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Abstract

Nearly sixty two percent of today’s population worldwide are inhabitants with mo-

bile phones, which clearly indicates it’s influence on human life. Interestingly, more than

half of the used handsets are ’smart ’ devices too, so the demand for fast internet experi-

ence is increasing day by day. Apart from high data rate, fascinating applications without

human interaction like Machine Type Communication (MTC), Internet of Things (IoT)

are envisioned for the next generation of wireless communication. These applications

demand low power, low latency and asynchronous data transfer. This lead to the in-

vestigation of new physical-layer waveforms where plethora of alternative waveforms are

investigated.

Generalized Frequency Division Multiplexing (GFDM) is one of the primary con-

tender with flexible block structured multicarrier scheme featuring with low Out Of

Band (OOB) radiation and high spectrum efficiency. The key idea of GFDM is to fil-

ter every subcarrier with a well-localized user desired prototype filter to reduce the effect

of OOB. There are various approaches suggested for its analysis via simulations but test-

ing in real time environments is necessary for its standardization. Traditional data aided

methods of synchronization directly adopted from fourth generation avoid the effect of

egress noise in pilot preamble, destroying its spectral advantage. To safeguard this ad-

vantage, preamble needs to be pulse shaped. In this thesis, the derivation for generalized

Maximum Likelihood (ML) estimation of frequency and time offsets for receiver synchro-

nization in GFDM systems, using the modified preamble by the application of matrix

inversion lemma is derived. The dependency of the choice of the filter on Cramer Rao

Lower Bound (CRLB) of frequency offset estimation is also emphasized. After preamble

aided synchronization, this thesis enlightens various aspects in real-time implementation

of blind GFDM signal transceiver using oversampling for Carrier Frequency Offset (CFO)
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correction in indoor environments. It is observed that, the phase shift between neighbour-

ing sample points in an oversampled GFDM symbol is constant throughout the symbol

duration. This phase shift is found to be unassociated with either subcarrier or subsym-

bol indices. Using this property, the ML estimate of the CFO is deduced and is analysed

in various channel environments. The CRLB for the oversampling based GFDM signal

model is derived and we demonstrate through simulation that, the proposed algorithm

results in a little error floor. The results obtained in simulations have been validated with

real-time test bed built with USRP 2953R as hardware and LabVIEW as software.

Additionally, the flexible nature of GFDM leads to superimposition of multiple

subsymbols in time domain, the consequence of which is high Peak-to-Average-Power

Ratio (PAPR). Selected Mapping (SLM) is one of the prominent PAPR reduction tech-

niques in GFDM, which uses bank of modulation matrices to generate a set of alternative

signal representations. This procedure increases the complexity of the GFDM system

enormously. In this contribution, we utilize the concepts of conversion matrices and

linearity to achieve low complexity with respect to the modulation matrices in the con-

ventional SLM method. By using the proposed conversions we evolve at three modified

SLM schemes which have much lower complexity. SLM procedure requires mandatory

Side Information (SI) estimation or transmission which in turn decreases data reliability

or efficiency. To address these issues, this thesis presents a modified approach of pilot-

assisted GFDM SLM system without the need of SI transmission and estimation to enable

joint PAPR reduction and data recovery. In the proposed approach, we utilize a common

modulating phase to modulate all subcarriers in a subsymbol assuming that each sub-

symbol consists of at least two pilots. This creates an inherent SI cancellation mechanism

using the pilots which are employed for channel estimation.

Recently the usage of deterministic sequence, named as Unique Word (UW), instead

of well known cyclic prefix (CP) is introduced for one of the promising contenders of 5G

physical layer i.e., GFDM. The primary motive behind introduction of UW is to exploit

the correlations in frequency domain which results in coding gain. However, perfect Sym-

bol Time Offset (STO) compensation is a prerequisite and is the first task to be done. A

blind metric for the estimation of STO using the structure of UW-GFDM system without

requirement of pilot symbols presence in UW positions, is proposed in this work. The
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developed algorithm can blindly estimate the block duration, symbol duration, number of

redundant subcarriers and number of subcarriers. The obtained simulation results verify

the feasibility of the proposed algorithm in various channel conditions. The real time

transmission of Multi-taper Generalized Frequency Division Multiplexing (MGFDM) is

carried out using Software Defined Radio (SDR) by implementing various channel esti-

mation and synchronization algorithms. We employed all the correction algorithms using

a windowed preamble to satisfy low OOB requirements. However, the high speed perfor-

mance of MGFDM system is heavily effected by jitter noise, since it results in improper

sampling instances. This contribution underlines the jitter noise power reduction using

oversampling with the supported mathematical expressions and simulations. We observed

that the integer oversampling would mitigate the noise power in linear fashion by increas-

ing the sampling rate. In short, this thesis deals with the important physical layer issues

associated with GFDM and its variants using simulations, analysis and experiments.
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Chapter 1

Introduction

To satisfy everlasting human needs, various generations of wireless communication

provided improved performance in terms of data rates, connection density, security and

latency. In earlier generations of communication, the primary issue with mobile radio

transmission is to combat the channel induced distortions in the received signal in a

frequency-selective propagation environments [1]. This occurs because the transmitted

radio waves not only travels over a line of sight but also in scattering, reflections in

the vicinity of the receiving antenna. Reflected waves may add destructively, causing the

received signal to disappear or become heavily attenuated at certain locations. This effect

is often termed as fading. Moreover, waves excessively delayed by remote reflections cause

distortion of the shape of transmitted waveforms.

Historically, single carrier modulation can be noted as a well known way of transmit-

ting data serially. It is an important choice specially in uplink transmission due to its low

Peak to Average Power Ratio (PAPR) when compared to Multicarrier (MC). However,

over the past two decades there is an enormous development in both wireline and wireless

communication applications especially with the usage of MC modulation schemes. MC

modulation systems are the systems that split up a wideband signal at a high symbol rate

into a number of lower rate signals through the use of suitable pulse-shaping filters. Each

one of the lower rate signals occupies a narrower bandwidth and has its own associated

carrier [2]. In other words, a MC system splits a total bandwidth into chunks of narrow

sub-channels whose bandwidth is much lesser than coherence bandwidth of the channel.

This allows the channel to be relatively flat fading and hence immune to Inter Symbol
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Interference (ISI) [3].

The Fourth Generation (4G) communication systems used the MC and the concept

of single tap equalization for combating frequency selective channels. As a result, nowa-

days the most quoted critical issues of wireless systems are no longer directly related to

multipath fading, but are

• The scarcity of radio spectrum and the resulting mutual interference among users

• The power consumption of portable terminals and the inadequacy of existing battery

and other energy storage technologies

• The complexity of the software needed to support user mobility, e.g. from cell to

cell or from operator to operator.

In applications perspective, the first four generations of wireless communications concen-

trated on improving the human interaction in terms of voice and data. As a first step, this

chapter introduces the evolution of wireless communication and will define the problem

statements one of the 5G physical layer waveform named Generalized Frequency Division

Multiplexing (GFDM) [4].

1.1 Review of physical layer for 4G communication systems

In 2009, 4G wireless standard was introduced with a peak speed of 100 Mbps. The

Long term Evolution (LTE) service was opened in Stockholm and Oslo in December 14,

2009 [5]. LTE supported both Time Division Duplexing (TDD) and Frequency Division

Duplexing (FDD) with the possibility to have carrier bandwidths varying between 1.4

Mega Hertz (MHz) and 20MHz by supporting six different modes (1.4, 3, 5, 10, 15 or 20MHz)

with utilized frequency bands ranging from 700MHz to 2600MHz [6]. LTE used Orthog-

onal Frequency Division Multiple Access (OFDMA) technique (for downlink) and Single

Carrier-Frequency Division Multiple Access (SC-FDMA) (for uplink) for communication.

Additionally, sophisticated scenarios like Adaptive Modulation and Coding (AMC) and

spatial multiplexing are used for adverse channel conditions. LTE systems could achieve

high data rates of 75Mbps for uplink communication and a data rate of 300Mbps for
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downlink scenarios. With usage of Digital Signal Processing (DSP) chips the bandwidth

utilization is maximised in the available radio frequency spectrum [7]. In order to achieve

this, lot of credit should be given for the adopted physical layer multi-carrier technique.

This is because Orthogonal Frequency Division Multiplexing (OFDM) uses the concept

of division of high baud rate signals into multiple signals with the usage of simple Inverse

Fast Fourier Transform (IFFT) implementation. By using this approach scientists were

able to achieve spectral efficiency and scheduling in the available precious time-frequency

resources.

The fundamental idea of OFDM is to chunk the available RF spectrum into small

parts such that each part experience flat fading. This leads to easy channel equalization at

the receiver [8]. In order to obtain high spectral efficiency the frequency response of all the

overlapping sub carriers are adjusted with maintaining the orthogonality, hence the name

OFDM. Various versions of OFDM are available in the literature but the Cyclic Prefix

Orthogonal Frequency Division Multiplexing (CP-OFDM) is the commercially used as a

physical layer technique in 4G systems. The Cyclic Prefix (CP) is nothing but the part of

the OFDM signal appended at the start of the transmission packet. The introduction of

CP makes the OFDM signal periodic and in turn aids the receiver with the possibility of

single tap equalization. Two main aspects which attracted industries to consider OFDM

as the foremost technique are easy implementation and single tap equalization [9]. The

first advantage is achieved due to utilization of simple DSP chips which can process Fast

Fourier Transform (FFT) operations at both transmitter and the receiver. Secondly,

due to the presence of concept of CP the complexity present in the channel equalization

is minimized and thereby reducing the complexity at the receiver which was a serious

concern in Third Generation (3G) communication [10].

1.2 Introduction to OFDM

A Pseudo noise generator is used for obtaining a random bit stream which are

mapped into complex symbols using a QAM modulator. In OFDM modulator, the serial

input complex QAM data is converted into parallel followed an N-IFFT operation [11].

After performing IFFT, the parallel data is converted back to serial data to obtain OFDM



Introduction 4

Figure 1.1: Block diagram of OFDM transmission System

signal. Mentioned earlier, for converting the linear convolution into circular an extra CP ia

added at the start of the OFDM packet [12]. This reduces the effect of ISI and Inter Carrier

Interference (ICI) [13]. For estimation of the channel response and the synchronization

errors like STO and Carrier Frequency Offset (CFO) pilots are added at the transmitter

as shown in Figure 1.1. The OFDM signal can be formulated as,

x(n) =
N−1∑
k=0

X(k)e
j2πkn
N (1.1)

for n = 0 ≤ n ≤ N − 1 and k is denoting the subcarrier index and n is showing the time

index. X(k) is showing the QAM modulated signal generated after bit mapping.

Another important advantage of OFDM is, its easy adaptiveness to Multiple Input

Multiple Output (MIMO) environments. The extension of Long term Evolution Ad-

vanced (LTE-A) focussed on increasing capacity range for achieving better data rates to

end users. Various approaches like Carrier Aggregation (CA), MIMO, Relay Nodes (RN)

and Coordinated Multi Point (CoMP) are utilized. As an example, CA introduced the

feature of aggregating different sub carriers with intelligent spacing. This idea provided

the network operators not only with higher mobile data transmission speed but also

helped in increasing the capacity of the network. Practically, a maximum bandwidth

of 100MHz is achieved in FDD transmission by aggregation of 5 carriers with each car-

rier extending up to 20MHz. To further improve the performance a decisive adjustment

with introduction of spatial multiplexing is present in LTE-A standard. Typically, 8× 8

MIMO and 4 × 4 MIMO are allowed for uplink and downlink communication. Due to
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effective exploitation of the spatial dimension the desired target of 100 Mbps is reached

at the cost of size and complexity. An effective implementation using the DSP chips

by avoiding the traditional bank of modulators and demodulators droved the researchers

to adopt OFDM in main wireless standards like Wireless Local Area Network (WLAN)

(IEEE 802.11a/g), Wireless Regional Area Network (WRAN) (IEEE 802.22), Worldwide

Interoperability for Microwave Access (WiMAX) (IEEE802.16), LTE, Very-high-bit-rate

DSL (VDSL), Power-Line Communication (PLC), Digital Audio Broadcasting (DAB) and

DVB-Terrestrial (DVB-T).

1.3 Summarizing pros of OFDM

• Eliminates complex oscillators with simple FFT blocks to implement modulation

and demodulation.

• Immune to frequency selective channels

• Good protection to interferences using guard intervals

• Simpler channel equalization techniques.

• Efficient use of spectrum.

• Allows pilot subcarriers for channel estimation

• Efficient Broadcasting: Multiple base stations can synchronize to combine their

transmitted signals enabling higher broadcast data rates.

More importantly, OFDM utilizes the scarce spectrum resource more efficiently by

allowing to overlap the frequency spectrum of every subcarriers of the transmitted signal

as shown in the Figure 1.2. After the advent of OFDM, a predominant technique, widely

accepted in 4G uses simple FFT algorithms for its generation and created a single tap

equalization scenario and adds some part of the data packet as CP to combat interference

resulted from frequency selective channels.
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Figure 1.2: Spectral advantage of OFDM System

1.4 Demerits of OFDM

Despite of the above mentioned advantages of OFDM, it cannot be used for the

next generation wireless standards. It is a irony that the every advantage of OFDM is

achieved at the snag of another requirement of the 5G systems [14]. The exact reasons

are detailed below:

• The simple implementation is achieved by FFT algorithms at both the transmitter

and receiver. For IFFT of large size, summation of several in phase subcarriers

would lead to a high peak in the resultant OFDM signal. This would lead to

high PAPR, which would require a high power amplifier. This demerit provides

transmitter with option to either allow amplitude distortion or to have high power

amplifier to compensate the effect. This is prominent especially in uplink scenarios

when the user equipment is transmitting data to the mobile station. This is main

hurdle for various 5G applications [15].

• The above mentioned advantages of OFDM occur at the cost of strict orthogonality,

which forces the subcarriers components to utilize rectangular filters. This scenario

result in Ingress (In band) and Egress (out of band) noises. Though Ingress noise

is a concern for long distance transmission modern receiver structures were able to
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combat this impairments to a large extent. However, the Egress noise is a serious

concern and is the major reason for not achieving low latency and high bandwidth

efficiency by using OFDM as physical layer technique. Let us consider LTE release

10 as an use case to explain the above scenario. In the 20 MHz bandwidth mode LTE

will perform 2048 IFFT at the transmitter where only 1200 subcarriers considered as

active since OOB radiation may cause Egress noise to neighbouring symbols. In fact,

the remaining subcarriers are kept to recompense these unnecessary emissions. All

the 1200 subcarrier are further divided into 100 Physical Resource Blocks (PRBs),

where every PRBs has 12 subcarriers. Ingress noise occurs among these PRB would

result in ICI and has to be compensated with complex procedures in the receiver.

The power spectral density comparisons between the OFDM and GFDM is depicted

in the Figure 1.3. We can clearly observe that, an minimum OOB of 38dB occurs

due to the circular prototyping filters in the GFDM system. This is around 20dB less

when compared with the traditional OFDM system. This characteristic of GFDM

system makes it suitable technique for scrambled spectrum applications. Hence,

with the scarcity of RF spectrum, we need to shift our focus to GFDM instead of

OFDM for effective spectrum utilization.

• Another concern is, maintenance of strict orthogonality would require significant

amount of payroll data for Primary Synchronization Signal (PSS), Cell-Specific

Reference Signals (CRS), Secondary Synchronization Signal (SSS) etc.,. This moti-

vated, the next generation communication system to envision non-orthogonal wave-

forms with prototype filtering (to avoid rectangular filtering) for handling the above

mentioned errors.

• Typically 25 percent of the signal is added as CP in the traditional CP-OFDM.

Hence the power used for transmitting CP would decrease in power efficiency. To

handle this issue another idea is to insert zeros, which was named as Zero Padded

Orthogonal Frequency Division Multiplexing (ZP-OFDM). In addition, adding a

CP for every OFDM signal would reduce the spectral efficiency since CP doesn’t

carry any useful information.



Introduction 8

Figure 1.3: Spectrum comparison between OFDM and GFDM

1.5 Introduction to 5G

Fifth Generation (5G) shall be necessary globally owing to the accumulating market

of data and video streaming in present time. The available 4G technology cannot satisfy

the requirements of the increasing needs of mobile internet. As such, 5G has no specific

definition [16], but, we consider 5G in actual terms and attain clarity of definition of

5G in technological sense. Basically, the first four generations of communication can be

summarized in a shortly as ”improvements in human interaction in terms data and video

traffic”. 5G probably can be considered a new way for thinking about communication.

It comprises of many ”dream projects” like performing machine to machine communi-

cation which is broader sense can be called as IoT [10]. 5G also aims at providing an

organised applications for installing services in order increase its elasticity. It includes the

capability to provide services at any place, time, and anything, for meeting the changing

requirements of public and businesses organisations.

5G technology intend to improve the achieved technological progress by utilizing

the present wireless communication systems. The reciprocal ideas like utilization of cloud

and core technologies in order to serve higher data transmission rates is an key aspect for

this generation. The estimated requirements of 5G technology are:
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Figure 1.4: 5G Requirements

• 10-100 times higher practical data rate

• 1000 times of mobile data volume per area

• 10-100 times increment in the number of devices connected

• 10 times battery life for low-power devices

• Five times reduction in latency

To attain the above target, the physical layer of next generation communication is ex-

pected to have the succeeding attributes:

• Flexible and smart

• Intelligent spectrum management

• Reduction in cost and efficiency

• Ability to connect billions of devices

• Amalgamate with antecedent and contemporary technologies
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5G networks need to include various previous generation features like LTE and also

support high number of users than previous networks as shown in Figure 1.4. Some

researchers argue that, considering the simple implementation strategy of LTE, there is

no need for an obsessive desire of going to new generation. However, the summit Visual

Network Index (VNI) has denied this argument and suggested depending on advances

of 4G shall not meet the everlasting need of the mobile users. This lead to discovery of

various technologies for 5G communication [17].

1.6 Key Technologies for 5G

1.6.1 Architectural Innovation

One idea for next generation communication is to develop device centric architecture

to truncate the load used for establishing links. It is envisaged to utilize minimal control

signals for improving the routing capability and in turn reducing the base stations. By

reducing the base stations the amount of overhead on the payroll data decreases leading to

better performance. These organised networks would provide efficient usage of spectrum

and energy. On the other side, an intelligent cellular networking with careful management

of radio resource has to be done to achieve the gains as discussed. The primary issues in

developing these networks are

• User cooperation

• Handling crowded environments

• Channel estimation for different devices

• Hardware complexity

1.6.2 Millimetre wave

The terahertz (THz) band is described with the frequency between 0.3 and 10 THz.

