λ́)−1

Λ́v, (8.8)

and ğ is the radius of the search sphere, which corresponds to the distance from the

ZF estimate ẑZF = bΛ́−1ve and is given by [162]

ğ = ‖v− Λ́ẑZF‖2, (8.9)

From the above, it is noticed that the first stage detector affects both the ZF estimate

ẑZF and the correlation matrix Λ́ for FSD detection. The output of the FSD is

demapped to recover the received bits b̂, then determine the system error rate. For

a detailed mathematical treatment about the application of FSD to SEFDM, readers

are referred to [63] and [162]. In the following, the benefits of power allocation in

this given scenario are explored.

8.1.2 Power Allocation Benefits

Here, the benefits of power allocation are divided into three main categories. Sim-

ulation results are provided for each, to prove the efficiency of power allocation in

SEFDM systems.

8.1.2.1 Condition number reduction

The condition number of a matrix is defined as the ratio of its maximum eigenvalue

to its minimum eigenvalue. Previously, in [50], it was shown that eigenvalues of

the correlation matrix (Λ) tend to zero with higher N and/or lower α . Hence, the

correlation matrix becomes ill-conditioned, because the condition number turn out

to be very high. The computation of the inverse of an ill-conditioned matrix for

a linear detector will be prone to large numerical errors in such case. In SEFDM,

the condition number of Λ increases rapidly with increasing the compression level

and/or the number of subcarriers [50].

Fig. 8.3 demonstrates the logarithmic value of the condition number
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(log(cond)) versus N for the correlation matrix Λ and the resultant matrix after

interference cancellation Λ́ with different values of α . The figure shows that the

resultant correlation matrix Λ́ has a drastic reduction in its condition number com-

pared to conventional SEFDM and it is independent of N, similar to the OFDM

case.
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Figure 8.3: Condition number of Λ and Λ́ versus N for different values of α .

The reward of this correlation matrix adjustment is highly significant for sub-

optimal and low complex detectors that requires matrix inversion. For instance

the FSD requires an inversion of the correlation matrix for an initial ZF estimate

as shown in (8.7). If the initial estimate is compromised by contributions of the

ill-conditioned system then the deviations from the received statistics point will

propagate to the final solution. It is worth noting that there is no purpose of using

power allocation in optimal detectors, such as ML, or detectors that do not require

matrix inversion, like the SIC discussed in Chapter 5.

8.1.2.2 Complexity reduction

In preparation for the study of the error performance and complexity of SEFDM

with power allocation, the optimum power ratio ρ is to be determined first. The

optimum ρ is defined here as the value that minimises the required Eb/N0 value

for a given error performance and found through numerical simulations. Fig. 8.4

demonstrates the Eb/N0 value required to achieve a BER of 10−3, using the two

stages detector in Fig. 8.2, with Tw = 2 for the FSD. It can be noticed that the
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optimum value of ρ depends on N and α and it moves towards higher values for

higher N and/or lower α , as the interference level becomes higher. Furthermore, the

starting ρ value varies as well, because it has been found that the BER curve reaches

an error floor at values higher than 10−3, as the error caused by ICI is dominant one

in this region.
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Figure 8.4: Eb/N0 required to achieve a BER= 10−3 versus ρ , for different values of N and
α .

Consequently, the optimum ρ values are then used to evaluate and compare

the BER performance of the new method to conventional SEFDM. Fig. 8.5 demon-

strates the BER results versus Eb/N0 for M = 4, α = 4/5 and α = 2/3 and for small

and large number of subcarriers. The FSD is of unity level when power allocation

scheme is used, however, the FSD detector becomes more complex and of higher

level order for conventional SEFDM. Earlier work has shown that for number of

subcarriers exceeding 32, the FSD performance degrades substantially rendering its

impractical use [63]. From the results, it can be noticed that the tree width of con-

ventional FSD (diamond marker in Fig. 8.5(a)) needs to be increased substantially

to achieve BER performance comparable to the new method with power allocation

and unity level FSD. For instance, when N = 16, the tree width increases from 2

to 16 for α = 4/5 and α = 2/3 to 32, factors of 800% and 1600%, respectively.

For N = 1024 only the results with power allocation are shown, as for conventional

FSD with high number of subcarriers the correlation matrix is almost singular (refer

to Fig. 8.3), thus, FSD is not capable of signal detection.
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Figure 8.5: A comparison of SEFDM signals BER performance with and without power
allocation for M = 4, α = 4/5,2/3 and (a) N = 16, (b) N = 1024.

Table 8.1: Computational complexity (in terms of number of real operations).

Process description Number of operations

1st stage multiplications 4N2

1st stage additions 4N2

2nd stage (FSD) multiplications ∑
w
n=1 2n[2n+1]+∑

2N
m=w+1 Tw[2m+1]

2nd stage (FSD) additions ∑
w
n=12n[2n−1]+∑

2N
m=w+1Tw[2m−1]

+4Tw
2(2N−w)

The computational complexity for the detector of two stages of Fig. 8.2, in

terms of real-valued multiplications and real-valued additions, is summarised in

Table 8.1. A detailed computation of FSD complexity can be found in [162]. Table

8.2 calculates the complexity for the simulated BER results of Fig. 8.5(a) using

Table 8.1. Clearly, the new method is an order of magnitude less complex than the

stand-alone FSD detector without power allocation.

8.1.2.3 PAPR reduction

As defined before in Section 3.5, PAPR is a parameter that holds information about

the range of power variation in the signal, which is vital in design optimisation to

choose the system components. In [78], it was shown that for SEFDM the PAPR is

dependent of the compression level in SEFDM and PAPR reduces by reducing α ,
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Table 8.2: Comparison of total number of operation between conventional FSD
and FSD with power allocation.