However, due to expensive signal generation sources for radiation, this band was not con-

sidered for transmission. With the emergence of optical technology and Complementary
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Metal Oxide Semiconductor (CMOS) as generation sources interest toward THz band

communication has escalated. The Radio frequency (RF) technologies developed until

the 4G concentrated at a maximum frequency ranges of 6GHz. A fair amount of re-

searchers argue that to increase in bandwidth can be achieved by shifting this range to

around 60Ghz [18]. Rapport, supported this argument by demonstrating the transmission

system from 800 MHz to 2 GHz. Primarily, (28-30)GHz and (37-40)GHz are considered

as for testing its capability for 5G communication [19]. The main challenges in its imple-

mentation are,

• Skin depth becomes a challenge for waveform transmission at this high frequency

• Blockage due to skyscrapers, moving objects make the channel design very difficult

when compared with traditional RF design

• Complex methodologies like Modulation and Coding scheme (MCS) will be manda-

tory for small distance communication since for Millimetre wave transmission line

of sight transmission becomes very important.

1.6.3 Massive MIMO

Massive MIMO systems is one of the next generation alternative whose implemen-

tation involves with substantial increment in the number of antennas when compared to

the available LTE-standard. This strategy would increase the directivity and eventually

the probability of occurance of interference is reduced [20]. Massive MIMO technology is

growing technology due to its better performance over conventional especially for point

to point communication [21]. The base stations are inserted with many antennas in Mas-

sive MIMO systems for proving productive energy even across the boundaries of the cell.

Massive MIMO is massive in terms gain, and is intended to provide flexibility. However,

the main implementation issues are

• Sophisticated antenna transmission strategies

• Size miniaturization

• System complexity
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1.6.4 Physical layer waveforms

Although Moore’s Law in its basic form is running to the limits of device sizes, other

techniques are being developed that mean the spirit of Moore’s Law is able to continue

and to further increase the processing capability. As such new 5G waveforms that require

additional processing power, but are able to provide additional advantages are still viable.

The potential applications for 5G including high speed video downloads, gaming, car-to-

car / car-to-infrastructure communications, general cellular communications, IoT/M2M

communications and the like, all place requirements on the form of 5G waveform scheme

that can provide the required performance. Some of the key requirements that need to be

supported by the modulation scheme and overall waveform include: Capable of handling

high data rate wide bandwidth signals, able to provide low latency transmissions for long

and short data bursts, i.e. very short Transmission Tine Intervals are needed. There is

a lot of exploration in the research community for the search of an alternate and flexible

multicarrier waveform where plethora of waveforms are proposed. The objective of all the

waveforms is to address the shortcomings of OFDM without disturbing its advantages. We

can broadly categorize them as Filter Bank Multi-Carrier (FBMC) systems. To detail,

the researchers have come to a conclusion that, filtering is a mandatory for avoiding

the unnecessary OOB emissions. Fundamentally the pulse shaping is done in two ways,

namely linear pulse shaping and circular pulse shaping.

The principle of FBMC is to perform linear pulse shaping across every subcarrier

and these systems relies on the fact that filter can span over all the symbols. FBMC

systems are not only resistant to time and frequency misalignments but also achieve high

suppression of OOB emission. On the other side, due to the linear nature of pulse shaping,

ramp up and ramp down are required compulsorily at the start and the end of the packet.

This results in high loss of latency and resources. Additionally, due to pulse shaping an

self interference occurs between the subcarriers and subsymbols leading to high Bit Error

Rate (BER). By using the techniques like Offset Quadrature Amplitude Modulation

(OQAM) this can be reduced and the orthogonality can be improved. Interestingly, the

circular prototyping filters use the concept of tail biting by which they don’t require the

transients and hence can achieve low latency. In this thesis we analyse the analysis of this

circular FBMC, which was proposed with the name GFDM [22].
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Figure 1.5: Generalized nature of GFDM

GFDM, a non-orthogonal multi carrier transmission and is one of the befitting re-

placement of OFDM proposed by Fettweis et al. [23]. It used a prototype filter with more

time and frequency containment for pulse shaping with circular convolution. GFDM is

a rectangular grid structure with M subsymbols in time and K subcarriers across fre-

quency axis. Hence a flexible time frequency grid structure will be available for the

design of GFDM systems. The pulse shaping filter in GFDM is appropriately chosen in

such a manner that, it is having better decaying nature in frequency domain in contrast to

OFDM which results in the larger OOB emission due to the usage of rectangular filtering.

By the removal of tail in the circular pulse shaping mechanism low latency is achieved.

As stated in the cons of OFDM, inclusion of CP for each symbol in an OFDM frame

will lead to spectral inefficiency, whereas, in GFDM single CP is appended for the whole

GFDM frame which consists of several symbols. In this context, GFDM reduces the CP

overhead and poses to feature a better spectral efficiency and the same includes CP for

a complete frame. GFDM is a special block based multicarrier technique covering both

OFDM and Single Carrier (SC)-Frequency Division Multiplexing (FDM) as corner cases.

Hence, GFDM can be reduced to the present 4G communication system as special cases.

GFDM reduces to OFDM with M = 1 and rectangular pulse shaping, and to SC-FDM

with K = 1 as shown in Figure 1.5. Hence, the generalized FDM is given for GFDM.

Notationally, dk = [dk(0) · · · dk(M − 1)] symbolizes the data on the kth subcarrier, while

d = [d1 d2 · · · dk] represents the data vector of length MK [22]. Upon clear observa-

tion, the data which is to be GFDM modulated using subcarrier representation can be
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Figure 1.6: The steps involved in the design of GFDM transmitter

interchangeably used as,

dk(n) = d(kM + n) (1.2)

In the first step the data on every kth subcarrier is upsampled by an amount of K.

pk(n) =
M−1∑
m=0

dk(m)δ(n−mK) (1.3)

In other words, (1.3) can be alternatively represented as,

pk(n) =

dk(m) n = Km

0 otherwise

(1.4)

where m = 0 · · ·M−1. The obtained upsampled data on every subcarrier using the above

step is circularly convolved with a user desired prototype filter of choice (generally RRC),

g(n) which extends to a long length of KM . Next, the circularly convolved data of every

subcarrier is unconverted to its corresponding frequency and finally, amalgamating all the

signal processing operations the GFDM symbol is given by,

x(n) =
K−1∑
k=0

(pk(n)� g(n))ej
2πkn
K

=
K−1∑
k=0

M−1∑
m=0

dk(m)g {(n−mK)modMK} ej
2πkn
K (1.5)

where � represents the circular convolution utilized to obtain the GFDM signal x(n) as

shown in the Figure 1.6. The simplified matrix form of generation of the GFDM system

is given is given by [24],

x = Ad. (1.6)
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The matrix A is modulation matrix of size N × N representing all the necessary signal

processing operations. The data vector d = [d0(0) · · · d0(M−1) · · · dK−1(M−1)]T consists

of all the QAM modulated data symbols. Here, T in superscript represents the transpose

of a matrix.

A = [G ε1G · · · εN−1G] (1.7)

where G is an MK ×M matrix with its first column containing all the samples

of the pulse shaping filter g. Remaining columns are obtained by circularly shifting its

previous column by an amount of N . ε1 = diag{[ei
T , · · · ei

T ]T} is an MK × MK

diagonal matrix which consists of M concatenation of the vector ei = [1, e
2πi
N , · · · e

2π(N−1)
N ].

For understanding the concept, let us consider the number of subcarriers and subsymbols

then the modulation matrix can be reduced into

A = [G ε1G] (1.8)

G =


g0 g2

g1 g3

g2 g0

g3 g1

 (1.9)

Hence, the modulation matrix A is having block circulant nature due to the usage of

circular prototyping filter in its generation. On the other side, the presence of flexible

structure increases the complexity of GFDM system. However, with the evolution in

electronics technology, the GFDM scheme can be implemented by using a customizable

Field Programmable Gate Array (FPGA) with lesser effort.

1.6.5 Variants of GFDM

Due to circular prototyping, all the drawbacks of the OFDM are addressed but at the

cost of destroying the orthogonality of the system. This introduced the self interference

between the subcarriers of the GFDM signal which lead to high BER [25]. Additionally,

the rectangular grid structure offered flexibility to the GFDM system by increasing re-

ceiver complexity. Hence, self interference and high computational complexity are the
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main disadvantages of GFDM system. To solve this problem two variants of the GFDM

are proposed which are described in the following sub sections.

MGFDM

The MGFDM aimed at improving the orthogonality of the system by using Discrete

Prolate Spheroidal Sequence (DPSS) or multitapers as prototype filters. multitapers are

an orthogonal basis function with better localization in time and frequency than the

traditional RRC filters. These filters feature lower OOB, PAPR, BER when compared

with the traditional GFDM as described in [26].

UW-GFDM

The purpose of introduction of CP in transmission packet is to combat the ISI which

is highly prevalent in multipath channels. After channel equalization CP has no purpose

and is simply removed at the receiver [27]. To increase the bandwidth efficiency along

with BER the concept of using deterministic sequence named as UW instead of CP was

introduced. In OFDM, CP is appended at the start of the packet but the mandatory

guard interval (UW) is an integral part of the frequency samples of the IFFT block.

Hence, certain number of subcarriers can’t be used for transmitting data, but will transmit

the redundant information. The subcarriers which are sacrificed are named as redundant

subcarriers. By designing these redundant subcarriers would improve the synchronization,

channel estimation requirements and in turn improve system performance metrics. The

modulation matrix A is CN×N which is a block circulant matrix with every sub block of

size CK×K . The block diagonalization of A would result as [28],

A =


A0 0 · · · 0

0 A1 · · · 0
...

...
. . .

...

0 0 AM−1

 (1.10)

where each Am is an approximated sub matrix of size CK×K . Mentioned earlier, for

obtaining correlations in frequency domain between the subcarriers named as redundant

subcarriers must be scarified. Let us represent Kr as redundant subcarriers and Kd
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Figure 1.7: Block diagram of the UW-GFDM system

data subcarriers such that K = Kr + Kd. Hence, the data on subsymbol of Unique

Word Generalized Frequency Division Multiplexing (UW-GFDM) symbol is shown as

dm = [dmd dmr], where dmd = [dm(0) · · · dm(Kd − 1)] is representing the data carriers

and dmr = [dm(Kd) · · · dm(K − 1)] is denoting the redundant carriers of a subsymbol m.

The block diagram for the generation of UW-GFDM signal is shown in the Fig.1.7. For

determining redundant subcarriers of the UW-GFDM signal the following procedure is

performed across each subsymbol:

xm = AmP

dmd

dmr

 =

xmd

0

 (1.11)

where the index m = 0 · · ·M − 1 is the data on it corresponding subsymbol and P is

permutation matrix for finding the positions of the redundant subcarriers. The conversion

matrix of every subsymbol m, denoted by Mm = AmP can be decomposed as,

Mm =

Mm
11 Mm

12

Mm
21 Mm

22

 (1.12)

where the sub matrices of Mm
11 is CKd×Kd , Mm

12 is CKd×Kr , Mm
21 is CKr×Kd and Mm

22

CKr×Kr . The last Kr samples arrested to zero as,

Mm
21dmd + Mm

22dmr = 0 (1.13)

The redundant subcarriers dmr in (1.13) coincidentally results into minimum average

redundant energy.

dmr =Mm
21+Mm

22dmd

=T(m)dmd (1.14)
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where Mm
21+ is representation pseudo inverse obtained. We can verify by substituting

(1.14) in (1.11) minimum energy can be obtained. In conventional GFDM systems pre-

coding is generally performed in order to obtain coding gain. This coded GFDM will

require the availability of channel state information (CSI) which is not possible [29]. In

UW-GFDM no CSI will be required and hence can be the best for multipath channel

environments. The redundant subcarriers across every subsymbol are present in the in-

dices from Kd to K − 1. This results in a high coding gain when compared with the

traditional GFDM. This gain can be used to counteract the deep fades in fading channel

situations. This credit of UW-GFDM is attributed for redundancy in frequency domain

of every subsymbol. This advantage is achieved by UW-GFDM by using a slight loss in

throughput efficiency. The UW-GFDM after the step 1 can be simplified as,

x = [x1d 0 x2d 0 · · ·xMd 0] (1.15)

Every 0 in (1.15) is of length Kr and are present at a distance of K. In the step 2, an

user desired pilots or UW can be inserted as xu(m). In IEEE 802.11 WLAN will consist

of barker sequences in the place of 0 in x. UW-GFDM signal for a subsymbol m is,

c(m) = P

dmd

dmr

 = P

 I

T(m)

dmd = Z(m)dmd (1.16)

In the receiver, after performing channel equalization we can represent the received data

vector as,

d̂m = ĉ(m) + x̂u(m) + w(m) (1.17)

The self interference due to the UW is subtracted by d̂md = d̂m − x̂u(m). For the

conventional LMMSE estimator, the data can be estimated as [28],

ĉ(m) = Cc(m)c(m)

(
Cc(m)c(m) + Cww

)−1
d̂m (1.18)

where Cww = Kσ2
wI is the noise covariance matrix and Cc(m)c(m) = σ2

dZ(m)Z(m). The

authors have used Weiner filter for estimating the data symbols as,

d̂md =

(
ZH(m)Z(m) +K

σ2
n

σ2
d

)−1
ZH(m)d̂m (1.19)

The Weiner smoothing operation in (1.19) exploits the correlations created by redundant

subcarrier and leads to better BER gain.
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Figure 1.8: Comparison of all variants of GFDM systems in AWGN channels

To illustrate the concept we present the Figure. 1.8 where comparison of BER

between various variants of GFDM can be observed. It can be clearly understood from

the figure that, UW-GFDM outperforms the methods in the literature. However, it is to

be remembered that this performance is achieved at the cost of throughput efficiency and

hence can useful for those applications. The usage of multi tapers as prototype filters

lead to implementation of MGFDM system, which improved the BER performance by

making system more orthogonal [26]. The increase in strictness of orthogonality would

require a relatively strict synchronization when compared with GFDM. Another important

inference from the figure is, the performance of all three systems is inferior when compared

with well accepted OFDM system.

1.7 Literature survey

In 2009, GFDM is introduced with the concept of spectrum aggregation for Televi-

sion (TV) for Ultra high frequency (UHF) bands . In this work, the properties of GFDM

in comparison to OFDM is explained, in which some of them are ultra low OOB radiation

due to filtering giving flexibility in choosing prototype of choice, block based structure
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using one CP for whole block and efficient utilization of FFT equalization. Comparisons

of GFDM and OFDM by using GFDM as a secondary system in cognitive radio was ex-

plored in [30]. The results analysis depicts that the setup using GFDM secondary system

will produce less interference to the primary system compared to the OFDM secondary

system. The prototype filter used for pulse shaping the subcarriers will create a small

spread in frequency of operation. Orthogonality loss between the subcarriers leads to in-

herent self ICI. Double sided serial interference was proposed in [31] to reduce this effect

and showed significant improvement in the GFDM bit error rates. The cyclostationary

detection of spectrum sensing in cognitive radio using GFDM modulation was presented

in [32] and a good comparison of cyclostationary properties of OFDM is also investigated.

In addition, spectrum sensing using energy detection is also studied [33]. With the motive

of eliminating the ISI and ICI, the authors in [34] proposed instead of the DFT as used

in traditional GFDM system. Furthermore, for the purpose of reducing the complexity

caused by the channel equalization, the authors proposed the frequency domain DGT for

the received GFDM signal in order to enable its perfect recovery. The authors in [35]

analyse the impacts of STO, CFO and phase noise in OFDM and GFDM systems.

In addition, a novel receiver filter that is optimized to maximize SIR in the presence

of CFO under AWGN channel is proposed for GFDM system. Upon comparison with

OFDM, the simulated result analysis confirms the sensitivity of GFDM to CFO. In [36],

authors have proposed discrete Fourier transform spreading based GFDM transmission

to reduce the PAPR. Two subcarrier mapping schemes are considered, namely, localised

frequency division multiple access and interleaved frequency division multiple access. The

observations from [36] are that interleaved frequency division multiple access subcarrier

mapping is more effective than localised frequency division multiple access. In addition,

bit error rate performance is developed and supported by the analytical expressions. The

analytical performance of MMSE receiver along with the proposed precoding techniques

is studied in [37]. The precoding techniques proposed in [37] reduces the complexity of

the MMSE receiver without compromising the error rate performance. Also, a thorough

analysis on the complexity analysis of different transmitters and receivers of both pre-

coded and uncoded GFDM are well presented. Since GFDM requires receivers with high

computational complexity, authors in [38] have proposed a novel low-complexity joint

MMSE receiver for GFDM by harnessing circulant properties of the matrices involved in
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the demodulation process.

1.7.1 Synchronization for GFDM and its variants

In general, all the mentioned synchronization techniques use rectangle pulse shaping

filter for pilot preamble which create non negligible OOB radiations. Further, employing

rectangular filtering for standard IEEE 802.11 preamble with multiple identical data leads

to spikes and slow decaying of side lobes which in turn leads to destruction of the advan-

tage of GFDM. To circumvent this problem, the data aided synchronization is performed

after limiting the pilot preamble with an arbitrary pulse shape. The non orthogonal na-

ture it is still prone to severe ICI and ISI which results in STO and CFO. This makes

synchronization the hardest problem in real channel environments [39]. These misalign-

ments are estimated either by using data aided methods or by using the redundant CP.

In [40], ML estimate using correlation with CP was proposed, but the main drawback

involved with this method is that, it would be difficult to locate actual data because

training symbols and actual symbols look alike. Another drawback associated with CP

based synchronization methods is that, they rely on channel behaviour and are not ideal

for multipath environments. Most popular pilot aided methods estimate STO by search-

ing for two same halves, which present in training signal [41]. However this metric has a

plateau shape which causes large STO varience. STO estimation can be further improved

by considering different metrics as proposed in [42], [43] , [44]. A similar extensions to

GFDM systems are presented in [45], [46], highlighting the performance degradation than

traditional OFDM systems.

The authors have suggested a two step process for the UW generation [28]. The

first step involves in introduction of correlations in the frequency domain by replacing

the data part of time domain signal with block of zeros at UW positions. The purpose of

introducing correlations in frequency domain is to obtain coding gain. In the second step,

application desired UW can be inserted in the position of zeros to satisfy requirements

like synchronization, channel estimation which leads to improvement in system BER. In

short, UW is a deterministic sequence obtained by replacing the zeros in time domain for

a UW-GFDM signal which sacrifices certain subcarriers named as redundant subcarriers

in every subsymbol inorder to obtain coding gain.
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It is important to note that, even for the case of null UW sequence, a systematic

code is present within the sequence of subcarriers of every subsymbol. The coding gain

in the UW-GFDM is achieved at the cost of strict synchronization. If the received data

is not in the range of GFDM window due to improper time offset, we may destroy the

purpose of design of the system. In literature we find many methods employing preamble

aided synchronization [47], [48]. But they rely on the fact that the probability of false

alarm or probability of not receiving the preamble is minimum. Instead, in this thesis,

we propose a metric by avoiding the step 2 in generation of UW-GFDM system. The

proposed scheme uses the fact that the energy in the locations of UW is minimum. The

suggested scenario would result in low power consumption along with STO estimation.

Considering this as motivation, in contribution 1 we present the way in which syn-

chronization must be performed for GFDM systems. In particular, this contribution has:

• Derivation of ML estimation algorithm for time and frequency offset estimation for

any number of sets of identical data for the preamble after employing pulse shaping.

CRLB for CFO and the influence of choice of filters on it is discussed.

• We propose a metric by avoiding the step 2 in generation of UW-GFDM system for

STO estimation. The proposed scheme uses the fact that the energy in the locations

of UW is minimum for timing synchronization.

1.7.2 Oversampling for CFO estimation and Jitter noise reduction

The above mentioned advantages of GFDM are largely dependent on its synchro-

nization capability [49]. STO and CFO are the firmest problems, which lead to ISI and

ICI [39]. Several methods [40], [50] have already been presented to compensate the effect

for OFDM. Nevertheless, all misalignments cannot be precisely estimated as suggested

in [51]. Blind methods for estimation are of significant interest, since they provide better

bandwidth and power efficacy. ML estimate by using the redundant CP was presented

in [40]. The performance of this method degrades in multipath channels due to consump-

tion of CP to combat ISI. The extension of this method for GFDM systems evidenced

good performance even in the presence of self interference [45]. The blind method in [41]

has a plateau structure in its preamble leading to STO variance. This problem is solved
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by dividing preamble into multiple parts and using different metrics in order to reduce

variance in estimation as proposed in [42], [43], [52]. The severity of synchronization er-

rors for GFDM systems was presented in [53], which was estimated by using pseudo noise

and pseudo circular preambles in [54] and [46] respectively. There has been not much lit-

erature for blind synchronization in GFDM system, so, we use [45] for comparison in this

work. For the above mentioned theoretical analysis, several approaches have been pro-

posed. However, less work has been done so far to evaluate the performance considering

by real time channel conditions.

This chapter in the thesis attempts to implement the GFDM system on real time

hardware named universal software radio peripheral (USRP) for testing the realtime ca-

pability in the perspective of blind synchronization for the first time. For multipath

channels, channel equalization on unsynchronized data would lead to improper selection

of GFDM block, which causes erroneous effects [55]. After examining the importance of

this phenomenon, we implement synchronization algorithms before channel estimation.

The numerical value of CFO is independent of subcarrier and subsymbol indices i.e., the

effect of change in frequency is same for all subcarriers and doesn’t depend on the subsym-

bol location in the GFDM block. In this chapter, we exploit the constant phase obtained

from difference of phase shift between neighbouring samples in twice oversampled signal

for CFO estimation. The CRLB for the oversampling based GFDM signal model is de-

rived. Also, we prove through simulation that, the proposed algorithm results in a little

error floor. More importantly, the proposed method is data efficient because of the fact

that, it utilizes only one GFDM symbol using reliable ML estimation in the presence of

noise and multipath channels. Moreover, the constellation diagrams received in USRP

validate the result by showing a good agreement with simulations.

1.7.3 Reduction of Complexity in GFDM-SLM system

The flexible nature of nature of GFDM allows it to contain multiple symbols whose

superimposition in time leads to PAPR. This problem leaves the transmitter front-end

with a choice to either allow signal distortion or to include a costly high power amplifier to

compensate the effect. Simplest form of PAPR reduction techniques use signal distortion

schemes like clipping, companding etc for power reduction, but these techniques results in
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inevitable degradation of error performance [56]. Alternative idea of using efficient codes

for reducing peak power, is efficient for few subcarriers to keep its complexity at permis-

sible limit [57]. Probabilistic methods like SLM and Partial Transmit Sequence (PTS)

are most befitting for PAPR reduction for block structured systems like GFDM. We con-

sidered SLM technique in this work, since it requires reduced computational complexity

over PTS scheme to achieve similar performance in important performance metrics like

Adjacent Channel Leakage Ratio (ACLR) and BER [58].

The probabilistic methods like SLM and PTS have received considerable recogni-

tion for multicarrier transmission [58]. We consider SLM technique in this work, because

the available literature suggest efficient PAPR reduction gain is achieved by SLM at low

complexity when compared with PTS [58]. In SLM approach, one GFDM signal with

lowest PAPR is selected from a set of different candidate signals generated in the trans-

mitter [59]. For generation of every alternative signal, the data vector which is to be

GFDM modulated, is modified by multiplying with a different phase sequence vector [60].

Later, the candidate signal is generated by multiplying modulation matrix with its corre-

sponding modified data sequence. As the name suggests, the signal which has the lowest

PAPR among all generated GFDM signals is selected for transmission. Unlike clipping

method, SLM do not create adverse effects on transmitted signal spectrum and can be

considered as distortion less transmission scheme. The main issue with SLM technique is,

it requires a bank of modulation matrices to generate the required set of candidate GFDM

signals leading to high computational complexity. Therefore, reduction in complexity can

be achieved by minimizing the number of alternative symbols. However, this scenario

may decrease the PAPR reduction gain. To address this issue, in this contribution we

propose three methods to alleviate high complexity associated with GFDM system .

1.7.4 Joint channel mitigation and SI estimation for GFDM system

In the conventional SLM technique, a combination of phase rotation vectors are gen-

erated to obtain modified form of GFDM signals. Among them, the signal corresponding

to minimum PAPR is selected for transmission. As a result, the phase sequence vector

which yields the low PAPR must be transmitted to the receiver, this extra information is

popularly referred as SI. This customary SI is necessary for detection of the exact payroll
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data and it’s necessity in conventional methodologies reduces the throughput efficiency

and makes the system unattractive for real time applications.

For that reason, statistical estimation of SI for data decoding are introduced for

OFDM system [61]. These methods hypothesize the phase rotation sequence to follow

a sequence easily understandable by the receiver and hence can be retrieved in the re-

ceiver without the need of any memory. A Blind ML detection is proposed in [60] using

the method of extended subcarrier symbol. This algorithm would require many com-

putations which are reduced by [62], [63]. The principle idea of SI estimation in these

methods lies in using pilots in the transmitted signal for performing joint SI estimation

and channel estimation. For this purpose, highly complex procedures are adopted which

may require heavy detection algorithms. [62] uses a pilot based ML detection by forcing

OFDM system to follow a clustered architecture, while [63] utilizes a frequency-domain

correlation algorithm for enabling joint estimation for conventional SLM. However, all

these algorithms cannot be applied straight forward manner to the conventional GFDM

system due to it’s non orthogonal nature. In this work, authors implement a real time

prototype of the GFDM system focussing on PAPR reduction and channel estimation

using USRP. To address the practically encountered challenges, joint SI and channel

estimation is performed with the assistance of pilot symbols.

The choice of phase sequence vector makes a significant impact on achievable PAPR

reduction gain. Traditionally, SLM technique was implemented by using phase sequences

which are randomly generated from the set {+1,+j} [55]. For traditional OFDM systems,

usage of Neumann, monomial, cubic phase sequences are found to offer better PAPR

reduction gain [64]. It is found in literature that the cubic phase sequences have superior

performance at the cost of computational complexity [65]. The utilization of rows of the

Hadamard matrix as phase sequence vectors was found to yield a good compromise for

PAPR reduction and computational complexity for OFDM systems [65]. However, all

the above mentioned algorithms cannot be applied directly to the GFDM system due to

fundamental non orthogonal nature.
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Figure 1.9: Experimental setup illustrating real time transmission

1.8 Introduction to the Experimental set up

In digital communication the idea of using software for implementing the algorithms

is popularly refereed as SDR. In this thesis, we have built a experimental set up using

hardware and software supplied by National Instruments (NI). The main advantage by

using SDR lies in obtaining a clear understanding on various design issues in the implemen-

tation of the real time wireless communication. LabVIEW is used as software interface

to transceiver hardware due to its easy implementation using graphical programming.

Every routine developed in LabVIEW is referred as Virtual Instrument (VI) which is

similar to function of MATLAB. LabVIEW can give support a simple interface for con-

juring various external Input/Output. Another reason for using LabVIEW is it permits

developers to understand the exact flow in the design of the program. To be specific, the

developed testbed uses reconfigurable NI hardware USRP RIO as transceiver. From the

Figure 1.9 we can observe two workstations connected to the USRP terminals. This set

up can be considered as the practical proof for implementation of performed theoretical

analysis. The hardware of USRP will internally contain low frequency daughter board

for radio frequency translations,Analog to Digital Converter (ADC)/ Digital to Analog

Converter (DAC) for development of the DSP chips inside the USRP.

It is worth mentioning, all the general purpose operations like digital up/down con-

version, interpolation/decimation are actually implemented on the FPGA of the USRP

and the LabVIEW handles the baseband operations like modulation/demodulation. In

the LabVIEW software, the rectangular grid data is GFDM modulated by performing

the signal processing operations. However, for accomplishing the channel estimate in
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multipath channels pilots are placed in an interleaving manner in the data before mod-

ulating. This phenomenon creates a chance to detect pilots with less burden on control

data. Hence, the transmission packet shall need a control information to detect the in-

tended packet. Therefore, the transmission packet shall comprise of data and control bits.

The control bits bear the information like source USRP IP, error awareness codes, and

the arrangement of data in the transmission packet. In this work, we used continuous

transmission scheme for about 1000 iterations which has two requirements: Firstly, a

high throughput communication is required between workstation and software, which is

achieved by using a NI PXIe-PCIe8371 card. Secondly, usage of costly DSP chips for

fast operations like extraction and processing of 5G waveforms which are taken care by

RIO devices. Though the transmission scheme is continuous, the transmitter will send

one frame at a time. USRP RIO is having two channels for data communication, which

facilitates the storage of information in buffers for continuous transmission. The steps for

installation and software implementation are mentioned below:

• Install the software’s like LabVIEW and RIO driver installer whose detailed informa-

tion can be found: ni.com/info and http://www.ni.com/pdf/manuals/371976c.pdf.

• Use the PCI Express Interface Kit to connect the USRP RIO device to the computer

and connect each work station with one USRP as shown in Figure 1.9

• Connect the AC/DC power supply to the USRP RIO device and switch on the work

station.

• Open NI USRP Configuration utility and note the Local Device IP assigned by the

Work station.

• The hardware parameters of the transmitter USRP are shown in Figure 1.10 where

the device IP address is recognized as RIO 0 (Transmitter) by the workstation.

We have chosen the transmission mode as continuous where in a data packets are

transmitted continuously for 1000 iterations. The remaining parameters can be seen

from real time parameters of the corresponding chapter.

• The VI used for assigning the hardware parameters is shown in the Figure 1.11.

Here NI USRP open Tx session. Vi simply opens a session. Later, the NI USRP
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Figure 1.10: Hardware parameters of the transmitter USRP

Figure 1.11: VI for assigning the hardware settings

Configure signal coheres the modulation parameters and is transmitted into air in

IQ data form if no error signal is present in the generation of GFDM signal as shown

in Figure 1.12

• In the receiver, the USRP RIO can receiver its data in two channels hence the

Enable channels is considered as 0. If one desires to send a large amount of data

then both channels can be selected as 0 and 1. Since the setup is Single Input Single

Output (SISO) in nature there is no need to use an octoclock for synchronizing the

USRP with internal clock as reference. We used internal clock as a reference and

the VI can be seen in Figure. 1.13. For making the BER measurement of real time
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Figure 1.12: Transmitting data from USRP

analysis both the channels are selected.

• The reverse operations done in accordance to the transmitter are performed in the

receiver. The detailed descriptions can be found in Figure 1.14 and Figure 1.15.

Figure 1.13: Receiving data from USRP

USRP contains antennas named TX1/RX1, RX2, TX1/RX1, and RX2. Two anten-

nas act as receiver (RX2, RX2) and the other two can operate as transceiver (TX1/RX1,

TX1/RX1). The internal hardware of USRP contain low frequency daughter board for

radio frequency translations, ADC/DAC for development of the DSP chips inside the

USRP. USRP is having ability to operate in a wide frequency range of 1.2-6 GHz which

covers all the mobile communication. The basic set-up used for the implemented GFDM

demonstrator is shown in the Figure 1.9. We can observe two workstations connected to

the transmitter USRP (TX USRP) and receiver USRP (RX USRP) in the whole thesis.

Since the ADC of the USRP is capable of sampling at 200M/s practically, the practical

limit for bandwidth of transmission is 100Mhz. However, this bandwidth suits most prac-

tical systems. To increase the speed and the accuracy, the transmitter USRP uses two
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Figure 1.14: Hardware parameters of the receiver USRP

Figure 1.15: VI for assigning the hardware settings in receiver USRP

ADC for obtaining digitalized Intermediate Frequency (IF) signal, which will be imple-

mented on FPGA and transmitted into air after RF up conversion. The primary duty of

main board is receiver USRP to perform rate conversion and using a anti-aliasing filter.

The proposed estimation algorithms in the receiver can be performed only after iden-

tification of exact data packet. Practically, the USRP iterates over packet length and

notes the presence of significant presence of the energy. The carrier power of the USRP

signal is very high when compared to the actual payroll data and hence it is difficult for

the receiver to identify the packet with the transmitter USRP device ID. Hence, SNR is
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computed at the receiver when its higher than threshold, the packet is identified and the

STO and CFO estimations are done as presented in the subsequent chapters.



Chapter 2

Synchronization of GFDM and its variants

Due to the non orthogonal nature of GFDM signal, it is prone to severe ICI and

ISI which results in STO and CFO. This makes synchronization the hardest problem in

real channel environments [39]. In general, all the mentioned synchronization techniques

use rectangle pulse shaping filter for pilot preamble which create non negligible OOB

radiations. Further, employing rectangular filtering for standard IEEE 802.11 preamble

with multiple identical data leads to spikes and slow decaying of side lobes which in turn

leads to destruction of the advantage of GFDM. These traditional data aided methods of

synchronization avoid the effect of egress noise in pilot preamble destroying its spectral

advantage. To safeguard this advantage, preamble needs to be pulse shaped. The main

contribution of this work is the derivation of generalized ML estimation of frequency and

time offsets for receiver synchronization in GFDM systems, using the modified preamble

by the application of matrix inversion lemma. The dependency of the choice of the fil-

ter on CRLB of frequency offset estimation is also emphasized. The performance of the

system is analysed over Additive White Gaussian Noise (AWGN) and multipath channel

environments. After analysing the ML estimate of the traditional GFDM system this

chapter also focusses on a blind STO estimate for UW-GFDM system. To detail, the

primary motive behind introduction of UW is to exploit the correlations in frequency do-

main which results in coding gain. However, perfect STO compensation is a prerequisite

and is the first task to be done. This chapter presents a blind metric for the estimation

of STO using the structure of UW-GFDM system without requirement of pilot symbols

present in UW positions. The developed algorithm can blindly estimate the block du-
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ration, symbol duration, number of redundant subcarriers and number of subcarriers.

The obtained simulation results verify the feasibility of the proposed algorithm in various

channel conditions.

2.1 Introduction

Let us use dk(m) for representing the QAM symbol to be carried by kth subcarrier at

mth time slot. Hence, dk = [dk(0) · · · dk(M − 1)] will show all the time slots a subcarrier

k and while d = [d1 d2 · · · dk] is the complete data vector which is to be GFDM

modulated. Notationally, we can interchangeable use d and dk as,

dk(n) = d(kM + n) (2.1)

The process of generation of GFDM modulation is shown in steps below:

• The first step in GFDM modulation is to upsample the data on every subcarrier by

the number of subcarrier K.

pk(n) =
M−1∑
m=0

dk(m)δ(n−mK) (2.2)

(2.2) can be alternatively represented as,

pk(n) =

dk(m) n = Km

0 otherwise

(2.3)

where m = 0 · · ·M − 1.

• The obtained upsampled data of the every subcarrier is circularly convolved with

a prototyping filter g(n) of length MK. The circularly convolved data is then

upconverted to the corresponding frequency. In the final step, the upconverted data

on subcarrier is amalgamated to obtain GFDM signal as,

x(n) =
K−1∑
k=0

(pk(n)� g(n))ej
2πkn
K

=
K−1∑
k=0

M−1∑
m=0

dk(m)g {(n−mK)modMK} ej
2πkn
K (2.4)

where � represents the circular convolution utilized to obtain the GFDM signal

x(n).
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The choice of the prototyping filter g(n) effect the various performance metrics of the sys-

tem. Generally, Root Raised Cosine (RRC) filters are often used for circular prototyping.

These filters are characterised by the Meyer auxiliary function which can be represented

in its simplified form as [28],

G(f) =

√
1

2
[1− cos (πfI(β))]. (2.5)

Here, the auxiliary function I(β) is dependent on the β = k/(alpha×K) which defined

the roll off region by changing the value of alpha in frequency domain. In other words,

alpha is representing the measure of the overlap between subcarriers which are centred

around normalised frequency k/K. The truncated Meyer auxiliary function is,

I (β) = β4
(
35− 84β + 70β2 − 20β3

)
. (2.6)

The matrix representation for the GFDM signal is,

x = Ad. (2.7)

The A matrix represents all the signal processing operations like upsampling, circular

convolution frequency translation etc. The data vector d embrace all the complex QAM

modulated data symbols. Here, T in superscript represents the transpose of a matrix.