Case Multiplications Additions

Conventional FSD, Tw = 16 17250 44966

Conventional FSD, Tw = 32 34274 143014

FSD with power allocation, Tw = 2 3200 3566

compared to OFDM. Thus, SEFDM signals are less prone to the non-linear effect

when amplifiers are used, which is considered as an added advantage of SEFDM

besides improving the spectral efficiency. Recently, [79] and [80] investigated the

PAPR of MFTN, which is similar to an SEFDM case with RRC shaped subcarriers

[73]. The results agree with the previous conclusion of [78] that SEFDM and MFTN

have a better PAPR behaviour than OFDM. Thence, it is important to ensure that the

PAPR behaviour of SEFDM with power allocation will not degrade performance.

The PAPR performance is usually evaluated by the complementary cumulative

distribution function (CCDF), which is defined as the probability that the PAPR

surpasses a certain value (PAPR0 > 0). Fig. 8.6 shows the PAPR distribution for

two different compression values (α = 4/5,2/3), given N = 16 and M = 4. The

PAPR of OFDM is the benchmark to be compared to.

From the results, it can be noticed that the PAPR performance is improved by

lowering α . For example, given ρ = 1, the probability of PAPR= 8 dB is 3%; 2%

and 1% for α = 1; 4/5 and 2/3, respectively. Power allocation seems to enhance

the PAPR performance further, when compared to the case of ρ = 1. Logically, this

is because the total power is fixed, so the power is lowered on the majority of the

subcarriers to compensate for the power boost of the chosen orthogonal subcarriers

set. Therefore, the peak resulting from the alignment of subcarriers with lowered

power level, which is the majority, is less than that peak when no power allocation is

used, as their power will be higher. However, the average power will not be affected

and this results in lower PAPR. Furthermore, by increasing ρ , the power allocated

for subcarriers with low power level gets even lower and this explains the better

PAPR for higher ρ .
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Figure 8.6: PAPR distribution of SEFDM signals with different power ratios (ρ) and N =
16, M = 4, (a) α = 4/5, (b) α = 2/3.

Methods introduced to reduce PAPR for OFDM, SEFDM and MFTN, such as

SLW [78] and partial transmit sequence [79] reduction algorithms can be applied

here as well, for further PAPR reduction.

Taking all the above into account, power allocation has proved to be beneficial

for SEFDM systems with sub-optimal detectors. Given the importance of channel

estimation, the following section explores the application of power allocation for

channel estimation.

8.2 Power Allocation for Channel Estimation
A similar concept to SoDeMA in [110] may be applied to multiplexing, leading

to soft defined FDM (SoDeFDM). SoDeFDM allows the coexistence of different

FDM schemes in a given system and provides more flexibility in modulation and

multiplexing to support different services and applications, while taking into consid-

eration the channel conditions. For example, if an eNodeB is serving a UE located

in the middle of the cell with relatively good channel condition, SEFDM with high

compression level can be applied, while for the case of bad channel condition or

ultra reliable services, OFDM scheme is preferable. 1 This adds another degree of

freedom for systems similar to the work in Chapter 6.

1The work in this section was done at BT research labs in Adastral Park, Ipswich, United king-
dom as a part of an internship, funded by BT and the EPSRC Impact Acceleration Award.
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In SoDeFDM, the generation and detection of the different FDM schemes have

to use the same hardware architecture and the switching between these schemes

must be fast and flexible. The above condition is met for SEFDM/ OFDM sig-

nals, given that the generation and detection of SEFDM signals is implemented in

a similar way to OFDM using an IFFT/ FFT pair, as elaborated in Chapter 6 and

the work done before in [57]. Although the newly developed channel estimation

scheme proved to be robust and accurate, it requires different resource block de-

sign for SEFDM, compared to OFDM and this limits its application to SoDeFDM

systems. This being the case, in this work, power allocation is proposed to solve

the problem of channel estimation accuracy in SEFDM, whilst preserving the same

resource block design of OFDM. The case study, described in the following section,

is for the application of SoDeFDM to the LTE downlink shared channel reserved

for user data transmission.

8.2.1 SoDeFDM LTE PDSCH System Design

In this work, the case of SoDeFDM 10 MHz-LTE physical downlink shared channel

(PDSCH) is simulated. PDSCH is the channel that carriers the downlink user data

from eNodeB to UE. Fig. 8.7 demonstrates the normalised power spectra of LTE

SoDeFDM downlink signals, for different values of α .
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Figure 8.7: LTE power spectra for SoDeFDM signals with different compression levels.

Consider the system architecture depicted in Fig. 8.8. A turbo encoder of rate
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Figure 8.8: A high level descriptive block diagram of the PDSCH LTE SoDeFDM
transceiver design.

(Rc = 1/2) generates redundancy bits to protect the information bits. The output

is referred to as a codeword. In LTE, it is either 1 or 2 codewords depending on

the transmission mode [163]. 3GPP introduced 10 transmission modes, which are

defined according to the number of antennas and their functionality [163]. These

codewords are mapped into layers, then precoded into antenna ports. In this work,

four transmission modes are examined:

• TM1: A single-input single-output mode, where the base station and the user

equipment operate with a single antenna each.

• TM2: Transmitter diversity scenario with 2 antennas at the transmitter and

1 at the receiver (2× 1). Space frequency block coding based on Alamouti

coding [164] is used to enhance the error performance.

• TM3: An open-loop based precoding 2× 2 spatial multiplexing system,

where the input stream is divided into two independent streams to increase

the system throughput. Open-loop means there is no feedback from the UE

to eNodeB and its found to be suitable for good condition channels or when

the user speed is relatively high.

• TM4: A closed-loop based precoding 2× 2 spatial multiplexing system. It

is similar to TM3 but with a feedback from the UE, to take into account the

current channel state in the precoding process.
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For further information about the above transmission modes and others imple-

mented in LTE systems, readers are referred to the 3GPP standards [163].

After mapping the input coded bit stream to the antenna ports, the bits are

scrambled using an external interleaver and mapped into a 4-QAM data symbols.

Afterwards, the mapped data symbols and CRS, or in other words pilot signals, are

mapped into resource blocks. In the case of 10 MHz, the number of resource blocks

is 50 and each consists of 12 subcarriers of frequency spacing ∆ f = α × 15 KHz.