The A matrix can be expanded as,

A = [G ε1G · · · εN−1G] (2.8)

where G is an MK ×M matrix with its first column containing all the samples of the

prototyping filter g(n). All the other columns can be obtained by circularly shifting its

immediately previous column by K. ε1 = diag{[ei
T , · · · ei

T ]T} is an MK×MK diagonal

matrix which consists of M concatenation of the vector ei = [1, e
2πi
N , · · · e

2π(N−1)
N ]. An extra

CP is affixed at start of each GFDM symbol, which is transmitted over a multipath channel

defined as h = [h(0) · · ·h(J − 1)]. In, the receiver, like OFDM, after CP removal, the

GFDM signal can be represented as,

y = Hx + w (2.9)

where H is channel circulant matrix with its first column consisting of channel coefficients

[h(0) · · ·h(J − 1) 0 · · · 0]T , which are appended with N − J zeros and w is the additive
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white Gaussian noise (AWGN). The channel will be estimated by using pilots is used

for performing signal detection by the process of zero forcing equalization. The signal

detected assuming the perfect channel estimation and synchronization ŷ is

ŷ = WH
NΛ−1WNy = x + WH

NΛ−1WNw (2.10)

where WN
H and WN represent N point IFFT and FFT matrices, Λ contains eigen-

values which are found by performing DFT of first column of channel matrix H. Here

WH
NΛ−1WN in (2.10) indicates inverse channel response decomposed by using circulant

matrix property. As a result, we can rewrite the detected signal as

ŷ = x + H−1w (2.11)

The original data symbols after channel equalization can be obtained by multiplying with

receiver matrix Ar. We consider matched filter in this work as receiver filter in order to

maximize the SNR. Finally, the estimated data d̂ is,

d̂ = Arŷ (2.12)

Since Ar is obtained by using matched filter operation, Ar = AH where H is hermitian of

a matrix. The matched filter produces an output in such a way that it maximizes the ratio

of output peak power to mean noise power in its frequency response. This is having low

complex structure when compared with traditional MMSE receivers and works well for

indoor channel environments. In this work, the data aided synchronization is performed

after limiting the pilot preamble with an arbitrary pulse shape. The main contribution of

this work is deriving an ML estimation algorithm for time and frequency offset estimation

for any number of sets of identical data for the preamble after employing pulse shaping. To

avoid repitition, the system model of the traditional GFDM is not mentioned, which can be

seen from 1.6.4 of introduction. The CRLB for CFO is derived and the influence of choice

of filters on it is discussed. We conclude that the usage of pulses like Tukey will improve

the crucial spectral response with a little increment in estimation error. Another vital

contribution is, prototyping GFDM system model for real time environment employing

USRP as transmitting hardware which is driven by LABVIEW software. Widely accepted

IEEE 802.11 short preamble is utilized for adjusting the misalignments which occur due

to indoor channel variations. It will be proved in real time results that the suggested

procedure provides smooth transitions in the received spectral response.
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Figure 2.1: Comparisons of traditional and proposed preamble

The standard IEEE 802.11 preamble will consist of ten identical symbols which are

of short length of 16 and two long symbols. The short symbols are utilized for symbol

synchronization and long symbols are used for channel estimation. The frequency domain

representation of traditional and the Tukey pulse shaped preamble with ten short symbols

are shown in the Figure 2.1. We can clearly observe that, the proposed preamble in

frequency domain is having a less amplitude at its start and end. This is the primary

reason of reduction of OOB emission in the spectral response of the GFDM system which

will be discussed in result section. In this section, ML algorithm is derived assuming

a non-dispersive channel with AWGN nature for simplicity. An extension for dispersive

channels can be done by replacing the A with HA in the process of obtaining GFDM

signal x where H represents the block circulant matrix [55]. The signal model with perfect

channel estimation can be given as,

r(n) = ej2πεn/Nx(n− θ) + w(n) (2.13)

The received signal r(n) from air would have a STO of θ and frequency shift factor ε along

with complex additive white Gaussian noise (AWGN) w(n) were j in the exponential

term is representing sqrt(−1). The pilot preamble inserted is at the start of the data

packet will be utilized to perform ML estimation. The preamble of the received signal

r(n) is anticipated to have the pilot preamble which consists of contiguous samples with

Np sets of identical data of size L. Let the index sets I i = {θ + iL · · · θ + (i+ 1)L}
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symbolize all sets of identical data in the pilot preamble which can be indexed with

I i, i = 0, 1, · · ·Np − 1. To safeguard the spectral advantage, all these sets of data are

pulse shaped before transmission. An important note is that even after pulse shaping the

samples in Np sets i.e., r(k), k ∈ ∪Np−1i=0 I i are pairwise correlated. This is because we have

used the same pulse shape filter for all identical parts of the preamble. Then these pulse

shaped samples are assembled into a L × 1 vector r, defined as r = [r(1) r(2) · · · r(L)]T .

Hence for m,n ∈ [0, Np − 1] and m ≥ n we obtain

∀k ∈ I0 : E[r(k + nL)r∗(k +mL)] =
σ2
sσ

2
g + σ2

n, m = n

σ2
sσ

2
ge
−j(m−n)ε′ , m− n = 1, 2, · · ·Np − 1

0, otherwise

(2.14)

In (2.14), E[.] represents the expectation operator. So, σ2
s = E[x2(k)] and σ2

n = E[w2(k)]

denotes the signal and noise power respectively. σ2
g represents the energy of pulse shaping

filter and ε
′
= 2πLε/N is the CFO corresponding to the set I0. The log likelihood function

Λ(θ, ε) is expressed as logarithm of the probability density function (PDF) f(r|θ, ε) with

conditioned variables θ and ε, since they have to be estimated. The PDF of L observed

samples of r with above conditions can be represented as,

Λ(θ, ε) = ln

{∏
k∈I0

f(r(k), r(k + L), · · · , r(k + (Np − 1)L)

×
∏

k/∈∪Np−1
p=0 Ip

f(r(k))

)

= ln

{∏
k∈I0

f(r(k), r(k + L), · · · , r(k + (Np − 1)L))

f(r(k)f(r(k + L) · · · f(r(k + (Np − 1)L))

×
Np×L∏
k=1

f(r(k))

}
. (2.15)

Here the conditioned variables θ and ε are dropped for simplicity. For every k we assume

f(r(k)) is one dimensional Gaussian with zero mean, its PDF will be of the form,

f(r(k)) =
1

π
(
σ2
gσ

2
s + σ2

n

)exp

[
−|r(k)|2

(σ2
gσ

2
s + σ2

n)

]
. (2.16)
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In (2.15), the denominator is multiplication of Np complex Gaussian PDF which will be

simplified into,

Np−1∏
m=0

f(r(k +mL)) =

(
1

π(σ2
gσ

2
s + σ2

n)

)Np
× exp

(
−
∑Np−1

m=0 |r(k +mL)|2

(σ2
gσ

2
s + σ2

n)

)

=

(
1

π(σ2
gσ

2
s + σ2

n)

)Np
× exp

(
−zH(k)z(k)

(σ2
gσ

2
s + σ2

n)

)
,

where z(k) = [r(k) r(k + L) · · · r(k + (Np − 1)L)]T . The numerator in (2.15) can be

expressed as a joint PDF of f(z(k)) given by

f(z(k)) =
1

πNpdet(R)
exp

(
−zH(k)R−1z(k)

)
(2.17)

where R denotes the correlation matrix. Then the expectation of z using (2.14) will be

resulted into,

R =E
[
z(k)zH(k)

]

=


σ2
sσ

2
g + σ2

n σ2
sσ

2
ge
−jε′ · · · σ2

sσ
2
ge
−j(Np−1)ε

′

σ2
sσ

2
ge
jε
′

σ2
sσ

2
g + σ2

n · · · σ2
sσ

2
ge
−j(Np−2)ε

′

...
...

. . .
...

σ2
sσ

2
ge
j(Np−1)ε

′
σ2
sσ

2
ge
j(Np−2)ε

′
· · · σ2

sσ
2
g + σ2

n


=σ2

g(ηI + σ2
sqqH), (2.18)

where I and η = σ2
n/σ

2
g in (2.18) represents the identity matrix and the ratio of noise

power to energy of the pulse shaping filter respectively. The value of normalized σ2
g is

unity for rectangular filter but in the case of other filters its value deteriorates. So, the

ratio η is the measure of increase in noise power because of pulse shaping. The vector

q = [1, ejε
′
, · · · e(Np−1)ε

′
] separates the effect of ε

′
for the defined set. The determinant

of the matrix det(R) can be obtained as (σ2
g)
Np
(
ηNp +Npη

Np−1σ2
s

)
. Then inverse of the

matrix obtained after utilization of lemma proposed in [66] is given by

R−1 =
I

ησ4
g

(σ2
g −

σ2
sqqH

(η +Npσ2
s)

) (2.19)
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Then joint PDF after substituting (2.19) into (2.17) results into

f(z(k)) =
1

πNp(σ2
g)
Np (ηNp +NpηNp−1σ2

s)
(2.20)

×exp
− I

σ2n
zH(k)z(k)+

σ2sz
H (k)qqHz(k)

ησ4g(η+Npσ
2
s )

By simple manipulation we can solve

zH(k)qqHz(k) = zH(k)z(k) + 2

Np−1∑
m=1

Re
{
γm(k)expjmε1

}
(2.21)

where γ is the correlation coefficient given by γm(k) =
∑Np−1

p=m r(k+ (p−m)L)r∗(k+ pL).

Here superscript ∗ denotes complex conjugate operation and Re is the real part of the

complex number. By substituting (2.21), the log likelihood function becomes,

Λ(θ, ε) =
θ+L−1∑
k=θ

−ln(πNp(σ2
g)
Np
(
ηNp +Npη

Np−1σ2
s

)
− I

σ2
n

zH(k)z(k) +
σ2
sz

H(k)qqHz(k)

ησ4
g(η +Npσ2

s)

+Nplnπ(σ2
gσ

2
s + σ2

n) +
zH(k)z(k)

(σ2
gσ

2
s + σ2

n)

+

Np×L∑
k=1

lnf(r(k)) (2.22)

By simple manipulations the Λ(θ, ε) value can be simplified as below,

Λ(θ, ε) =
θ+L−1∑
k=θ

{
lnc1 + 2c2

Np−1∑
m=1

Re
{
γm(k)expjmε

′}
−c3zH(k)z(k)

}
+

Np×L∑
k=1

lnf(r(k)) (2.23)

where c1 = (η+σ2
s)
Np

ηNp−1(η+Npσ2
s)

, c2 = σ2
s

σ2
gη(η+Npσ

2
s)

and c3 = (Np−1)σ4
s

ησ2
g(η+Npσ

2
s)(η+σ

2
s)

. The first term and

last term are not considered for estimation since they are independent of θ and ε. Then

ML estimate results into

θ̂, ε̂ = arg max
θ,ε

θ+L−1∑
k=θ

[
Np−1∑
m=1

Re
{
γm(k)expjmε

′}
−Np − 1

2
ρzH(k)z(k)

]
(2.24)
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The above equation (2.24) is obtained after neglecting the positive multiplication con-

stants and ρ = σ2
s/(σ

2
s + η). However, we can observe from (2.24) that, the estimation is

done using ML will require N2
pL

3 multiplication. In the first step the STO is estimated

as,

θ̂ = arg max
θ

Np−1∑
m=1

[
θ+L−1∑
k=θ

|γm(k)| −Np − 1

2
ρzH(k)z(k)

]
(2.25)

Here, the obtained STO θ̂ can be used to estimate the CFO ε. The proposed ML algorithm

presumes that the CFO estimate makes ∠
[∑θ̂+L−1

ˆk=θ
γm(k)

]
+mε

′
= 0 for m = 1, · · ·Np−1

where ∠ represents the angle. Therefore, we can alternatively find the estimate of CFO

for a index m as,

ε
′
= − 1

m
∠
θ̂+L−1∑

ˆk=θ

γm(k) (2.26)

All the Np − 1 estimates obtained by varying m = 1, · · ·Np − 1 we can find the final

estimated CFO can be obtained as,

ε
′

ML =
−N

2πL(Np − 1)

Np−1∑
m=1

1

m
∠
θ̂+L−1∑
k=θ̂

γm(k) (2.27)

If the CFO is computed using (2.27), then it may require N2
pL

2 multiplication and thus

will result in low complexity.

2.2 Cramer Rao lower bound on CFO estimation

In this section CRLB for unbiased CFO estimation is derived considering STO as

a priori. CRLB is defined as sharpness of estimating the unknown parameter. To quan-

tify mathematically we have to determine the peak of the negative second derivative of

likelihood function. So, CRLB is

E[(ε̂(r)− ε)2] ≥
{
−E

[
∂2lnf(r|θ, ε)

∂ε2

]}−1
(2.28)

By performing second derivative we obtain
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∂2lnf(r|θ, ε)
∂ε2

= −2c2

(
2πL

N

)2 θ+L−1∑
k=θ

Np−1∑
m=1

Np−1∑
p=m

m2Re

{
Np−1∑
p=m

r(k + (p−m)L)r∗(k + pL)expjmε
′
}

(2.29)

Substituting the constant c2 as we computed in the previous section into (2.29) yields

∂2lnf(r|θ, ε)
∂ε2

= − 8π2L3σ2
s

N2η(η +Npσ2
s)

Np−1∑
m=1

m2(Np −m) (2.30)

By expansion of the summation in (2.30) the second derivative will be simplified into

∂2lnf(r|θ, ε)
∂ε2

=
2π2L3N2

p ((N2
p − 1)σ4

s)

3N2η(η +Npσ2
s)

(2.31)

Finally, the CRLB can be given by

E[(ε̂(r)− ε)2] ≥ 3N2η(η +Npσ
2
s)

2π2L3N2
p ((N2

p − 1)σ4
s)

(2.32)

The following conclusions can be made after observing the bound:

• As the energy of the pulse shape filter in the symbol interval decrease we observe

raise in η value, which in turn increase the bound value. It indirectly inference an

increase in the error floor.

• When data samples in each set or number of sets used i.e., when L, Np increase the

bound is going to decrease. It is to be remembered that, the increase of number of

sets will require a trade off in data efficiency.

• Presence of multiple sets in the preamble will offer an advantage of increase in range

of CFO estimation at the cost of BER.

2.3 Results

This paper validates real time implementation of the GFDM system in indoor room

environment using IEEE 802.11 short preamble by employing pulse shaping. For demon-



Synchronization of GFDM and its variants 42

Figure 2.2: Experimental set-up used for testing algorithm in real time environment
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Figure 2.3: Block diagram of the real time implementation of GFDM system with National

instruments USRP’s

stration, the hardware platform used is NI USRP 2953R which is interfaced with LAB-

VIEW software of NI. USRP is capable of operating in frequency range of 1.2 to 6 GHz

with a bandwidth of 120 MHz. These configurations enable us to test all waveforms used

in today’s mobile communication. PC shown in the Figure 2.2 is connected to USRP

using a NI PXIe-PCIe8371 which is having a high throughput of 832 MB/sec. The real

time demonstrator is having two USRP terminals, one acting as transmitter and other as

receiver. Both USRP’s are connected to workstations for base-band processing. Parame-

ters used for demonstration are tabulated in Table 2.1. The transmitter USRP acquires

digital IQ samples via PCI-Express card which performs digital to analog conversion and

transmits over air. In receiver USRP, IQ samples captured by USRP are passed to the

host PC using another PCI-Express connection for performing baseband operations. Since
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USRP performs principal operations like decimation, up and down frequency conversion

etc in hardware it exhibits real time communication scenario. It is to be noted that, after

performing all signal processing operations on GFDM symbol, a zero padding sequence of

length 8 is added at the start and at the end to a complete packet. This is done in order

to differentiate the received signals in time. After performing all the required baseband

operations, RF up-conversion is done and transmitted over the air using the transmit

antenna. Initially, based on the simulation parameters which are tabulated in Table 2.1,

the mean square error (MSE) vs SNR analysis for CFO and STO over AWGN as well as

dispersive channel conditions for various pulse shaping filters are presented. The chosen

dispersive channel is Rayleigh with 8 taps linearly varying from 0dB to −8dB. The typi-

cal distance between both USPR is around 5 m and hence testing in Rayleigh channel is

mandatory for demonstrating the multipath channels

Table 2.1: Parameters for Simulated and real time GFDM system

Parameter Value

Number of subcarriers 64

Number of subsymbols 5

CP length 8

Prototyping filter Root raised cosine

Filter roll off factor 0.9

Transmitter oversampling factor 2

Reciever oversampling factor 2

Capture time 4 ms

Transmitter sampling rate 4M

Zero pad length 8

Preamble pulse shaping Tukey,rect

Receiver sampling rate 4M

Transmitter gain 0dB

Receiver gain 1dB

Carrier frequency 2.4GHz

Figure 2.4, illustrates the MSE vs SNR of CFO over AWGN and dispersive channel.
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Figure 2.4: MSE of the CFO estimate for various SNRs

For pulse shaping, two types of filters are employed namely Rectangular and Tukey. From

the figure it is evident that as the SNR increases, a better MSE is attained for all the

cases. The theoretical analysis carried out in Section IV for CRLB is plotted against

SNR. It can be viewed that at an SNR of 10 dB, the observed error floor is 1.7 × 10−5.

Without loss of generality, the bound is plotted by considering the rectangular pulse

shape filter. It is obvious that, both pulse shaping filters yield good performance over

AWGN channel. There is a slight degradation in performance over dispersive channel

conditions.Over AWGN channel, at an SNR of 10 dB, Rectangular filter attains an MSE

of 2.61 × 10−5 while Tukey filter has MSE of 5.87 × 10−5. In case of dispersive channel

environment, the performance deteriorates for Tukey pulse shaping filter when compared

with Rectangular pulse shaping filter. This is clearly observed because at an SNR of 10

dB, Tukey attains an error of 1.28 × 10−4 while Rectangular achieves 3.2 × 10−5. The

reason behind the accuracy of the result is that among received preamble set, it is easy

to prove that the product r(k + (p − m)L)r∗(k + pL) in (2.29) results into continuous

summation of constant multiplying random variables which follow chi-square distribution

with two degrees of freedom and three zero mean Gaussian random variables. So, with the

increase in number of preamble data, the real and imaginary part of γm(k) by statistical

properties converge to sin(2πmε
′
) and cos(2πmε

′
) respectively. Therefore, at a consistent
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time offset estimation, variance of each term converges to zero indicating the best possible

accuracy for CFO estimation for the proposed scheme
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Figure 2.5: MSE of the STO estimate for various SNR in dB

The MSE for STO vs SNR for both pulse shaping filters namely Rectangular and

Tukey over AWGN as well as dispersive channel is depicted in Figure 2.5. Here, it can be

observed that a huge amount of error is obtained when Tukey pulse shaping is employed

over dispersive channel environment. At an SNR of 5 dB the observed error is 0.22546

while the error decreases progressively as the SNR increases. At an SNR of 10 dB the

error attained for Rectangular and Tukey filer is 0.0193286 and 0.0634 respectively over

dispersive channel. However, the performance is improved over AWGN channel for both

pulse shaping filters. The peak of likelihood function is broadened by the channel disper-

sion for multipath environments. This results in high error floor of STO estimation at

low SNR.

The usage of Tukey filter resulted in higher MSE than the traditional rectangular

filter because of increase in the value of η as evidenced from Figure 2.4, 2.5. The exact

advantage of using this filter can be depicted in the spectral response of real time results.

The IEEE 802.11a standard preamble consists of ten short symbols and two long sym-

bols which are identical with each other. For demonstration simplicity, we have used 10

repeated short symbols for time and frequency estimation. The data is transmitted in

IQ representation, but the Quadrature phase data is only shown since it provides enough
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Figure 2.6: Received Quadrature data after STO estimation at SNR=10dB

interpretation. Each short symbol in the preamble extends to a duration of 4 micro sec-

onds and hence consists of 16 samples. High amplitude in the data packet occurs because

of this preamble as depicted in Figure 2.6. For the proposed preamble, each 16 length

short sequence is windowed by generating a tukey filter with ramp up and down of 2

bits. The repetition in preamble enables us to enhance the CFO estimation range later

in the receiver. The discontinuities in the amplitude of the Quadrature signal in Figure

2.6 occurs because of circular prototyping. The advantage of this representation lies in

reduction of the energy spending required by the USRP terminal.