Thereafter, the resource blocks are mapped into subframes, where each subframe is

of length 1 ms and consists of 14 SoDeFDM symbols for the case of normal CP.

8 CRS signals are allocated in different resource elements scattered through each

resource block [163].

The resource elements within a subframe are the input to SoDeFDM modula-

tion using an IFFT of size Q = 1024 and the number of subcarriers is N = 600. At

the output of the IFFT, the first bα×Qc are transmitted while the rest are truncated.

This truncation results in subcarriers frequency spacing compression as explained

previously in Chapter 6. Given this SoDeFDM LTE generation method, the sam-

pling rate ( fs) in Hz is a function of α and is calculated by

fs =
(bα×1024c×14)+LCP

10−3 , (8.10)

where LCP is the total number of samples used for CP per subframe, which is 1024

samples for normal CP (i.e. 7%) [163]. For simplicity, the number of CP samples is

the same for any value of α . If the sampling rate is 15.36 MHz for OFDM, referring

to (8.10), it will become 12.49 MHz for SEFDM (α = 0.8).

As a side note, it is possible to fix the system sampling rate regardless of α , if

the IFFT is replaced by an IDFT of size (d1024/αe) and the first 1024 samples are

only taken from the output of the IFFT. The drawbacks are the IDFT complexity

is higher than the IFFT and a separate IDFT/ DFT pair for each value of α will be

required.

After modulation, a digital to analog converter (D/A) followed by an up-

converter are used to get the signal ready for transmission. The impairments consid-
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ered in this study are the multipath channel effect and AWGN. The channel model

used is a normalized LTE extended pedestrian A model (EPA) [165] and the Doppler

frequency is 5 Hz, while the antennas correlation is low.

At the receiver, after down conversion and A/D conversion, the symbol is de-

modulated by an FFT, whose input is adjusted by replacing the discarded samples at

the transmitter with zeros. Afterwards, CRS signals are extracted and used to esti-

mate the CFR. The channel is estimated every frame (i.e. 10 ms) by an MMSE esti-

mator, followed by time and frequency averaging and interpolation. The estimated

channel effect is reversed using a one tap-equaliser, then, the equalised symbols

are soft de-mapped and the turbo decoder of 5 iterations estimates the transmitted

message bits from the received codeword.

Power allocation is already implemented in current LTE systems, such as the

resource elements carrying CRS are allocated with a higher power level when com-

pared to resource elements carrying transmitted information. The power allocation

factor is determined according to the the channel condition and leads to a poten-

tial enhancement in estimation accuracy of channel impairments, which is crucial

for an accurate detection at the receiver. With this in mind and taking into account

the interference in SEFDM, the same power allocation technique may be applied to

SoDeFDM to ameliorate the effect of ICI in CRS signals. In the next section, the

simulation results of SEFDM with power allocation for this case study are demon-

strated.

8.2.2 Simulation Results

A new metric termed effective spectral efficiency (ESE) is introduced to evaluate

the efficiency of SEFDM and power allocation. The difference between ESE and

the spectral efficiency calculations in the previous chapters is that in ESE, the error

rate is taken into account. ESE is calculated by

ESE = ∑
k

(1−BLER)×bs

t×α×BW
, (8.11)
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where k is the number of transmitted blocks, BLER is the block error rate and it

takes a value of 1 if there is an error in the block or 0 in the case of error free

reception. Each block in this simulation study is of size equal to one LTE subframe

and the total number of transmitted blocks is 1000. bs is the number of information

bits (uncoded) transmitted per block, t is the subframe duration (1 ms) and BW is

the subframe bandwidth, which is α × 10 MHz in this case. First, for the purpose

of benchmarking, a perfect knowledge of the CFR is assumed. Fig. 8.9 presents the

ESE results versus SNR for the four transmission modes and different compression

values. SNR is used instead of Eb/N0, because these simulations uses the current

LTE framework and in practice SNR is more informative. The following may be

identified by looking at the results:
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Figure 8.9: ESE vs. SNR for OFDM/SEFDM LTE PDSCH TM(1-4) with perfect channel
estimation and different values of α .



8.2. Power Allocation for Channel Estimation 185

• A general observation from the different transmission modes is that by in-

creasing the transmission power level, the ESE increases up to a point where

it saturates. The reason is an error free transmission is achieved at this power

level and this maximises the ESE, as shown in (8.11).

• Given that the percentage of resource elements used for signalling per re-

source grid is 20-25% and the CP length is 7% of the transmitted signal,

if the modulation cardinality is 4-QAM and the channel coding rate is 1/2,

then the maximum ESE would be around 0.7 bit/s/Hz for TM1 and TM2 and

α = 1. By looking at Fig. 8.9(a) and (b), as expected, the maximum ESE

is 0.7 b/s/Hz for α = 1 and the lower α is, the higher ESE, where the gain

may reach up to 40%. However, higher SNR is required to achieve error free

transmission due to ICI. Therefore, the advantage of SEFDM is more obvious

in high SNR regions.

• In Fig. 8.9(b), it can be noticed that the required SNR to achieve maximum

ESE for a given α is lower than that of TM1 in Fig. 8.9(a), due to transmission

diversity. TM2 sends the same information in both antennas and this results in

power advantage but not throughput. Thus, the maximum ESE is comparable

to that of TM1. Furthermore, the advantage of bandwidth compression is

obvious and the gain is more than 40% for α = 0.7 and SNR≥ 9 dB.

• The spatial multiplexing in TM3 and TM4 almost duplicates the ESE, com-

pared to TM1 and TM2. However, higher power level is required. The power

penalty of TM4 is less than TM3 due to the feedback connection. Also, the

advantage of SEFDM is still valid here, however, the maximum gain is less

than 25% for α = 0.7.