The received spectrum is depicted in Figure 2.7 where a minimum OOB radiation of

−46 dB has been observed. This is achieved because of localization of time and frequency

using a prototype filter. So, at every subcarrier we could get reduction in egress noise

which was the major concern in OFDM systems. Since we are presenting real time

results a more realistic spectrum is shown in Figure 2.7. This spectrum is obtained after

adding rectangular pulse shaped preamble of length 160 to the GFDM symbol. The

zigzag nature of spectrum occurs because of addition of noise. We also observe spikes

in the spectrum due to the rectangular filtering of preamble, decreasing its reliability

in scrambled spectrum applications. In this figure, half of the subcarriers are disabled

intentionally to illustrate the difference in OOB emissions between the conventional and

proposed preamble. Figure 2.8, clearly shows the advantage of enforcing the Tukey pulse
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Figure 2.7: Received GFDM spectrum with IEEE 802.11 preamble without pulse shaping

shaping in GFDM system. Though there are little spikes but the maximum amplitude

of spikes is decreased from −26 dB to −35 dB. A relatively sharp decay in side lobes

is observed due to incorporation of pulse shaping in preamble which in turn leads to

reduction of OOB emission. Hence, the advantage of GFDM is maintained.
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Figure 2.8: Received GFDM spectrum with IEEE 802.11 preamble after pulse shaping

The observed experimental values in indoor environments are tabulated in Table

2.2. Energy detection method incorporated in the receiver not only estimates the data
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Table 2.2: Observed experimental values in indoor environments for various pulses

Parameter Spike MSE at SNR=5dB MSE at SNR=10dB

Tukey -40.757 dB 0.00010171 2.64E-05

Xia -37.28 dB 5.76E-05 1.44E-05

Rectangular -31.8457 dB 3.69E-05 1.17E-05

CRLB - 2.34E-05 7.31E-06

packet along with misalignments which arises due to channel delay but also includes

the time lag introduced by pulse shaping and matched filtering. Figure 2.6 shows the

received IQ signal and its corresponding spectrum is shown in Figure 2.8 where both are

diminished in amplitude, distorted in time and frequency. These impairments occur due to

indoor channel environments. The spectrum after enforcing synchronization algorithms

which suggest that the system performance is not destroyed by adding pulse shape to

the preamble. GFDM combats the real time environments similar to OFDM despite of

its non orthogonal nature. An important point to be observed is that there is a lag in

the captured IQ signal by USRP. Indirectly it is a measure of transfer capability, so one

wants it to be as minimum as possible. In this regard, we are able to capture the GFDM

signal along with the pulse shaped preamble at a value of 3.5 ms as shown in Figure 2.6.

Lag in the IQ received signal is not only because of transmission wait but also real time

processing delay of USRP hardware.

2.4 UW-GFDM Synchronization

Recently the variant of GFDM named as UW-GFDM is proposed [28]. The authors

have suggested a two step process for its generation. The first step involves in introduction

of correlations in the frequency domain by replacing the data part of time domain signal

with block of zeros at UW positions. The purpose of introducing correlations in frequency

domain is to obtain coding gain. In the second step, application desired UW can be

inserted in the position of zeros to satisfy requirements like synchronization, channel

estimation which leads to improvement in system BER. In short, UW is a deterministic

sequence obtained by replacing the zeros in time domain for a UW-GFDM signal which
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Figure 2.9: Behaviour of the proposed timing metric for the AWGN channel conditions

sacrifices certain subcarriers named as redundant subcarriers in every subsymbol inorder

to obtain coding gain [67].

It is important to note that, even for the case of null UW sequence, a systematic

code is present within the sequence of subcarriers of every subsymbol. The coding gain

in the UW-GFDM is achieved at the cost of strict synchronization. If the received data is

not in the range of designed GFDM window due to improper time offset, it will destroy

the system performance. In literature we find many methods employing preamble aided

synchronization [42]. But they rely on the fact that the probability of false alarm or

probability of not receiving the preamble is minimum. Instead, in this work, we propose a

metric by avoiding the step 2 in generation of UW-GFDM system. The proposed scheme

uses the fact that the energy in the locations of UW is minimum. The suggested scenario

would result in low power consumption along with STO estimation. In this work, the

structure of UW-GFDM is used for performing STO estimation for the first time. The

proposed estimation algorithm involves with the usage of zeros which occur due to presence

of redundant subcarriers in every subsymbol. However, the existent literature uses either

CP or pilots for doing the same. so we present MSE comparison that involves varying

the number of redundant subcarriers which is more appropriate than prior methods of

comparison.

The final UW-GFDM after step 1 will be of the form,

x = [x1d 0 x2d 0 · · ·x(M−1)d 0] (2.33)

Every 0 in (2.33) is of length Kr and are present at a equidistant by amount of K. In
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the step 2, an application driven UW is inserted in the place of 0 in the vector x. We

avoid step 2 of the generation of UW-GFDM symbol and propose a metric using already

available zeros in the next section. The signal model for complex received samples r(n)

effected with an integer STO of θ in AWGN channel of w(n) can be given as,

r(n) = x(n− θ) + w(n) (2.34)

2.5 Proposed algorithm

The primary idea of the proposed metric lies in utilizing the fact that the energy in

the locations of UW is minimum. This scenario not only performs blind STO estimation

but also achieves low power consumption. The presence of GFDM signal can be detected

i.e., STO estimation can be performed upon the receipt of only one subsymbol. The

important system parameters like redundant subcarriers, subsymbol start time can be

found with the aid of zeros corresponding to the other symbols. The metric proposed for

the estimation of above mentioned parameters is,

M(θ) =

∑Kr−1
n=0 |r(n+ θ)|2∑M

m=1

∑Kr−1
n=0 |r(n+mK −Kr + θ)|2

(2.35)

The denominator in (2.35) is the summation of squares of the received vectors of length

Kr which are present at a distance of K. The maximization of the proposed metric

happens when the denominator is minimum, i.e., when the estimated index coincides

with locations of the zeros in the original UW-GFDM structure. This idea leads to a

large difference between the peak value and the troughs. Another essential point in the

design of the metric is to circumvent the divide by zero error. This will automatically

occur in multipath channels due to presence of signal fading. In the same way, in the

presence of AWGN the noise would have a finite variance and to increase the probability

of avoidance of the error, when M summations are performed. The numerator in (2.35)

is indicating the signal power, which is mandatory to balance the channel in multipath

environments. This operation may also be regarded as a part of automatic gain control.

The timing metric for the AWGN channel for an UW-GFDM signal with 64 subcarriers, 4

subsymbols and an UW of length 16 is shown in the Figure.2.9. We considered the AWGN
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channel at a SNR of 10 dB, where the SNR represents the total signal (all subcarriers

in every subsymbol) to noise power ratio. We can clearly observe repetition of peak and

trough in regular intervals in the proposed metric. This fancy structure of the proposed

metric is highly useful for timing estimation, empowering it to achieve a more accurate

estimation. The required system parameters can be found in the following way,

2.5.1 Number of subsymbols

This is the first and foremost step in the synchronization algorithm. From the

Figure.2.9, it can be clearly depicted that the number of peaks which occur is equal to

number of subsymbols M present in the UW-GFDM, which lead to its straightforward

estimation. There won’t be any uncertainty in the estimation of the peaks because the

typical values of peak for AWGN environments are at a very high value of 1016.

2.5.2 Number of subcarriers

After finding all the peaks, we can observe that all of them occurs at equidistance.

This occurs due to the presence of equidistant zeros in the structure of UW-GFDM system.

Incidentally this would lead to estimation of number of subcarriers K, by finding the

difference in the time indices between the consecutive peaks in the proposed metric.

2.5.3 Symbol time offset estimation

Frame detection can be performed by identifying the maximum among the peaks

present the proposed metric,

θ =
(
K − arg max

n
M(θ)mod K

)
(2.36)

Typically the values of all the peaks will be the same in AWGN channels. Here, an impor-

tant observation for finding the time offset estimation is, utilization of mod operator. This

is introduced considering multipath channel environments since all subsymbols present in

the system may not experience the same signal fading. However, in relative comparison, a

single peak occur for every subsymbol. However, it is not mandatory that the peak always
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occur at the first subsymbol. So utilization of mod will lead to a legitimate expected value

for time offset.

2.5.4 Number of redundant subcarriers

We have used peaks for finding all the above mentioned system parameters. One

can utilize trough for finding the same. However, inorder to determine the number of

redundant subcarriers which is crucial parameter for demodulation we require both peaks

and troughs. From the Figure.2.9, it is evident that, the we can determine the number of

redundant subcarriers with the aid of difference in between the time indexes of the peak

and trough present in the metric. This may lead to a confusion in multipath channels

because the peak and crest of different subsymbols may be selected. This will be auto-

matically avoided by the proposed expression where the value K from the section 2.5.2 is

used for determining the value of Kr,

Kr =
(
K − arg min

n
M(θ)mod K

)
(2.37)

• We can observe that the peak occurs at equidistance. This occurs due to the presence

of insertion of equidistant zeros in the structure of UW-GFDM system. Incidentally

this would lead to estimate the number of subcarriers K.

K = arg max
n

M [θ] (2.38)

Channel conditions may not experienced in the same way for all the subsymbols

present in the system. It is not mandatory that the peak always occur at the Kth

time instant. However, the highest peak among all the subsymbols will be selected

• As the maximum occurs at the Kr index of the subsymbol we can determine the

number of redundant subcarriers with the aid of difference in between the time

indexes of the peak and trough present in the metric.

• The number of peaks which occur are the number is equal to number of subsymbols

M present in the UW-GFDM.

The behaviour of the metric in multipath environments results into relatively broader

peak. This is due to the fading environment created by these channels. It is remembered
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that by allocating sufficient redundant carriers, even for the case of multipath channel

environments metric provides good performance which will evidenced later in the result

section.

2.6 Results and discussion

The structure of UW-GFDM is used for performing STO estimation for the first

time. The offset is estimated by proposing an algorithm that involves in the usage of

zeros which are existent in every subsymbol created in the process of generation of re-

dundant subcarriers. However, the existent literature uses either CP or pilots for doing

the same. It is also observed that MSE comparison that involves varying the number

of redundant subcarriers is more appropriate than prior methods of comparison. In this

section, performance of the proposed time synchronization scheme is evaluated by MSE

for a UW-GFDM system with simulation parameters shown in Table 2.3. From (2.35),

the algorithm is only dependent on the energy in the interval of Kr, whose value has to be

properly chosen if low MSE is desired. This is because, the proposed metric doesn’t use

the traditional approach of utilizing auto correlation or cross correlation which are highly

dependent on SNR. However, an increment in Kr may require compromise in throughput

efficiency.

Table 2.3: Simulation parameters

Parameter UW-GFDM

Mapping 16-QAM

Number of Sub Carriers(K) 64

Number of Sub Symbols(M) 4

Number of redundant subcarriers(Kr) 16

Cyclic prefix 8

prototyping filter RRC

Roll off factor 0.2

Figure 2.10 shows the MSE versus SNR for the proposed blind STO estimation for

UW-GFDM system. Here, for the purpose of interpretation we have considered different
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Figure 2.10: MSE of STO estimation for AWGN channel

values of redundant carriers and the type of channel considered is AWGN channel. It

can be observed that, the MSE for the proposed method is not much dependent on the

value of SNR and decreases with increase in Kr. However, in simulations there a slight

improvement in MSE with increase in SNR for every case. As an example for Nr = 16

the MSE are 0.0169545 and 0.0019335 at SNR of 9 dB and 19 dB respectively.

Even for multipath channel environment, we observed an improvement in MSE with

increase in value of Kr. Due to the effect of fading, numerical value of error is high in

these channels when compared with AWGN. Similar to the AWGN channels, MSE is not

highly dependent on SNR and only depends main on the value of Kr as shown in Figure

2.11. We can conclude from Figure 2.10 and Figure 2.11 that MSE is highly dependent

on chosen Kr of the system.

We observed a specific code in frequency domain in the system which is the primary

reason for high coding gain. Another important metric which is to be considered is,

variations of PAPR with increase in the coding gain. The well accepted complementary

CDF, which represents the probability that PAPR of a UW-GFDM block exceeds a given

threshold (PAPR0) is used for measurement of PAPR,

CCDF (PAPR0) = Pr(PAPR > PAPR0) (2.39)
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Figure 2.11: MSE of STO estimation for multipath channel
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Figure 2.12: PAPR plot for different values of Kr

The conducted simulation results indicate that as the Kr value increases from 4 to 16,

PAPR performance becomes worse. Hence for a high coding gain, a sizeable superimpo-

sition happens in frequency domain which requires compromise on PAPR as evidenced

from the Figure. 2.12.
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2.7 Conclusion

The synchronization of UW-GFDM and GFDM are addressed in this chapter. The

ML estimation algorithm using pulse shaped multiple sets of identical data for correcting

the time and frequency misalignments for GFDM systems is derived. This is done to

preserve the spectral advantage of the system. The CRLB for the frequency offset for

an arbitrary pulse shape is also obtained. The main advantage of this modified preamble

occur in the real time results by reduction of slope and unwanted spikes in the spectrum

characteristics. The proposed method of time synchronization for UW-GFDM system

is doesn’t depend on SNR and mainly depends on the value of number of redundant

subcarriers. We observed by increasing the number of redundant subcarriers we achieve

effective synchronization and coding gain at the cost of PAPR and data efficiency.



Chapter 3

Blind CFO estimation and jitter noise reduction

using oversampling

3.1 Introduction and Motivation

The usage of discrete prolate spheroidal sequences as prototype filters in MGFDM

was found to improve the orthogonality of the system. In this chapter, the first part will

deal with the real time transmission of MGFDM is carried using USRP by implementing

various channel estimation and synchronization algorithms. We employed all the correc-

tion algorithms using a windowed preamble to satisfy low OOB requirements. However,

the high speed performance of MGFDM system is heavily effected by jitter noise, since it

results in improper sampling instances. jitter noise is one of the more complex limitation

in GFDM systems which demands high data rates [68]. The timing jitter in GFDM radios

which feature high frequency bandpass sampling nature will allow a little tolerance for

error free transmission since the system is designed assuming uniform sampling intervals.

Low pass timing jitter which occurs due to Phase Lock Loops (PLL) is considered in this

chapter. In specific, we discuss the effect of oversampling on jitter noise in an oversam-

pled GFDM system. It will be proved that the jitter noise is not a function of subcarrier

or subsymbol indexes and oversampling will reduce noise equally across all subcarriers.

Furthermore, we observe a linear reduction in degradation caused by timing jitter upon

increasing oversampling. The proposed theory is validated using USRP 2953R hardware

interfaced with LabVIEW software. Conventional training sequence based methods allevi-
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ate the effect of time and frequency misalignments by using the concept of data repetition

in the pilot preamble, which recedes data efficacy. This chapter enlightens various as-

pects in real time implementation of blind GFDM signal transceiver using oversampling

for CFO correction in indoor environments. Moreover, the numerical value of CFO is

independent of subcarrier and subsymbol indices i.e., the effect of change in frequency

is same for all subcarriers and doesn’t depend on the subsymbol location in the GFDM

block. In this chapter, we exploit the constant phase obtained from difference of phase

shift between neighbouring samples in twice oversampled signal for CFO estimation. The

CRLB for the oversampling based GFDM signal model is derived. Also, we prove through

simulation that, the proposed algorithm results in a little error floor. More importantly,

the proposed method is data efficient because of the fact that, it utilizes only one GFDM

symbol using reliable ML estimation in the presence of noise and multipath channels. In

simulation, synchronization and channel estimation can be performed without any order

in their implementation. The channel equalization on unsynchronized data would lead

to improper selection of MGFDM block which cause erroneous effects. After examining

the importance of this phenomenon, we implemented various synchronization algorithms

before channel estimation. The results for spectrum and time domain waveforms in the

received USRP show a satisfactory performance of system. This work also discuss the

effect of oversampling on jitter noise in an oversampled GFDM system. Moreover, the

constellation diagrams received in USRP validate the result by showing a good agreement

with simulations.

3.2 MGFDM System Model

MGFDM system consists of K subcarriers and M sub symbols in a block of N

elements, in a way single carrier is bearer of M overlapping sub symbols in time. Data

symbols are obtained by QAM or PSK modulation and dk(m) is used for representing a

data symbol on kth subcarrier at mth time slot, so dk = [dk(0) · · · dk(M − 1)]T shows to
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be data on the kth subcarrier. Here T stands for transpose operation.

x(n) =
K−1∑
k=0

(pk(n)� g(n))ej
2πkn
K (3.1)

=
K−1∑
k=0

M−1∑
m=0

dk(m)g {(n−mK)modMK} ej
2πkn
K

where pk(n) =
∑M−1

m=0 dk(m)δ(n − mK) is subcarrier processing and � represents the

circular convolution utilized to obtain the MGFDM signal x = [x0 x1 · · ·xN−1]. Here

g(n) is the prototyping filter used to nullify OOB radiations which is chosen a Multitaper

filter in this work. It is interesting to note that the same MGFDM system would act as

Multitaper windowed OFDM when M = 1. The summation in matrix representation can

be formulated as [24],

x = Ad (3.2)

Matrix A is a N × N matrix which incorporates all the necessary signal processing

steps like upsampling, frequency translation along with subcarrier filtering. While d =

[d0
T d1

T · · ·dK−1
T ]T represents the vector containing the data symbols. CP is appended

at the start of every MGFDM symbol, which is analysed over multipath channel with

coefficients h = [h(0) · · ·h(J − 1)]. The received signal after cyclic prefix removal can be

expressed as

y = Hx + n (3.3)

where H is matrix of dimension N×N with its first column as [h(0) · · ·h(J − 1) 0 · · · 0]T ,

which is obtained after appending N −J zeros and n represents the additive white Gaus-

sian noise (AWGN). The signal detection at receiver is performed by zero forcing equal-

ization of the channel in frequency domain. The detected signal under perfect channel

estimation and synchronization ŷ is

ŷ = WH
NΛ−1WNy = x + WH

NΛ−1WNn (3.4)

where WN
H and WN represent N point IFFT and FFT matrices, Λ contains eigen-

values which are found by performing DFT of first column of channel matrix H. Here

WH
NΛ−1WN in (3.4) indicates inverse channel response decomposed by using circulant

matrix property. As a result, we can rewrite the detected signal as

ŷ = x + H−1n (3.5)
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Figure 3.1: Block diagram of the real time MGFDM transmission system

The original data symbols after channel equalization can be obtained by multiplying with

receiver matrix Ar. We consider matched filter in this work as receiver filter in order to

maximize the SNR. Finally, the estimated data d̂ is,

d̂ = Arŷ (3.6)

Since Ar is obtained by using matched filter operation, Ar = AH where H is hermitian of

a matrix. In real time transmission GFDM signal is sensitive to presence of STO, CFO.

Despite of the fact of applying enough cyclic prefix, GFDM is prone to give errors [23]. For

that reason simple equalization performed in (3.4) is not achievable. To compensate these

impairments a windowed preamble is added at the start of every data packet. We will

use same preamble for correction of all misalignments that occur due to indoor channel.

This practice is traditionally followed in IEEE 802.11 wireless standard. Therefore, the

received signal with all effects can be represented as

y(n) = ej
2πεn
N

J−1∑
j=0

N−1∑
n=0

hnxj−n−θ +W (n) (3.7)

The signal from air would have a STO of θ and frequency shift factor ε along with AWGN

W (n). Presence of a constant θ is easily correctable by the receiver but the time jitter

of τn cause deviation from the actual sampling rate resulting in system performance

degradation.
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3.3 Synchronization and channel estimation

In this section different steps in the implementation of MGFDM system are pre-

sented. The transmitted signal is received only at certain times, so STO estimation

involves MGFDM frame detection, while CFO estimation involves in estimating the fre-

quency distortion created due to the channel. The exact order in the implementation of

the MGFDM system is shown in Figure 3.1.