• The advantage of applying SoDeFDM is in optimising the ESE regarding

the channel condition and available SNR without changing the modulation

cardinality or coding rate. For example, if an eNodeB is operating at SNR = 8

dB, then from the results, the optimum α is 0.8 for TM1, while it is 0.7, 1, 0.9
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for TM2, TM3 and TM4, respectively. This flexibility in altering α optimises

the resources utilisation.

If the current channel estimation scheme of LTE without power allocation is applied

to SoDeFDM, the estimated CFR will be significantly affected by the interference

on the pilot symbol, mainly coming from neighbouring symbols. The estimation

scheme will not be able to distinguish between the channel effect and interference.

Fig. 8.10 demonstrates simulated ESE results when channel estimation is used, but
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Figure 8.10: ESE vs. SNR for OFDM/SEFDM LTE PDSCH TM(1-4) with conventional
channel estimation method and different values of α .

without power allocation. From the results, it can be noticed that the estimation

inaccuracy due to the interference coming from other subcarriers within the same

SEFDM symbol causes the fluctuations in the ESE curves. This interference is



8.2. Power Allocation for Channel Estimation 187

random as it depends on the data being transmitted on other subcarriers and the

fluctuations level tends to be higher for lower α , because the interference level

becomes higher. The power gap due to channel estimation is the highest for TM2,

because the transmitter diversity creates reliable transmission in the low SNR and

the pilot estimation does not benefit from this diversity.
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Figure 8.11: ESE vs. SNR for OFDM/SEFDM LTE PDSCH TM(1-4) with conventional
channel estimation method and power allocation (ρ = 2) for different values
of α .

To conclude, bandwidth compression shows a potential of significant enhance-

ment in ESE as demonstrated in the case of perfect knowledge of CSI, however,

in practice this is not the case. If the pilot design and estimation scheme of LTE

without power allocation were to be used, the performance degrades and fluctuates.

To solve this issue, a preliminary study is undertaken to address the utility of power
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allocation in a similar manner to the power allocation currently used in LTE. In the

following, only one value of power allocation factor is investigated, which is ρ = 2

(or 3 dB higher). This value is not the optimal one, because in a system such as

LTE, many parameters are to be considered in the optimisation problem and this

research is still in its early stage.

Fig. 8.11 demonstrates the ESE results with power allocation. From the results,

it can be noticed that the fluctuation level is lower (i.e. the ESE curves are smoother)

when compared to those of Fig. 8.10, especially for α ≥ 0.8. This is justified by

the fact that the interference level compared to the CRS signals level turns to be

lower. In addition, the ESE performance tends to be closer to the perfect channel

estimation scenario in Fig. 8.9, when compared to Fig. 8.10. Finally, the advantage

of power allocation in current LTE systems may be also noticed, when comparing

the ESE results of α = 1 to the ones in Fig. 8.10, as the channel estimation tends to

be more accurate.

8.3 Conclusions

This chapter explores current power allocation methods used in different sys-

tems, such as OFDM and NOMA and proposes a new power allocation method

to SEFDM. Power allocation is employed in SEFDM to overcome the impairments

resulting from ICI by allocating different power levels to the different subcarriers

within the same symbol. This implication of power allocation to SEFDM systems

is tested from two perspectives: signal detection and channel estimation.

Regarding signal detection, a new system architecture based on double stage

detection techniques has been designed, and the presented results prove that such

power allocation is beneficial to SEFDM as: i) It solves the main limitation of

SEFDM signals, which relates to its ill-conditioning nature resulting from ICI; such

as its correlation matrix condition number becomes independent of the number of

subcarriers, unlike conventional SEFDM where the condition number increases sub-

stantially for N > 32; ii) it reduces the detector complexity drastically compared to

conventional SEFDM without power allocation, for the same error performance,
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with a particular case presented here for the sub-optimal FSD detector; iii) FSD

detector is capable of detecting the signal even with high number of subcarriers,

because of power allocation adjustment to the correlation matrix; iv) finally, the use

of power allocation enhances the PAPR behaviour of SEFDM, which is essential

for non-linear systems.

Concerning the channel estimation problem, an SEFDM LTE PDSCH down-

link channel is implemented. Results show that SEFDM has a significant through-

put advantages as it can enhance the throughput by up to 40% compared to OFDM.

However, this throughput advantage is affected by the accuracy of channel estima-

tion. If the channel estimation method currently used in LTE, were to be used for

SEFDM, power allocation can reduce the penalty error in channel estimation due to

ICI. This conclusion is of great importance for SEFDM, especially when it comes

to SEFDM deployment as part of SoDeFDM LTE systems. The work done here is

still at an early stage and there is ongoing research to further investigate the optimal

power ratio and the optimal location of the CRS resource elements within a resource

block.



Chapter 9

Conclusions

Improving the spectral efficiency of future communication systems is essential to

cope with the emergence of new applications and technological trends connecting

billions of people and machines. Accordingly, the theme of this thesis is the em-

ployment of spectrally efficient signals (namely SEFDM) to enhance spectrum util-

isation. In this thesis, new techniques have been proposed and explored to establish

end-to-end comprehensive and practical SEFDM systems.

9.1 Summary and Discussion
The feasibility of SEFDM is hindered by many design and implementation obstacles

due to orthogonality violation. Previous work focused on SEFDM signal generation

and detection. However, other issues have not been fully tackled by previous work,

such as the application of channel coding, practical channel estimation and equali-

sation and importantly, the design of a full end-to-end system. Towards the ultimate

goal of considering SEFDM in future wireless standardisation, work in this the-

sis was conducted in three main parts; firstly, the fundamentals of SEFDM signals

and communication system were mathematically modelled, using deterministic and

statistical processes, to facilitate system design under different channel conditions.