3.3.1 Frame detection

Frame detection assumes that among the samples the windowed preamble is present

[41]. The received signal r and its preamble rp are of length N and Np correspondingly.

we use autocorrelation property for MGFDM frame detection.

ρ(n) =

∣∣∣∣∣
Np−1∑
k=0

rp(k)∗r(k + n)

∣∣∣∣∣
2

(3.8)

where ∗ represents the hermitian operation which is used for performing STO estimation.

Firstly, we collect the values of ρ(n) for n = 0 · · ·Np− 1. Transmission in indoor environ-

ment would have it’s first channel tap as dominant. This factor contribute to accurate

frame detection independent of channel behaviour.

θ = arg max
n

ρ[n] (3.9)

By solving for θ, correlation peak occur only at preamble, so exact MGFDM frame can

be identified.

3.3.2 CFO estimation

CFO estimate is done by using self referenced method which relies on periodic

nature of training sequence instead of its correlation properties. To elaborate, the CFO is

estimated using repeated nature of the preamble by finding the least squares (LS) estimate

between two equal half’s of length Np/2 present in the preamble.

ε̄ =

phase

(∑Np
2
−1

k=J r∗(k)r(k + Np
2

)

)
πNp

(3.10)
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The above equation (3.10) will give good results, if the chosen training symbol is capable

of estimating the range of CFO. It is worth mentioning that incorrect offset estimate

would rotate the signal and complicates the channel equalization.

3.3.3 Channel estimation

The preamble which is CFO compensated is utilized for channel estimation. LS

estimate of channel is found by minimizing mean squared error between sent and received

preamble

H̄ = (r∗prp)−1r∗pxp (3.11)

where rp and xp represents the received and sent preambles.

3.4 Effect of oversampling

To illustrate the effect of oversampling on timing jitter, we assume perfect STO,

CFO, channel estimation. This is achieved by using the windowed preamble as shown

in (3.9), (3.10) and (3.11). A matrix model for received MGFDM signal by focussing on

effect of time jitter with channel matrix H is,

r = WHAd (3.12)

where W is the effect of time jitter in matrix of dimension N × N [69]. Amalgamating

all the notations, effect of oversampling on the detected data in matrix notation is given

by

d̂ = ArH
−1r = RLUWVd = Sd (3.13)

Oversampling matrix RL is defined as LN × N matrix with one’s present in its column

having index as integer multiples of L at Lnth position. Here the column index n extends

from 0 to N−1. The introduced matrices are defined as U = ArH
−1 and V = HA are of

dimension N ×N with its corresponding values ul,0ul,1 · · ·ul,N−1 and vTm,0v
T
m,1 · · · vTm,N−1,

where ul,i is ith column vector of the matrix U and vm,i denotes ith row vector of the
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matrix V. Then the S matrix can be represented as,

S = RL[ul,0ul,1 · · ·ul,N−1]W



vTm,0

vTm,1
...

vTm,N−1


(3.14)

Let us consider oversampling factor L to be a integer, Then the elements of the matrix S

can be represented in simplified form as,

S =

 e
j

(
2πτi

i
L

T

)
ul, i

L
vT
m, i

L

0 ≤ Li ≤ (N − 1)L

0 otherwise

(3.15)

where i varies from 0 to N − 1, τi demonstrates the effect of jitter which is the deviation

from the uniform time interval and T is representing the time period. In a way, the

above equation (3.15) shows the representation of how zero insertion is done because of

oversampling, since it may have a maximum of N non zero elements. The average power

P which is E[S2] can be calculated as,

P =
1

LN

LN−1∑
i=0

LN−1∑
h=0

E
[
[ul,iv

T
m,i][ul,hv

T
m,h]

∗]
E

[
ej(

2πτii

T )e
j
(

2πτhh

T

)]
(3.16)

Using the simplification ejη ≈ 1 + η in the above equation (3.16) the simplified expression

for the second term is

ej(
2πτii

T ) ≈ (1 + j
2πτii

T
) (3.17)

plugging it back into (3.16) the expectation results into

E

[
ej(

2πτii

T )e
j
(

2πτhh

T

)]
= E

[(
1 + j

2πτii

T

)(
1 + j

2πτhh

T

)]
(3.18)

E

[
ej(

2πτii

T )e
j
(

2πτhh

T

)]
≈
(

2πi

T

)2

E[τ 2i ] + E

[
j

(
2πτhi

T

)]
+ E

[
j

(
2πτhh

T

)]
(3.19)

Avoiding the positive coefficient results and assuming τi and τh as uncorrelated and are

white in their nature i.e., E[τi] = 0 and E[τh] = 0, (3.18) can be simplified. By substituting

equation (3.19) into (3.16) we obtain

P =
1

LN

N−1∑
i=0

N−1∑
j=0

E
[
[ul,Liv

T
m,Li][ul,Ljv

T
m,Lj]

∗](2πi

T

)2

E[τ 2i ] (3.20)
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In (3.20) the index is changed from i to Li of (3.16) since N elements can be non zero.

MGFDM block with baseband bandwidth of MK/2T require the receiver analogue to

digital converter (ADC) to sample at minimum Nyquist rate of T/MK. The above

derivation is performed assuming all the carriers are active. Instead, if the no of active

carriers range from Kl to Ku the bandwidth required would reduce to Na = M(Ku −

Kl)/2T . Hence the equation (3.20) for active carrier case will be modified as

P =
1

LNa

Na−1∑
i=0

Na−1∑
j=0

E
[
[ul,Liv

T
m,Li][ul,Ljv

T
m,Lj]

∗] (2πi

T

)2

E[τ 2i ] (3.21)

From (3.21) it is clear that power of the timing jitter is decreased by a factor of L, so

by increasing the value of integer oversampling a reduction in the noise power is noticed.

Assuming symbol period is unchanged, reducing number of subcarriers participate in

transmission, will reduce the overall data rate. This in turn reduces transmit power and

the required bandwidth.

3.5 Results and Discussions

This work presents various aspects in real time implementation of MGFDM system

using a windowed preamble as depicted in Figure 3.2. The transmitted and received sig-

nals are plotted using the Labview software which is interfaced with National instruments

hardware USRP-RIO. Secondly, the effect of oversampling on reduction of jitter noise

power in MGFDM system is presented. We observed by increasing the integer oversam-

pling a clear reduction in noise power. The real time constellation diagrams validated

the analysis showing very good agreement. The parameters used for simulations and real

time implementation are shown in Table 3.1.

Transmitter data packet is obtained by performing MGFDM modulation on QAM

symbols which are arranged on active subcarriers. Further, all necessary constituents like

CP and preamble are added to every symbol and data packet respectively in the order

specified in Figure 3.1. The obatined signal is sent from host PC to USRP in 16 bit reso-

lution. This work uses Barker sequence with rectangular filtering as windowed preamble

in order to maintain OOB advantage. The spectrum shows there is large difference of

40dB between the in band radiation and OOB. This is because of the deeper side lobes
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Table 3.1: Parameters for Simulated and real time MGFDM system

Parameter Value

Number of subcarriers 64

Number of sub symbols 4

CP length 8

Prototyping filter Multitaper filter

Filter roll off factor 0.9

Preamble shaping filter Rectanular

Transmitter oversampling factor 4

Reciever oversampling factor 4

Preamble 44 length barker sequence

Transmitter sampling rate 4M

Zero pad length 8

Receiver sampling rate 4M

Transmitter gain 0db

Receiver gain 1db

Carrier frequency 2.4GHz

present in multitaper filters. This characteristic of multitaper filters makes it as a suitable

prototype filter for scrambled spectrum applications. After these base band operations,

RF up-conversion is done and transmitted over the air using the transmitter USRP.

The received signal is then brought to the receiver sampling rate using USRP daugh-

terboard by down conversion and re directed to host PC for compensation of indoor chan-

nel effect. The frame detection algorithm is implemented using correlation between same

two halves in the preamble [41]. The metric yields much better performance by not only

using correlation in numerator but also removing channel dependency by using energy in

the denominator. This advantageous metric has plateau effect as weakness due to pres-

ence of CP. In ISI channels, relatively a shorter plateau is created because the CP will be

utilized to compensate channel ambiguity.

In simulations to illustrate the effect of jitter, a variance of 0.6T
N

2
is manually applied.

Notice that, the jitter variance is not changed when the oversampling parameter L is
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Figure 3.2: Set up for real time transmission of MGFDM system

varied. The Figure 3.3 evidences a significant decrement in the bit error rate (BER) due

to the noise created by time jitter by increasing oversampling. Better BER performance

occurs solely due to linear degradation of the noise power with increase of oversampling

factor. An interesting point is, since the jitter function is not a function of subcarrier

index, the noise reduction is done equally across all carriers.

Figure 3.4 shows the effect of oversampling high speed GFDM system effected by

jitter noise after performing demodulation. Time jitter results in rotational effects and

ICI as suggested in [69]. Incrementing the integral oversampling shows an improvement

in the shape of constellation, as clearly depicted in the Figure 3.4.

3.6 CFO estimation using oversampling

Generally, oversampling in multicarrier techniques is done to facilitate perfect re-

construction at the receiver. In this work, we consider a twice oversampled signal and

observe a peculiar property which can be used for CFO estimation and signal detection.

We consider Ts = T/N as sample interval where T is the symbol duration. The twice over-

sampled signal is arranged alternatively into two groups with each group corresponding

to odd and even indexes. The sampling instances for x(n) occur at every t = ts +nTs + θ,

where θ is STO and ts is the starting time of the GFDM symbol. Assuming perfect STO,

for n = 0, 1, · · ·N − 1 we represent two sets of data as x1(n) and x2(n). All even samples
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Figure 3.3: BER reduction due to oversampling in GFDM with Time jitter

are collected for ts = 0 reducing itself to the usual GFDM model,

x1(n) =
K−1∑
k=0

M−1∑
m=0

dk(m)g {(n−mK)modN} ej
2πkn
K . (3.22)

In the other case of ts = Ts/2, the discrete model is given by,

x2(n) =
K−1∑
k=0

M−1∑
m=0

dk(m)g

{
(n+

1

2
−mK)modN

}
e
j2πk(n+1

2 )

K . (3.23)

From the above two equations (3.22) and (3.23), we can notice that, the changes in the

signal model occurs in phase term and also in prototype filters used for their generation.

The phase change solely arises due to the difference in their sampling time where as the

prototyping filters will differ by a constant half in their time. After reorganizing the

sample points alternatively into groups the matrix representation for above sets of data

are,

x1 = Ad, (3.24)

x2 = PA1d, (3.25)

where P = diag (1 · · · ej πK · · · ej kπK ) is diagonal matrix for phase difference between the

subcarriers of x1 and x2. Each element in the diagonal of the matrix P is repeated
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Figure 3.4: Effect of Oversampling on GFDM system with Time jitter

M times since each subcarrier is bearing M subsymbols. Another interesting point is,

in the presence of CFO i.e.,ε, both x1 and x2 will have difference in rotations of their

constellations by an amount of P. Here A and A1 represent the GFDM modulation

matrices of x1 and x2 correspondingly. Despite of the fact of applying enough CP, GFDM

is prone to have errors [20]. For that reason, simple equalization is not possible. In real

time transmission using USRP, GFDM signal is sensitive to presence of STO and CFO.
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Therefore, the received signal with all effects can be represented as,

y(n) = ej
2πεn
N

L−1∑
l=0

N−1∑
n=0

hnxl−n−θ +W (n). (3.26)

Here W (n) is representing the additive white Gaussian noise and ε is the CFO of the

GFDM signal for an L length channel. The transmitted signal is sent in packets, which

will be received only at certain times. Hence the estimation of θ primarily involves in

symbol arrival time estimation. Blind symbol arrival can be estimated by maximizing the

discrete time energy of received samples, which is calculated as,

J [v] = E
[
|r (nQTs + v)|2

]
=

1

N

N−1∑
n=0

|r (nQTs + v)|2 , (3.27)

where E stands for expectation, r is the signal after matched filtering, v represents esti-

mated time offset and Q is the oversampling factor. The resultant v after maximization

of cost function J(v) would give accurate result for larger Q value. An alternate approach

named early-late gate algorithm is used in [23],

E |r (nQTs + v)|2 = 2<
{
E

[
r(nQTs + v)

δ

δv
r∗(nQTs + v))

]}
, (3.28)

where < represents the real part. This approach would consider discretizing the differ-

entiated cost function assuming differentiation and expectation are exchangeable, since

they are linear operators. First order difference by using the central difference method

can be approximated for a small δ as,

d

dv
r∗(nQTs + v) = r∗(nQTs + v + δ)− r∗(nQTs + v − δ). (3.29)

By substituting (3.29) into (3.28) and computing expectation of (3.28) by using sample

averaging results into,

J [v]δ =
1

N

N−1∑
n=0

2< [r(nQTs + v) (r∗(nQTs + v + δ)− r∗(nQTs + v − δ))] . (3.30)

A typical value of δ to be a multiple of Ts/Q. The estimated v is used for finding the

data packet which contains GFDM symbols and its necessary constituents including CP

but doesn’t remove channel impairments.
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3.7 ML Estimation

In this section, a blind joint CFO and data estimation is proposed using ML estima-

tion. After signal detection, the corresponding oversampled GFDM signal at the receiver

considering non dispersive conditions can be illustrated similar to the equations (3.24)

and (3.25) as,

y1 = CAd + w1, (3.31)

y2 = ej ε
2 CPA1d + w2, (3.32)

where w1, w2 represents the uncorrelated complex additive white Gaussian noise. C =diag

(1 ej
πε
N · · · ej

(N−1)πε
N ) is the matrix representation of the effect of CFO. In presence of CFO,

it is important to note that, a constant phase shift by a scalar of ej
ε
2 occurs between y1

and y2. This factor is independent of subcarrier frequency and subsymbol location which

enables us to utilize it for ML estimation. It occurs only due to the difference of sampling

between odd and even samples of the oversampled signal. This method leads to heuristic

but a sensible method in the absence of noise. In case of noiseless channels, a straight

forward CFO estimation is possible using equations (3.31), (3.32) and knowing the fact

that d is unknown for both vectors. To prove this fact, let us define two vectors r1 and

r2 as,

r1 = AHCHy1, (3.33)

r2 = e−j
ε
2 AH

1 PHCHy2. (3.34)

We can simply solve (3.33), (3.34) and observe vectors r1, r2 are equal in the absence of

noise,

r1 = r2 = d. (3.35)

This would give a simple estimate for ε. The above estimation is unlikely to happen in

noise scenario. However, in presence of noise minimizing the distance between r1 and r2

would lead to ML estimate of CFO,

ε = min
ε

(r1 − r2)H(r1 − r2). (3.36)

This minimization reduces itself into finding roots present on unit circle for a polynomial

of order 2N . The noise vectors w1 and w2 are assumed to follow complex Gaussian with
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zero mean and covariance matrix σ2I. Then likelihood function for joint estimation of

data d and CFO ε is,

λ(ε,d) =
1

(πσ2)N
exp

{
−1

σ2

[
(y1 −CAd)H(y1 −CAd)

+(y2 − ej
ε
2 CPA1d)H(y2 − ej

ε
2 CPA1d)

]}
(3.37)

We have to maximize this function for estimating ε and d

(εML,dML) = argmax
ε,d

λ(ε,d). (3.38)

This is equivalent to minimizing,

S(ε,d) = (y1 −CAd)H(y1 −CAd) + (y2 − ej
ε
2 CPA1d)H(y2 − ej

ε
2 CPA1d), (3.39)

Taking gradient of S(ε,d) for the data vector d and setting its value at zero would yield,

∂S(ε,d)

∂d
= −2AHCH(y1 −CAd)− 2e−j

ε
2 AH

1 PHCH(y2 − ej
ε
2 CPA1d) = 0. (3.40)

The ML estimate of the data dML after simplification is,

dML =
1

2
(AHCHy1 + e−j

ε
2 AH

1 PHCHy2). (3.41)

The above equation (3.41) is applicable for any value of ε. Thus after obtaining the data

vector dML we can plug into S(ε,d) to obtain value for ε,

S(εML,dML) =
1

2

(
r1(ε)− r2(ε))H(r1(ε)− r2(ε)

)
(3.42)

where r1 and r2 are defined in equations (3.33), (3.34). The motivation for the algorithm

is from the closer inspection of equations (3.24) and (3.25) in which the number of obser-

vations are obtained from symbol rate sampling. Assuming all carriers are active, there

are N + 1 observations to be estimated in total. N is for the data estimation and 1 is

coming from the CFO estimation. Thus by oversampling by a factor of two the number of

observations are doubled without increase in unknowns. This provides the probability of

estimating the required parameters without any extra information. For the case of multi-

path channel environments, A should be replaced with HA and similar calculations have

to be performed. The channel impulse response for each subchannel of an oversampling

system is quite different. Namely, the circulant channel matrices for (3.31), (3.32) are not
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be the same. So, for the case of odd samples H1A1 has to be considered. The simplified

representation for (3.36) is,

ε = max
ε

(rH1 r2 + rH2 r1) (3.43)

=ej
ε
2

(
yH
1 COCHy2 + yH

2 COHCHy1

)
,

where O = AAH
1 PH in (3.43) is easily computable in the receiver and rH1 r1, rH2 r2 are

neglected since they don’t contribute for CFO estimation. We know C is a diagonal

matrix, hence the computational complexity of the proposed method is 2N2.

CRLB

CRLB can be considered as a measure for sharpness of estimating an unknown

parameter. To quantify mathematically, we need to determine Fisher Information Matrix

(FIM) which requires second order derivatives of the above log likelihood functions with

respect to the unknown parameters d and ε. After neglecting constant terms the log

likelihood from (3.37) can be expressed as,

λ(ε,d) = − 1

σ2
(y1 −CAd)H(y1 −CAd)

− 1

σ2
(y2 − ej

ε
2 CPA1d)H(y2 − ej

ε
2 CPA1d). (3.44)

Let us divide λ into two terms where the first and second are shown with λ1 and λ2. The

first term λ1 in its simplified form is,

λ1 = − 1

σ2

(
yH
1 y1 − (CAd)Hy1 − (CAd)yH

1 + dHd
)
. (3.45)

The above equation (3.45) is simplified using matrix properties AHA = I and CHC = I.