Second, new methods were developed and communication system techniques were

adapted and applied to SEFDM to improve its performance. Third, the mathemat-

ical studies and new techniques developed were applied to practical systems that

were tested both by simulation and experimentation.
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This thesis commenced by a general overview of existing multi-carrier orthog-

onal signals. The focus was on OFDM signals, where a mathematical model was

presented and the signal characteristics were compared to existing non-orthogonal

signals, which violate the orthogonality of their subcarriers by either compressing

the signal frequency spacing, by pulse shaping or by using both methods simulta-

neously. This overview set the main background for this thesis and then moved on

to an extensive survey of the active research work on SEFDM. This survey helped

in identifying a number of shortcomings, which paved the way to the research car-

ried out through this thesis. The SEFDM signal was studied and mathematically

modelled, where a statistical model of ICI in SEFDM was derived to complement

the well-known SEFDM deterministic model. Detailed mathematical and simula-

tion studies concluded that ICI in SEFDM approximates a Gaussian distribution,

of a variance which depends largely on the compression level and to a much lesser

extent on the number of subcarriers. This is because the interference power (of the

ICI) on a given subcarrier largely results from the neighbouring subcarriers on both

sides. The developed ICI model was used to derive a closed form of SEFDM prob-

ability of error bounds, when a simple matched filter receiver and AWGN channel

are assumed. The results indicated that, unlike OFDM, increasing the signal power

will not improve the error performance and an error floor appears by increasing the

compression level of SEFDM signals. This set of results led to the conclusion that

some powerful interference cancellation method is required and such was developed

in this thesis. In the final part of signal mathematical studies, SEFDM upper-bound

spectral efficiency was derived using the statistical signal model and showed the ad-

vantage of SEFDM over OFDM, for different signal powers and system operating

conditions.

To ameliorate the effect of ICI in SEFDM and improve its error performance,

different channel coding techniques were applied; specifically RS block code and

convolutional and turbo probabilistic codes. Furthermore, a serial concatenation of

RS and turbo codes was studied through system modelling and simulations. Results

expectedly favoured the use of turbo coding over the other techniques, particularly
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when high compression levels are used, with spectral efficiency gains of 67% re-

sulting in a maximum of 3 dB power penalty relative to OFDM. Consequently,

further investigations were undertaken, to evaluate the impact of different opera-

tional parameters on ICI mitigation capabilities of turbo coding. Results showed

that lower coding rates (i.e. more redundant bits generated per information bit)

mitigates ICI effects better. Moreover, SEFDM error performance degrades more

than OFDM error performance with code puncturing (i.e. increase coding rate by

puncturing the output of the encoder) especially for higher compression levels. The

second parameter studied was the number of turbo decoder iterations, where it was

proven that SEFDM error performance improves by increasing the iterations but

only up to a certain extent. A new method was developed to further improve coded

SEFDM error performance, where a random interleaver was implemented to inter-

leave coded bits. Although channel impairments were limited to AWGN, yet the

interleaver proved to be beneficial in terms of error rate reduction because of ICI.

Thus, the employment of such interleaver is essential, especially with high com-

pression level. The channel coding studies were concluded by performing a fair

comparison between OFDM and SEFDM, where both systems have the same spec-

tral efficiency and the same system simulation parameters. Results showed that

although coding significantly improves system performance, yet it is not sufficient

by its own and better methods to remove the interference may be required.

The above conclusion led to the design and implementation of successive in-

terference cancellation with LDPC channel coding, where the detector estimates

and then subtracts ICI iteratively. Such interference canceller is distinguished by;

i) its simplicity, as it is based on mathematical subtraction operation and does not

require matrix inversion; ii) its interference estimation efficiency, because the chan-

nel decoder plays a part in this process. Mathematical modelling and simulations

were provided to investigate the SIC performance in a broadband and broadcasting

scenario (DVB-S2). Taking into account that in DVB-S2 systems, each transpon-

der serves multiple users, SEFDM provided more degrees of freedom in optimising

the system compared to OFDM by adding a compression parameter to the existing
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variable coding and modulation operational parameter. Results evidenced SIC ca-

pability of solving the interference limitations of SEFDM, by reducing interference

even with only one iteration. Furthermore, SEFDM proved to accomplish band-

width savings compared to OFDM while preserving the same BER performance, at

the cost of higher detector complexity.

The second addressed issue of SEFDM signals was channel estimation. A

new robust and practical frequency domain channel estimation scheme was de-

vised, which allowed real-time SEFDM signals transmission and detection. In this

scheme, a pilot symbol is sent over orthogonally spaced subcarriers as an OFDM

symbol, while information symbols are sent as SEFDM symbols; both symbols use

the same number of subcarriers and the same subcarrier spacing. A mathemati-

cal model was designed to compare the new scheme to two other existing SEFDM

frequency domain estimation schemes; partial channel estimation and channel es-

timation with interpolation. Results proved that the new scheme is more robust

and more accurate, regardless of the channel condition, number of subcarriers and

the compression level. Furthermore, the computational complexity of the proposed

scheme is substantially less than the computational complexity of the other two

schemes. Finally, the new scheme slightly increases the pilot duration overhead,

thus, it is deemed more suitable for semi-static or slow fading channels, where the

pilot is sent less often.

For further justification of the proposed channel estimation scheme suitabil-

ity, the proposed scheme was applied to new 5G NR system model transmitting

SEFDM frames over TDL-D channel. A new reconfigurable IFFT design was pro-

posed, which is capable of generating SEFDM symbols, pilot OFDM symbols and

continuous cyclic prefix. It was proven that if the cyclic prefix of SEFDM signals

is generated in a similar way to OFDM signals, it would violate signal continuity.

Thereafter, a new method to maintain cyclic prefix continuity was proposed and it

was shown that this method results in lower out-of-band emission, compared to the

existing method.

Inspired by the successful implementation of power NOMA in 5G, preliminary
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work in this thesis explored the advantages of applying power allocation to SEFDM

to overcome the impairments resulting from ICI. In this method, different subcar-

riers within the same symbol are allocated different power levels. A new system

architecture was suggested, where signal detection was divided into two stages. In

the first stage, subcarriers allocated with higher power are detected and their inter-

ference on the rest of the subcarriers is estimated and cancelled. Thereafter, the

rest of the subcarriers are detected by a second stage sub-optimal fixed sphere de-

coder. This new architecture solved SEFDM ill-conditioning problem, as it was

proven that the correlation matrix condition number reduces substantially and be-

comes independent of the number of subcarriers. Further advantages of applying

power allocation with the new system architecture were presented, such as substan-

tial reduction of detector computational complexity and better PAPR behaviour,

when compared to conventional SEFDM systems.

Another study on power allocation for channel estimation in SEFDM systems

was discussed in this thesis. The ultimate goal of this study was to explore the pos-

sibility of coexistence of SEFDM and OFDM systems. Thus, a new system design

with minimum modifications to existing PDSCH LTE system was implemented.

Power allocation was suggested to enhance SEFDM channel estimation accuracy,

where the power level of the pilot signals is higher than that of data signals. Con-

sequently, the power of interference coming from other subcarriers to the pilot, will

become relatively lower. Results proved the potential of power allocation in en-

hancing channel estimation accuracy and reducing error rate. However, this study

is still at an early stage and further work is going for further enhancement.

Finally, the world first experimental demonstration of SEFDM signals trans-

mission over E-band (81-86) GHz frequency range was reported, with a highest

transmission rate of 12 Gbps and up to 50% improvement in spectral efficiency, rel-

ative to OFDM. The testbed setup consisted of GaAs microwave integrated circuit

transceiver chips, especially designed for the transmission of multi-carrier signals

in the E-band. To guarantee a controlled frequency selective environment, an E-

band waveguide was used, with well characterised magnitude and phase responses
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and time delay parameters. In the digital signal processing part, each step starting

from message bits generation, all the way to detect the message bits at the receiver,

were designed and implemented. The channel estimation scheme developed in this

thesis proved again its capability, in practice, of accurate estimation of the channel

response. Furthermore, the orthogonal nature of the pilot symbols in this estimation

scheme allowed developing a new timing synchronization method. In this method,

the pilot symbols were also used here for timing synchronization to reduce the over-

all system overhead. In addition, the powerful LDPC channel coding and coded bits

interleaving were employed to enhance error performance. This demonstration not

only verifies the design techniques developed in this thesis, but also represents an

important milestone for SEFDM transmission, given the importance of using mm-

waves in expanding transmission rates for future wireless communication systems.

To summarise, the appealing SEFDM concept is challenged by the loss of

orthogonality that complicates the required transmitter and receiver tasks and de-

grades performance. The work presented in this thesis tackled both complexity and

performance issues, by introducing new design and verifying their efficacy experi-

mentally.

9.2 Future Work
The work and conclusions developed through out this thesis motivate further inves-

tigations, some of which are listed below as potential future research lines:

• E-band over air transmission for in-door and out-door environments.

The experiment of SEFDM transmission over the E-band (81-86) GHz, re-

ported in [27] and in Chapter 7 of this thesis, may be extended to replace

the waveguide connecting the transmitter to receiver with an over air channel.

To achieve this and given the high path loss at the E-band, transmitter and

receiver antennas become essential. Furthermore, the robustness of SEFDM

signals to impairments in different transmission environment has to be investi-

gated and compared not only to OFDM, but also to single carrier experiments

as in [150] and [149].
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• Satellite non-linearities mathematical modelling: The work reported in

[20] and in Chapter 5 of this thesis concerning the application of SEFDM

to DVB-S2 system, may be extended further. First, the channel linear model

should be extended to take into account non-linearities introduced by the low

and high power amplifiers at the transmitter. It is expected that such model

will show the advantage of SEFDM, when compared to OFDM, given the

former better PAPR behaviour. This channel model, termed Saleh model,

has been implemented in different publications by Baidas, such as in [118]

and [122]. Second, the recent work in [128], introduced a new layer of multi-

carrier to satellite systems, where each user within a transponder is an OFDM

symbol instead of a conventional single-carrier signal. This introduces a new

potential for SEFDM to enhance future satellite systems, where each sub-

channel within a transponder is an SEFDM symbol.

• Investigate the new channel estimation scheme behaviour in a fast fading

environment. Expand the use cases of the new channel estimation scheme

developed during this PhD, which is reported in [21] and in Chapter 6 of this

thesis. In the new channel estimation scheme, the pilot is sent ahead of data

symbols. This might degrade estimation accuracy of the new scheme in fast

fading channels, unless, the pilot is sent more often. Consequently, opera-

tional parameters, such as how often the pilot is sent and effective throughput

may be calculated to get a better grasp on the big picture. Furthermore, the

new channel models introduced in the recent 3GPP standards [139] may be

modelled, to evaluate the new channel estimation scheme in other scenarios

not considered in this thesis.

• Optimise power allocation technique for channel estimation. Power allo-

cation in LTE [163] is used to boost the power level of pilot reference signals.

This will result in a better estimate of channel impairments and better equal-

isation. If SEFDM is applied to LTE framework, such as the work reported

in Chapter 8 of this thesis, then, the following points are to be taken into

consideration. First, unlike OFDM LTE, the pilot signals must be modulated
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on an orthogonal subset of subcarriers, i.e. pilot signals should not interfere

with each others. Second, after estimating the channel response using the

pilot reference signals, the interference from these pilot signals into the rest

of subcarriers within a resource block, should be calculated and subtracted,

before signal detection.

• Formal system optimisation: Several methods and tools may be used to

optimise SEFDM system design and parameters, in a formal manner. EXIT

chart tool was firstly proposed as a powerful semi-analytical tool devised for

analysing the convergence behaviour of iteratively decoded systems, where

mutual information between data bits at the transmitter and the soft values

at the receiver are used to describe the exchange of extrinsic information be-

tween constituent decoders [166]. Recently, EXIT charts were employed to

predict the convergence behaviour of iterative turbo equalizers, where soft in-

formation is circulated between the detector and decoder, such as the SIC in

this thesis. Therefore, EXIT chart may be used to optimise the SIC system

design and parameters. The second tool is machine learning, which showed

great potentials to revolutionise current communications systems. Although

the mathematical model of ICI in SEFDM exists, yet, the application of ma-

chine learning to SEFDM may highlight new potentials and solutions. For

instance, machine learning can be used to optimise the interference cancel-

lation and detection blocks in SEFDM systems, such as [68]. Furthermore,

there is evidence that “learned” algorithms could be executed faster than ex-

isting programs and algorithms [167].