For λ1 we have,
∂λ1
∂d

=
1

σ2

(
(CA)Hy1 + (yH

1 CA)H − 2d
)
. (3.46)

Extending the above equation to obtain second order derivative results into,

∂2λ1
∂d2

=
−2

σ2
I, (3.47)

since C is a function of ε we consider two matrices U = diag(0, 1, 2 · · ·N − 1) and V =

diag(1/2, 3/2 · · · N−1
2

), which will be useful in finding gradients with respect to matrix C
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for even and odd indices respectively. The remaining derivatives for λ1 are,

∂2λ1
∂d∂ε

=
2

σ2
j(UCA)Hy1, (3.48)

∂2λ1
∂ε∂d

=
2

σ2
j(UCA)Hy1,

∂2λ1
∂ε2

=
−2

σ2
(U2CAd)

H
y1.

By performing similar operations on λ2 the second derivatives can be obtained as,

∂2λ2
∂d2

=
−2

σ2
I (3.49)

∂2λ2
∂d∂ε

=
2

σ2
j(ej

ε
2 VCPA1)Hy2,

∂2λ2
∂ε∂d

=
2

σ2
j(ej

ε
2 VCPA1)Hy2,

∂2λ2
∂ε2

=
−2

σ2
(ej

ε
2 V2CPA1d)

H
y2.

The final FIM matrix F is summation of expectations of λ1 and λ2, which can be written

as,

F =
−2

σ2
E


 I −j(UCA)Hy1

−j(UCA)Hy1 (U2CAd)
H

y1


+
−2

σ2
E


 I −j(ej ε2 VCPA1)Hy2

−j(ej ε2 VCPA1)Hy2 (ej
ε
2 V2CPA1d)

H
y2

 . (3.50)

Using the equations (3.31) and (3.32), we can easily deduce E[y1] = CAd and E[y2] =

ej
ε
2 CPA1d. Since the expectations in matrix F is applicable only for y1 and y2 we can

simplify FIM matrix by substitution. As an example, the expected value at 2, 1 index

can be evaluated as E[(UCA)Hy1] = AHCHUCAd and its corresponding element in

λ2 is E[(ej
ε
2 VCPA1)Hy2] = AH

1 PHCHVCPA1d. To find the CRLB for estimation of

ε we need to invert the FIM and find element corresponding to ε i.e., first row and first

column which is represented with [F−1]1,1. The first step in obtaining inverse is to find

the determinant of the FIM matrix, which after simplification is,

|F| = (CAd)H(UCA)(VCPA1)H(CPA1d)

+ (CPA1d)H(VCPA1)(UCA)H(CAd) (3.51)
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By expanding the individual terms the above equation will be,

|F| = dHAHCHUCAAH
1 PHCHVCPA1d+

dHAH
1 PHCHVCPA1A

HCHUCAd (3.52)

Since the matrices U, V and C are diagonal CHUC = U and CHVC = V. So the CRLB

for CFO estimation using the oversampled GFDM model is,

CRLB = [F−1]1,1 = σ2/2× 1

C1 + C2

(3.53)

Here the values computed by mathematical analysis are C1 = (Ad)HU(PA1A
H)

H
V(PA1d)

and the second term is C2 = (PA1d)HV(AAH
1 PH)HU(Ad). The numerical CRLB for

the proposed oversampled GFDM system is detailed in the result and discussion section.

3.8 GFDM Testbed Description

Figure 3.5: Experimental set-up used for testing algorithm in real time environment

The implementation depicted in Figure 3.5 shows a workstation PC connected to

USRP via NI PXIe-PCIe8371 which can transfer data at throughput of 832 MB/sec. The

two USRP stations shown act as transmitter and receiver for GFDM system. Another

essential point is, work station PC will completely perform all baseband operations of

the transceiver. Parameters for testing real time prototype of GFDM are tabulated in

Table 3.2. In short, USRP reads the signal in IQ (Inphase Quadrature) representation
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Figure 3.6: Block diagram of the implemented GFDM System

from PC and performs digital to analog conversion before sending through transmitter

(TX1) antenna. The captured IQ samples from receiver antenna (RX2) of USRP are down

converted and sent to PC using PCI-Express card for compensation of channel effect.

Table 3.2: Parameters for Simulated and real time GFDM system

Parameter Value

Number of subcarriers 64

Number of subsymbols 5

CP length 8

Prototyping filter Root raised cosine

Filter roll off factor 0.9

Transmitter oversampling factor 2

Reciever oversampling factor 2

Capture time 4 ms

Transmitter sampling rate 4M

Zero pad length 8

Receiver sampling rate 4M

Transmitter gain 0db

Receiver gain 1db

Carrier frequency 2.4GHz
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3.9 Results and Discussions

We examine effect of CFO in two aspects for performance analysis of GFDM sys-

tems. Firstly we consider BER versus SNR curves to see its behaviour in simulations.

Later, we validate blind signal transmission by showing the transmitted and received

waveforms along with constellation diagram received in USRP for final reconstructed sig-

nals. Another advantage of the proposed method in practice is ease in the design of front

end filter. Since the proposed method uses twice oversampling, a relatively uncomplicated

analog filter can be utilized to circumvent the aliasing from high frequencies. However,

it is hard to have a analog filter which doesn’t allow certain frequency range but much

easier to an analog filter that reject high frequencies with oversampling. Hence, by using

the proposed method, an effective band limiting can be performed.

3.9.1 Simulation results
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Figure 3.7: MSE of CFO estimation for AWGN channel

Figure 3.7 shows the Mean Square Error (MSE) versus SNR for the proposed blind

CFO estimation for GFDM system. Here, it can be seen that, the MSE for the proposed

method fully exploits the intrinsic phase shift between neighbouring data samples of
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the oversampled GFDM symbols. The method operates near CRLB at usable values of

SNR i.e., at a typical SNR values greater than 6. Another interesting observation from

simulation results is, varying roll off factor of RRC doesn’t show much effect on the MSE.

In the Figure 3.8 for the purpose of comparison we have used the method proposed in
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Figure 3.8: MSE of CFO estimation for channel in [44]

[44] and the considered channel is following Rayleigh fading. In the transmitter, GFDM

system uses circular convolution mechanism with a flexible prototyping filter for avoiding

OOB emissions. On the other hand, this enforces non orthogonal nature to the system.

This non orthogonal nature adds self inter carrier interference to the system. In [44],

the authors employ the idea of correlation between CP and GFDM symbol for achieving

time and frequency synchronization at the receiver. The increase in self interference

results in ICI and degrades the performance of the ML estimator. However, the proposed

method is more reliable as in the Figure 3.8. This advantage is achieved due to reduction

of self interference with oversampling for GFDM system [24]. Additionally, [44] relies

on the concept of clean CP, i.e., by leaving the channel noise, the copy of the GFDM

signal must be present at the end. However, in multipath channel environments, ISI

from the previous GFDM symbol clearly modifies CP. Hence, the correlation between

CP and original GFDM symbol is destroyed leading to erroneous detection. As a result,
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Figure 3.9: Effect of Pulse shape factor on BER of GFDM system

MSE in CFO estimation increases. We can also see that, for the entire SNR range, the

proposed estimation algorithm performs better than the method proposed in [44]. Figure

3.9, illustrates the BER performance at ε = 0.5 by taking into consideration the effect

of roll-off factor α on GFDM system. It can be evidenced that, upon increasing the roll-

off factor α, the BER performance deteriorates. However, this is due to the fact that,

when α = 0.1, the prototyping filter emanates as the rectangular filter with reduced side

lobes. This approach follows the OFDM characteristics hence, yielding a better BER

performance. When α = 0.9 the performance is degraded due to the occurrence of more

side lobes which in turn lead to out-of band radiation.

3.9.2 Real time results

We will now analyse these algorithms in real time scenarios. The GFDM signal is

generated by using the parameters as mentioned in Table 4.4 is sent from host PC to

USRP in 16 bit resolution. USRP separates the signal into its in-phase and quadrature
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Figure 3.10: Transmitted in phase Data of GFDM signal

Am
pl

itu
de

 

1

-1

-500m

0

500m

Time (msec)
0.394-4.065758E-19 0.2

Figure 3.11: Transmitted quadrature phase Data of GFDM signal

phase (IQ) representation and up converts to specified carrier frequency of 2.4 GHz. IQ

signal representation for transmitted GFDM signal is depicted in Figure 3.10, 3.11. A

single data packet shown in the above figures comprises of 5 GFDM symbols of size 64

with a CP of 16 and a zero padding sequence of 4 bits at its start and end to differentiate

between packets. Since the signal is twice oversampled and sent at a sampling rate of

2M each packet is of duration 3.68 ∗ 10−4. A small delay in the start of the packet is

due to the processing delay in Transmitter USRP. We can observe difference in amplitude

of the signal which occurs due to circular protyping filter used in generation.This type

of filtering destroys the orthogonality present in the signal but the main advantage can

be seen from the spectrum of the transmitted signal which is depicted in Figure 3.14.

The spectrum shown has an minimum OOB of −46dB, because of the deeper side lobes

present in prototype filters. This characteristic of RRC filters makes it as a suitable
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Figure 3.12: Received in phase Data of GFDM signal
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Figure 3.13: Received quadrature phase Data of GFDM signal

prototype filter for scrambled spectrum applications. After these base band operations

RF up-conversion is done and transmitted over the air using the transmit antenna TX

USRP. The signal is distorted in indoor environment and received IQ signal after STO
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Figure 3.14: Transmitted spectrum
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Table 3.3: Observed experimental values in indoor environments at alpha=0.1

Parameter BER Estimated SNR Estimated CFO

AWGN at SNR=5dB 0.351768 2.40 dB 0.161358

AWGN at SNR=30dB 1.67E-06 29 dB 0.000981639

Multipath at SNR=5dB 0.367047 1.95dB 0.192362

Multipath at SNR=30dB 0.000228333 27.90dB 0.000116936

estimation is depicted in Figure 3.12,3.13. The STO estimator continuously performs the

maximization of summation for received samples and identifies the packet as shown in

Figure 3.6. We can clearly observe the decrement in amplitude due to channel distortion

along with time delay for reception of the packet. The zero padding which is inserted
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Figure 3.15: Received spectrum

to differentiate the packets after packet selection is removed and we consider packet to

mitigate channel misalignments. The spectrum of the received signal is depicted in Figure

3.15. Since the spectrum is dependent on the amplitude of the IQ signal we had amplitude

distortion in the received spectrum.

We considered the constellation diagrams for demonstrating the effect of CFO in

GFDM signals. The Figure 3.16, illustrates the transmitted constellation for GFDM sys-

tem employing 4-QAM modulation scheme. Figure 3.18, illustrates the effect of CFO on
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Figure 3.16: Transmitted constellation

Table 3.4: Observed experimental values in indoor environments at alpha=0.9

Parameter BER Estimated SNR Estimated CFO

AWGN at SNR=5dB 0.3909 2.36 dB 0.16908

AWGN at SNR=30dB 9.7E-05 28.90 dB 0.00101639

Multipath at SNR=5dB 0.3770 1.92dB 0.20602

Multipath at SNR=30dB 0.00064863 27.10dB 0.00015660

the transmitted constellation. It is evident from the figure, that the received constellation

has a circular shape. So, it is mandatory to enforce CFO estimation algorithm which is

proposed. Received constellation in Figure 3.17 reveals that the transmitted constellation

is seriously distorted.

This is due to the fact that, the obtained constellation is seriously affected with all

sorts of channel distortions namely amplitude and phase ambiguities. Hence, it necessi-

tates to impose the above mentioned algorithm to combat both channel effect as wells as

to ensure perfect estimation of CFO. Figure 3.19, shows the received signal constellation

after enforcing the blind CFO estimation algorithm which uses oversampling. It can be
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Figure 3.18: Effect of CFO constellation

viewed that, the effects of both channel and CFO are nullified. Hence, the received con-

stellation closely matches with the transmitted constellation. The observed experimental

values in indoor environments are tabulated below in Table 3.3 and 3.4. The real time re-
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Figure 3.19: Received constellation after correction

sults clearly ensures perfect estimation of CFO even in multipath channel environments.

Another important observation is, when α = 0.1, the RRC filter emanates to rectan-

gular filter, which improves the orthogonal characteristics and hence, yielding a better

BER performance. Hence, the roll off factor creates a trade-off between achievable PAPR

and BER performance. The perfection in the received spectrum validates the proposed

blind CFO estimation algorithm, which uses oversampling and doesn’t require any pilot

symbols.

3.10 Conclusion

In this work real time prototyping of the MGFDM system using windowed pream-

ble is performed and the spectrum characteristics of multitaper filters are investigated.

Additionally, we discuss an insight into impact of oversampling on jitter noise behaviour.

We observed significant improvement in the performance due to mitigation of jitter noise

power effect by oversampling in simulations and mathematical analysis. The second part

of the work presents various aspects in real time implementation of GFDM system by us-
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ing blind estimation of channel impairments. The intrinsic phase shift which has occurred

between neighbouring samples of the oversampled GFDM symbol is exploited for offset

estimation and correction. In noise less case we observed a straight forward reception

whereas it leads to ML estimate of CFO in the presence of Gaussian noise. The real time

results primarily focus on the time and spectral response using USRP hardware for in-

door channel environment. The comparison of BER analysis between GFDM with RRC

pulse shaping filter by varying the roll off factor is provided for the proposed method.

We concluded that, with usage of RRC filters with low roll off factor has high reduction

in BER. Eventually the proposed algorithm in this work combats both channel induced

distortions effects as well as effectively estimates the CFO. This kind of algorithm finds

its flexibility to be incorporated in modern 5G communication system.



Chapter 4

Reduction of complexity in GFDM-SLM system

OFDM is an efficient modulation technique in terms of implementation and is the

predominant physical layer technique for all the wireless and wired standards in the

present 4G technology. It used an unique idea of chunking the information into mul-

tiple smaller sets and has revolutionised the idea of multi carrier transmission. One of the

main advantages of this technique is simple implementation. This is achieved by using

DSP chips for implementing the FFT algorithms. This procedure immensely reduced the

cost and size of the transmitter. The deployment of smart phones with data-hungry appli-

cations will demand not only high speed but also low power since the battery life is limited.

Another way of seeing this problem is, 5G applications like IoT cannot afford the luxury

of high power amplifier. It is worth mentioning that, even for the traditional 4G mo-

bile communication using OFDM, PAPR is a potential barrier for uplink communication.

This forced the mobile user to perform frequent charging of their mobile phones. More

importantly, all the multicarrier techniques including GFDM are having multiple symbols

in time and hence is suffering from high PAPR. Though the PAPR of GFDM is much

less than OFDM, it is necessary to further reduce the PAPR in order to make the system

efficient for practical applications. Additionally, the flexible time-frequency grid structure

of GFDM requires highly adaptive complex procedures for modulation/demodulation as

a primary drawback for its implementation. We observe later in this chapter that, the

reduction in PAPR by using the non distorting schemes may increase the computational

complexity and bandwidth inefficiency. Hence, by applying the traditional PAPR tech-

niques to GFDM system further increases the complexity. This motivated the authors to
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reduce the complexity without much compromising on the BER and PAPR performance

as will be discussed in this chapter.

4.1 Introduction

The GFDM system consists of K subcarriers, with each corresponding to M time-

slots, amounting to N = K ×M elements in a complete block. The independent and

identical complex QAM modulated data which is to be GFDM modulated, is represented

with dm(k) where m = 0 · · ·M − 1 and k = 0 · · ·K − 1. Here d = [dT
0 dT

1 · · ·dT
M−1]

T

represents the grid of data symbols, where dm = [dm(0) dm(1) · · · dm(K − 1)] corresponds

to data on every subsymbol and T in the superscript represents the transpose operation.

To enable data detection in multipath environments, some data symbols are to be replaced

by pilots in each subsymbol of the GFDM block. After arranging Np pilots in the required

positions, a prototype filter g(n) which extends for a long length of MK can be selected

to perform circular convolution for avoiding OOB emissions. Transmitted GFDM signal

with the subsymbol processing methodology can be given by,

x(n) =
M−1∑
m=0

g〈n−mK〉N
K−1∑
k=0

dm(k)ej
2πkn
K

M copies of IDFT data

=
K−1∑
k=0

M−1∑
m=0

dm(k)g 〈n−mK〉N e
j 2πkn

K , (4.1)

where 〈.〉 represent the modulo operation utilized to obtain the GFDM signal x =

[x0 · · ·xMK−1] and n = 0, 1, · · ·N − 1. The matrix representation of the GFDM signal x

from our previous chapters can be given as,

x = Ad, (4.2)

The transmitter vector xcp is obtained as xcp = [x(MK − Ncp + 1 : MK); x] after

attaching Ncp at the start of the packet. The PAPR of the transmitted GFDM signal can

be calculated as,

PAPR {xcp} =
max {|x|2}

E{|x|2}
, (4.3)
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where E {.} represents the expectation, |.| involves in computing the magnitude of a

complex number and max represents the maximum of value. It is quite important to

observe that the usage of CP has no increment in PAPR since it is the part of the original

signal [58]. The PAPR reduction schemes can be broadly into three categories namely

distortion, coding and probabilistic which are detailed below:

• Distortion schemes distort the signal amplitude and achieve low PAPR. Clipping,

companding, active constellation extension are examples for these schemes. These

schemes are not practical since they effect the BER of the system.

• Coding schemes reduce the peak power by mapping the original sequence into a

longer length sequences and therefore will require look up tables at the receivers.

These are ideal for systems which are having few subcarriers and will result in high

computational complexity for rectangular grid structures like GFDM.

• Probabilistic methods like SLM and PTS are most befitting for PAPR reduction of

block structured systems like GFDM. We considered SLM technique in this work,

since it requires reduced computational complexity over PTS scheme to achieve

similar performance in terms of important performance metrics like ACLR and

BER.

4.1.1 SLM technique

The basic principle of SLM technique is to create a number of different GFDM

signal representations using data block and as name understandably suggests the sequence

which yields the minimum possible PAPR will be selected for transmission [59]. The steps

involved in SLM technique at the transmitter section are:

• The data block d will be multiplied with U non similar phase sequence vectors.

we denote the uth phase vector as φ(u), where u = 1, 2, ..........U . The uth candidate

GFDM vector can be obtained by multiplication of data block with the phase vector

φ(u) is denoted as x(u).

• Let the phase vector sequence φu(n) = exp(jαu(n)) for n = 0 · · ·N−1 is multiplied

with d as shown in Figure. 4.1
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• . The value of φu(n) is optimized iteratively in steps inorder to obtain lowest

possible PAPR for the GFDM signal.