Overall, this thesis and its underlying research work have explored mathematical,

engineering design and practical aspects of the SEFDM system. It is hoped that

this work will serve as a further step towards the implementation and and use of

SEFDM symbols in future communication systems.



Appendix A

Preliminaries on MAP Decoding

The trellis presentation of convolutional coding has to be explained to understand

MAP decoding. Fig. A.2 shows the trellis for the RSCC (5,7,3) of Fig. A.1.

RSCC (1)

RSCC (2)∏int.

b s

p1

p2

Figure A.1: RSCC for (5,7,3) and Rc = 1/2.

The content of the memory registers of the encoder at any time is referred to as

the trellis states (S). Thus, the number of possible states, at a certain point, is equal

to 2mc , which is 4 in this case. Therefore, the number of trellis rows depends on mc

while the trellis depth depends on the input sequence b length kc.

The initial stage always starts with all zeros state, then, with the first input (b1),

the content of the memory registers is shifted one step forward to the right and the

output of the generator sequences is calculated. The trellis presentation, calculates

the output for all possible input values, which in this case is bi ∈ {0,1} and updates

the trellis state according to it. The arrows here have two values (bi/ci).

The transition from a state to the next one depends on the encoder input value.

Thus, if the previous state (Si−1 = s
′
) and present state (Si = s) are known, then the
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Figure A.2: Trellis diagram presentation for RSCC (5,7,3).

input that triggered this transition can be figured out [90].

MAP algorithm gives the probability that the ith transmitted bit value is P(bi =

0) or P(bi = 1), using the received coded bits sequence ĉ, such as [90]

L(bi|ĉ) = ln
(

P(bi = 1|ĉ
P(bi = 0|ĉ

)
, (A.1)

where L(bi|ĉ) is the a posteriori LLR.

The LLR in (A.1) can be rewritten using Bayes’ rule 1 and the exclusive mutu-

ality of the trellis states 2 as [90]

L(bi|ĉ) = ln

(
∑(s′→bi=1)P(Si−1 = s

′ ∧Si = s∧ ĉ)

∑(s′→bi=0)P(si−1 = s′ ∧ si = s∧ ĉ)

)
. (A.2)

To evaluate this probability, two rules are used; Bayes’ rule and Marcov Chains,

which is exploited for memoryless channels. In a memoryless channel, the future

received sequence will depend only on the present state and not on the previous

states [90], [91]. Consequently, the numerator and denominator of (A.2) becomes

[90]

P(si−1 = s
′
∧ si = s∧ ĉ) = αi−1(s

′
)× γL(s

′
,s)×βi(s) (A.3)

where αi−1(s
′
) is referred to as the forward recursion, βi(s) is the backward re-

1 P(bi|ĉ) = P(bi∧ ĉ)P(ĉ)
2only one of the states could occur at the encoder at a certain stage
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cursion and γL(s
′
,s) is the transition branch metric. These three parameters are

calculated as [90]

αi(s
′
) = P(si−1 = s

′
∧ ĉi−1

0 ), (A.4)

βi(s) = P(ĉkc−1
i+1 |si = s), (A.5)

γi(s
′
,s) = P(si+1 = s, ĉi|si = s

′
) = P(ĉi|bi)P(bi), (A.6)

where ĉi−1
0 is a vector of previous outcomes from stage 0 till the i−1 stage and ĉkc−1

i+1

is a vector of future outcomes from stage i+ 1 till kc− 1. P(ci) is the a− priori

probability and P(ĉi|ci) is the conditional density that the channel sequence ĉi is

received given that ci is transmitted. In MAP decoder, usually P(ĉi|ci) is assumed

to have AWGN PDF for simplification.

To calculate the above, first, γi(s
′
,s) is calculated assuming that the a− priori

probability is equally likely to happen for bi = {0,1} (i.e. P(bi = 0) = P(bi = 1) =

0.5). Then, using γi(s
′
,s), (A.4) and (A.5) can be calculated by [90]

αi(s
′
) = ∑

all s′
αi−1(s

′
)× γL(s

′
,s), (A.7)

βi−1(s) = ∑
all s

βi(s)× γL(s
′
,s). (A.8)

In (??) and (??), it is assumed that at the encoder starts and terminates at all ze-

ros memory state. For example, the RSCC (5,7,3) of Fig. A.1 α0(s0 = [00]) =

βkc−1(skc−1 = [00]) = 1.

Finally, the conditional LLR of bi in (A.2) is found by [90]

L(bi|ĉ) =

(
∑(s′→bi=1)αi−1(s

′
)× γL(s

′
,s)×βi(s)

∑(s′→bi=0)αi−1(s
′
)× γL(s

′
,s)×βi(s)

)
. (A.9)

Then, the hard decision is made according to the sign of L(bi|ĉ). However, (A.9)

turned to be very complex and different methods have been studied to reduce the

MAP decoder complexity. For instance, a method called max-log-MAP [168] is

used, where it takes the natural logarithm for α,β ,γ to turn multiplication into
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simple addition, then, it uses Jacobian approximation 7 to simplify the calculation

of ln(ex + ey).

7(ln(ex + ey) = max(x,y)+ ln(1+ e−|x−y|))



Appendix B

E-band Transmitter & Receiver

Integrated Circuits Design

The E-band SEFDM MMIC Tx and Rx in the experiment reported in Chapter 7 of

this thesis were TSC0023B and RSC0015D, respectively. Both Tx and Rx are de-

signed by Gotmic AB for this collaborative work. Based on WIN Semiconductors’

100 nm GaAs pHEMT process (PP10-10), the Tx and the Rx circuits are one-chip

solutions that contain integrated frequency sextupler (X6) and balanced IQ modu-

lator. The two MMICs were each mounted on Taconic Taclamplus printed circuit

board (PCB) of size 3× 3 mm2, having 100 um thick substrate on 1 mm copper

hardback with edge-launch SMA connectors for the local oscillator (LO) and IQ

ports and a WR12 waveguide interface for the RF. Additional PCBs were used, tak-

ing only±5 V, for making the E-band SEFDM transmitter and receiver plug’n’play

solutions for quick deployment and ease-of-use.

B.1 Design Topology of the Transmitter and the Re-

ceiver
The Tx integrated circuit contains a variable-gain amplifier (VGA), a medium power

amplifier, and a power detector for monitoring RF output power and LO leakage.

These components are integrated after the quadrature mixer, as shown in the block

diagram and the corresponding chip photo in Fig. B.1(a) citeWebsite. The quadra-

ture mixer comprises a differential branchline coupler and a Marchand balun on
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(a) Tx: gTSC0023B

(b) Rx: gRSC0014B

Figure B.1: The E-band block diagram and chip photo: (a) transmitter; (b) receiver.

the LO side and is based on the topology in [169]. Such design provides LO-RF

isolation and quadrature interface, suitable for direct modulation. The frequency

sextupler makes use of a differential stage amplifier, which in saturation is rich of

odd harmonics, and a common-source transistor biased at threshold, which is rich of

even harmonics. These two sources extract the X3 and the X2 frequency products

respectively, and together with the amplifiers, they boost the signal level, such that

the output power level reaches 16 dBm. The detailed schematic of the frequency

sextupler is described in [170]. The VGA utilizes a travelling wave type amplifier

for gain control, which over 25 dB gain control range has consistent flat gain re-

sponse and return loss better than 10 dB. The medium power amplifier consists of

4-stages and in two parallel branches to increase linearity. A gradual increase in

the gate width of the transistors from 150 um to 400 um has been adopted in the

design, to balance the transmitter’s power consumption and third-order intermodu-

lation product. At the output, the RF signal is 10-dB coupled to a power detector,

thus, the detector is sensitive enough to detect all power levels across the gain con-

trol range.

In terms of the receiver, the Rx circuit of Fig. B.1(b), consists of a low-noise

amplifier (LNA) placed in front of the quadrature mixer. The LNA is used to buffer

the noise figure, such that the conversion gain and noise figure of the whole receiver

chip are 15 dB and 5 dB, respectively. The LNA consists of a three-stage amplifier

design, where the first transistor is biased at a low drain voltage and low current for

optimum noise figure. Similar to the medium power amplifier in the transmitter, the
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second and third stages have a gradual increase in their transistors size to improve

linearity. The quadrature mixer and the frequency sextupler are identical to the ones

described of the transmitter above.

B.2 Measurements of the Transmitter and the Re-

ceiver

(a) Transmitter (b) Receiver

Figure B.2: Measured performance of the SEFDM E-band transmitter and receiver at dif-
ferent RF frequencies.

The suitability of the Tx circuit is evaluated in Fig. B.2(a). The results show

that the measured maximum conversion gain, third-order output intercept point

(OIP3) and image rejection ratio (IRR) are 18 dB, 26 dBm, and 25 dB, respectively.

This implies that the transmission of multi-carrier modulation formats including

OFDM and SEFDM, even at a relatively high peak-to-average power ratio (PAPR)

is viable. Nevertheless, because of the limited frequency response of the branchline

coupler, it is noticed that the IRR is high at the center frequency and starts to deviate

at the corner frequencies. LO suppression can be further improved (around 40 dBc),

by applying DC offset to the +I, -I and +Q, -Q channels.

For the receiver, the measured input linearity may be described by measuring

the third-order input intercept point (IIP3) and the IRR , which are 1 dBm and 25

dB, respectively, as shown in Fig. B.2(b). We can notice that the performance

is similar to that of the transmitter, indicating the suitability to multiple-subcarrier

modulation format.
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For direct modulation and demodulation, intermodulation product, such as

IM2, is a critical parameter because it falls within the modulated signal bandwidth.

Thus, OIP2 has been measured and the results indicate that OIP2 is higher than 30

dBm at the center frequency, but decreases to 12 dBm at 86 GHz. This effectively

limits the maximum received signal power of the SEFDM receiver chain.



Appendix C

The Relation between SNR and Eb/N0

In this thesis, the system performance is usually evaluated by presenting results

(e.g. MSE, BER, ESE) versus either Eb/N0 or SNR. In experiments and practical

systems SNR is used more often, however, Eb/N0 is more common in theoretical

studies for normalisation purposes. The flowchart demonstrated below summarises

the steps taken to transfer from SNR to Eb/N0 and vice versa.

SNR (per sample)

Power per sample (watts) 
S

Noise Power (watts)
N

Energy per Sample (Joules)
𝐸𝑠𝑎𝑚𝑝𝑙𝑒 = 𝑆 × 𝑇𝑠

Noise PSD(watts/Hz)

𝑁𝑜 =
𝑁

𝐵𝑛
=
𝑁

𝑓𝑠
= 𝑁 × 𝑇𝑠

𝐸𝑠𝑎𝑚𝑝𝑙𝑒

𝑁𝑜
=
𝑆

𝑁

×

Number of samples per M-QAM 
modulated symbol (oversampling 

factor)

𝑧 =
𝑇𝑠𝑦𝑚𝑏𝑜𝑙

𝑇𝑠𝑎𝑚𝑝𝑙𝑒 𝐸𝑠
𝑁𝑜

= 𝑧 ×
𝐸𝑠𝑎𝑚𝑝𝑙𝑒

𝑁𝑜

Number of information bits 
per M-QAM symbol: 

𝑙𝑜𝑔2(𝑀) × C
C: coding rate

÷

𝐸𝑏/𝑁𝑜

Figure C.1: A flow chart of the relation between SNR and Eb/N0.
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