All the computed U candidate signals indirectly show the same GFDM symbol but are

asymptotically independent of each other. The value of αu(n) represents the phase se-

quence values varies from 0 to π. Let φ̄(n) be the vector, which possess the lowest PAPR

and its GFDM signal is denoted with x̄. Hence, the optimized vector can be shown as

x̄ = arg min PAPR(x(u)). We know x̄ is also a GFDM signal, hence we can represent it

as,

x̄ = Ad̄, (4.4)

where d̄(n) = φ̄(n)d(n) is the data vector modified in the process of SLM technique.
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Figure 4.1: Block diagram for traditional SLM scheme

From (4.4) it can be understood that, the data detection can be possible by knowing

φ̄ exactly in the receiver. Hence, the phase vector φ̄ which yielded the lowest PAPR

is transported and is named as SI [62]. The main demerit of this technique is, it will

need an extra payload of log2U bits in the payroll data for SI transmission since it is not

tractable at both transmitter and receiver [70]. Additionally, in practical communication,

complex channel coding algorithms will be imposed in SI which further degrades the data

efficiency. The reason behind this operation is, wrong detection of SI information may

force the entire GFDM block into error.
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In SLM approach, one GFDM signal with lowest PAPR is selected from a set of

different candidate signals generated in the transmitter [59]. For generation of every

alternative signal, the data vector which is to be GFDM modulated, is modified by multi-

plying with a different phase sequence vector [60]. Later, the candidate signal is generated

by multiplying modulation matrix with its corresponding modified data sequence. As the

name suggests, the signal which has the lowest PAPR among all generated GFDM signals

is selected for transmission. The GFDM-SLM modulator suffers from two main problems

which are addressed in this thesis. The main issues are

• The first issue with SLM technique is, it requires a bank of modulation matrices to

generate the required set of candidate GFDM signals leading to high computational

complexity. Therefore, reduction in complexity can be achieved by minimizing the

number of alternative symbols. However, this scenario may decrease the PAPR

reduction gain. One can utilize few number of different sequence vectors U ≤ N in

order to reduce the complexity. But by decreasing U , SLM transmitter generates

less alternate forms of GFDM signals which may require sacrifice on PAPR reduction

gain. This scenario creates a trade-off between the achievable PAPR reduction and

computational complexity employing SLM technique. To address this issue, we

propose three methods to alleviate high complexity associated with GFDM-SLM

system in this chapter.

• In the conventional SLM technique, a combination of phase rotation vectors are

generated to obtain modified form of GFDM signals. Among them, the signal

corresponding to minimum PAPR is selected for transmission. As a result, the

phase sequence vector which is leading to low PAPR must be transmitted to the

receiver. This customary SI is necessary for detection of the exact payroll data and

it’s necessity in conventional methodologies reduces the throughput efficiency and

make the system unattractive for real time applications. Another idea to reduce

computational complexity is to restrict phase sequence vectors to a small number

i.e., U ≤ N and hence we can have the ability to check the SI by different algorithms

in the receiver but this process may compromise in PAPR reduction gain. In the

next chapter, a modified SLM architecture by using the advantage of non orthogonal

nature of GFDM system is proposed. The PAPR reduction is achieved by using the
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equispaced multiple pilots in every subsymbol which are associated with channel

estimation, whose implementation is quite different from the traditional SLM.

To overcome the high complexity of the GFDM-SLM modulator, three methods are

proposed in the following sections. The first method uses two GFDM signals and principle

of linearity to obtain different alternative representations. This method can effectively

generate alternative signals, but all the generated alternative signals are correlated with

each other. To combat this problem, the proposed method 2 uses a simple conversion

matrices for removing the correlations in proposed method 1. Ultimately, the proposed

method 3 inherits the advantages of the afore mentioned methods and uses an extra

shifting matrix to achieve trade off between PAPR gain and computational complexity.

The simulation results indicate that, when compared to conventional SLM scheme, the

first proposed approach has inferior PAPR reduction performance, where as second and

third proposed methods almost reach performance of conventional SLM scheme. In this

thesis, all the three modified SLM schemes for achieving lower computational complexity

than the traditional SLM scheme without considerable mitigation in PAPR reduction

gain. Each method is clearly described in the following subsections with corresponding

block diagrams.

4.1.2 Method 1

The proposed method 1 uses two GFDM signals and the concept of linearity to

obtain different phase sequence vectors. More importantly, the idea is to utilize available

phase sequence vectors for generation of many alternative GFDM signals. To illustrate,

let us consider x(a) and x(b) as two already known representations of the original GFDM

signal generated using conventional SLM scheme. Using the linearity property let us

define x(ab) as,

x(ab) = cax
(a) + cbx

(b)

= caA×φa◦ d + cbA×φb◦ d

= A× (caφa + cbφb) ◦ d, (4.5)
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where ca and cb are the complex numerical constants which are selected in the proposed

method to obtain alternative GFDM symbol representation. It is a traditional practice to

utilize binary or quaternary complex numbers {1,−1, j,−j} as elements in phase sequence

vectors [59]. Hence, it is compulsory for each element of the linear summation vector

(caφa + cbφb) to have unit magnitude since (caφa + cbφb) has to represent another valid

phase sequence vector. This scenario provides us an opportunity to use x(ab) as another

alternative GFDM signal. Hence, if we have x(a) and x(b), another GFDM signal x(ab)

can be generated without performing actual multiplication with the modulation matrix

A. With a careful inspection, we can observe the following conditions are to satisfied in

order to obtain a unit magnitude in phase sequence vector :

• Each element of φa and φb should take values as {1,-1}

• The numerical constants ca = ± 1√
2

and cb = ± j√
2
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Figure 4.2: Block diagram of modified SLM scheme for proposed method 1

Since the two alternate GFDM symbols using phase sequence vectors (±caφa + cbφb) will

have the same numerical value of PAPR, we have to ignore this combination. In order

to obtain unit magnitude for each element of the phase sequence vector, when φa and

φb are selected from {1,−1}, we are restricted to consider constants as ca = ± 1√
2

and

cb = ± j√
2
. The average power of the newly generated signal x(ab) is equal to one half of
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sum of average power of x(a) and x(b) because |c2a| and |c2b | is equal to half. Hence, we are

not increasing average power to accomplish PAPR mitigation. Considering a generalized

notation, from U independent binary phase sequences we can choose any two sequences,

so there are 2×
(
U
2

)
additional phase sequences in total. Hence a total of U2 sequences

can be generated as shown in Figure 4.2. For example,

• When U = 3, let us assume the known binary sequences are {φ1, φ2, φ3}. Then,

all the nine possible phase sequence vectors can be summarized as,

{φ1,φ2,φ3,φ1 ± jφ2, φ1 ± jφ3, φ2 ± jφ3}.

For a generalised representation, all the generated U2 alternative GFDM signals in set S

can be represented as,

S ={x(u)|1 ≤ u ≤ U2}

={x(u)} ∪
{

1√
2

(
x(a) + jx(b)

)}
∪
{

1√
2

(
x(a) − jx(b)

)}
1 ≤ a ≤ u ≤ b ≤ U. (4.6)

The GFDM signal with minimum PAPR among all generated alternatives from the set S is

transmitted along with its corresponding phase sequence vector denoted with φ̄. However,

it is important to note that, the newly generated phase sequence vector caφa + cbφb is

statistically correlated with φa and φb. Therefore, the PAPR reduction gain of the

proposed scheme declined with increase in value of U , when compared with conventional

SLM scheme. Another important point is, when M-ary signalling is used, an extra logM U

symbols must be allocated for transmitting the SI.

4.1.3 Method 2

The low complexity in SLM generation is achieved in proposed method 2 by deriving

a conversion matrix for generation of alternate signals. To illustrate this relationship, let

us consider x as original GFDM and x(u) as uth alternative signal. Then from SLM

approach we can deduce the following equations,

x = Ad, (4.7)

x(u) = ARud. (4.8)
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We can observe (4.8) is matrix representation for uth alternative GFDM signal where Ru

is phase rotation matrix for a phase rotation vector φu represented in diagonal form as,
φu(0) 0 · · · 0

0 φu(1) · · · 0

0 0 · · · φu(N − 1)

 . (4.9)

So from (4.7) we can deduce,

d = A−1x, (4.10)

where A−1 is the equivalent demodulation matrix for GFDM signal. Then we can simply

obtain the relationship between the alternatives and the original GFDM signals as,

x(u) = ARuA−1x. (4.11)

An interesting observation from (4.11) is that, the presence of Ru matrix differentiates

the alternatives of GFDM. In other words, another GFDM matrix can be obtained by

using a different phase rotation matrix. In this method, we define a conversion matrix

Tu = ARA−1 with a phase rotation matrix R and utilize it for generating additional

alternatives. Since already generated GFDM signal x is utilized for calculating alternative

signals, the proposed idea will obtain high reduction in computational complexity. In [71],

authors proved A is block circulant in nature hence we can consider Tu is also block

circulant. Therefore, we can represent Tu in the following manner,

Tu =


tu

(0) tu
(M−1) · · · tu

(1)

tu
(1) tu

(0) · · · tu
(2)

...
...

. . .
...

tu
(M−1) tu

(M−2) · · · tu
(0)

 , (4.12)

Here every tu
(m) is a K ×K matrix. It is important to note that, the first K columns of

Tu can be obtained by multiplication of modulation matrix A with φu [71]. By using the

block circulant matrix properties the full matrix can be constructed after obtaining first

K elements. This is a mandatory condition since we intend to achieve low complexity

without disturbing the system design. For example,

• Let us consider a simple conversion matrix obtained by using a repeated phase

sequence vector φu of the form [1 j 1 j · · · 1 j 1 j]. The φu is repeated with



Pulse Shaping and PAPR reduction techniques to GFDM 95

a period of 2 to satisfy matrix multiplication conditions. The R matrix can be

constructed corresponding to repeated phase sequence vector φu for generation of

alternate signals. The proposed matrix will work perfectly without disturbing the

flexible properties of GFDM.

• For a GFDM system with N = 8, if we consider M = 2 and K = 4 the conversion

matrix Tu will be of the below form,



1− j 0 1 + j 0 0 0 0 0

0 1− j 0 0 0 0 0 1 + j

1 + j 0 1− j 0 0 0 0 0

0 0 0 1− j 0 1 + j 0 0

0 0 0 0 1− i 0 1 + j 0

0 0 0 1 + j 0 1− j 0 0

0 0 0 0 1 + j 0 1− j 0

0 1 + j 0 0 0 0 0 1− j



, (4.13)

• when M = 1 and K = 8 the conversion matrix Tu will simulate the behaviour of

OFDM as shown below,

1− j 0 0 0 1 + j 0 0 0

0 1− j 0 0 0 1 + j 0 0

0 0 1− j 0 0 0 1 + j 0

0 0 0 1− j 0 0 0 1 + j

1 + j 0 0 0 1− i 0 0 0

0 1 + j 0 0 0 1− j 0 0

0 0 1 + j 0 0 0 1− j 0

0 0 0 1 + j 0 0 0 1− j



. (4.14)

We can observe from (4.13) and (4.14) and make the following conclusions

• The block circulant nature of Tu matrix is undisturbed with multiplication of peri-

odic phase sequence vector

• Number of non zero elements in every row is equal to 2 for any number of subsymbols
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Figure 4.3: Block diagram of modified SLM scheme for proposed method 2

Hence by multiplication with Tu we can obtain another GFDM signal with less complex-

ity. The Figure 4.3 represents the modified SLM transmitter with double the number

of GFDM candidate signals. We can simply remove half modulation matrices and use

the conversion matrix to generate candidate GFDM signals. The proposed method is

clearly depicted in Figure 4.3, where we can observe U GFDM symbol representations

generated using the traditional SLM method are used for obtaining another U sym-

bols. For example, let x(a) be an alternative generated using traditional SLM scheme

with a initial phase of Ra. The phase sequence vector of its corresponding alterna-

tive symbol is RRax, where R is the proposed phase rotation matrix. Thus, the com-

plexity of GFDM signal generation can be reduced to half with same number of dif-

ferent candidate signals in conventional SLM method. Hence by employing proposed

method 2 much reduction in complexity can be achieved. Now coming to the design

of the phase sequence vector, we can try different combinations from the set {±1 ± j}

for the phase sequence vector with period 2 with compulsion of one real and imaginary

component. The list the other 8 other possible values periodic phase sequence vector

are {{1, j}, {1,−j}, {−1, j}, {−1,−j}, {j, 1}, {j,−1}, {−j,−1}, {−j,+1}}. We consid-

ered using phase sequence vector of period 2 in this work, if increase in period of the

phase sequence φu is desired then sophisticated designs are to be considered for the de-

sign of conversion matrix to make it compatible for flexible block structures systems like

GFDM.
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4.1.4 Method 3

The concept of linearity has led to PAPR reduction in method 1, where the coef-

ficients are selected to avoid complexity multiplications. This fundamental idea reduced

the complexity of the SLM technique to a large extent. We can consider method 2 as an

extension of method 1, since we borrow the idea of low complexity from linear summation

and utilize GFDM block structure to further improve the PAPR reduction performance.

To illustrate this idea, let us rewrite the matrix Tu in complex notation as,

Tu = <{Tu}+ j={Tu} (4.15)

where < and = represent the real and imaginary parts of the conversion matrix Tu, which

are also block circulant. By substituting (4.15) into (4.11) we obtain,

x(u) = <{Tu}x + j={Tu}x. (4.16)

If you compare (4.5) in method 1 with (4.16), we can clearly observe a circulant matrix
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Figure 4.4: Block diagram of modified SLM scheme for proposed method 3

is placed in method 2 in the place of numerical constants of method 1. This lead to

decrement in correlations and in turn yields improvement in PAPR performance. Another

important observation is, a single GFDM signal is used for the generation of alternative

symbols in method 2 where as method 1 selects two symbols from U candidate signals.

In short, the main advantage of method 1 is generation of alternatives but there may be

correlation between them. The second method cannot generate many alternatives but can

provide signals which are uncorrelated. The method 3 uses the advantages of the former
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methods and utilize the block matrix properties of A in [71] for improving the method

2. The primary idea of the method 3 is, shifting the conversion matrix Tu in regular

intervals and using it for the generation of additional alternative signals. It is important

to note that, the only condition in shifting is, the resultant matrix should not disturb

the block circulant structure. The obtained matrices from their shifted versions wouldn’t

have much correlation between them and hence PAPR performance of the method 3 will

be better than method 1. For detail description of the method 3, let us define x(ui) as,

x(ui) = Ei × (<{Tu}x + j ×={Tu}x) . (4.17)

Ei is a shifting matrix defined as,

Ei =

zeros(N − i, i) IN−i

Ii zeros(i, N − i, )

 , (4.18)

where Ii represents identity matrix of dimension i × i and zeros is representing a grid

of rectangular zero matrix with indices representing number of rows and columns re-

spectively. The introduced Ei in (4.17) will aid us to increase the number of alternative

symbols. The effectiveness of the algorithm 3 lies in design of Ei which results shifting and

provides us chance to generate many alternative symbols by varying i as integer multiples

of K as {0 K · · ·K(M − 1)}. In fact, method 3 only increases the number of alternative

representations of method 2 by using the block circulant properties. In method 2, we used

the conversion matrix R to obtain alternative signals with different values of PAPR with

less correlation. It is important to note that, the Ei matrix is a circulant matrix and hence

by multiplying Ei with R will not disturb the block circulant nature of the newly gener-

ated signal. Finally, for generalised representation, we can obtain M alternative symbols

with phases represented as Ei ×RRu when i varies as {0 K · · ·K(M − 1)}. The block

diagram is shown in the Figure 4.4. Hence, the method 3 decreases the computational

complexity by increasing the number of alternatives of method 2. The detailed PAPR

analysis and computational complexity for all the schemes is done in the next section.

4.2 Results

The SLM technique requires a bank of modulation matrices to generate a set of

candidate GFDM signals which leads to high computational complexity. In order to
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reduce the complexity, the number of alternative symbols has to be minimized. In this

work, we proposed three methods to alleviate high complexity associated with GFDM

system. We consider PAPR performance and computational complexity as performance

metrics for comparison between proposed methods and the conventional SLM scheme.

To evaluate the PAPR performance of the GFDM system, we utilize complementary

cumulative distribution function (CCDF), which is the measure of probability of a PAPR

value exceeding a threshold level. The number of different phase vectors multiplied with

original GFDM symbol is represented by U and the simulations are performed for all the

proposed methods using Labview software of National Instruments. The parameters used

for simulation are tabulated in Table 4.1.

Table 4.1: Parameters for simulated GFDM system

Parameter Value

Number of sub carriers 64

Number of sub symbols 4

CP length 8

Prototyping filter Root raised cosine

Filter roll off factor 0.9

4.2.1 Simulation results

The PAPR comparison of proposed method 1 with conventional scheme is illustrated

in Figure. 4.5. We can observe the PAPR of the method 1 is higher than the traditional

SLM scheme due to existence of correlations between the generated symbols. However,

as the number of different phase sequence vectors U increase from 8 to 16 a significant

reduction in PAPR can be observed. At a CCDF of 10−4 the GFDM system has a PAPR of

11.8 dB while, SLM technique for U = 9 and U = 16 has 7.9 dB and 6.8 dB as its PAPR

values, whereas, the proposed method 1 has 8.5dB and 7.4 dB respectively. However,

when compared with the conventional GFDM system, PAPR is reduced significantly by

an amount of 3.3 dB. Even with the presence of correlations, we observe a significant

PAPR reduction of 0.9 dB upon increasing the number of phase sequences from U =
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Figure 4.5: PAPR performance of the proposed method 1

8 to U = 16. The PAPR performance of the proposed method 2 is depicted in Figure

4.6, where we generate the phase rotation matrix of alternate symbol using a conversion

matrix. From the figure it is clearly evident that, the performance of the method 2

closely matches with the conventional SLM scheme. In Figure 4.7, method 3 has almost
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Figure 4.6: PAPR performance of the proposed method 2

same performance as traditional SLM scheme with same number of phase sequences.

From inspection, we can draw a conclusion that, by using the proposed idea of cyclic

shifts the computational complexity can be reduced without much compromise in PAPR

reduction performance. The Figure 4.8 shows the comparisons between the three proposed
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Figure 4.7: PAPR performance of the proposed method 3

methods. We can conclude that, the performance of the method 1 is inferior to that of

other two methods at any arbitrary number of phase sequence vectors. Another interesting

observation is, proposed method 2 delivers similar performance of method 3 at U = 8 but

the performance deteriorates as the U increases. However, we conclude proposed method

3 as the best method since it has very less complexity when compared with method 2

and is an effective solution for trade-off between PAPR performance and computational

complexity in the next subsection. The effect of varying the roll off factor alpha of the
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Figure 4.8: Comparison of PAPR performance between proposed methods

pulse shaping filter for the proposed technique is illustrated in Figure. ??. The figure
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evidences that upon increasing the roll off factor from 0.1 to 0.9, the PAPR reduces

significantly in all the techniques. This is valid because, at a roll off factor of 0, the pulse

shaping filter approaches the rectangular filter whose PAPR is higher. This can be clearly

inferred from the figure, for roll off factor alpha = 0.9, at a CCDF of 10−3, the attained

PAPR is 7.8 dB, 6.7 dB for U = 8 and 16 for the SLM-imposed GFDM system. Whereas,

at the same CCDF, for the same roll-off factor, and for the same set of phase sequences,

the achievable PAPR is 7 dB and 8 dB for the proposed technique.

The Figure 4.9 shows the effect of roll off factor alpha on PAPR performance of the

GFDM system employing method 3. It is evident that, upon increasing the alpha from

0.1 to 0.9 the PAPR is reduced by a significant amount. This is because, at a roll off

factor of 0.1 the RRC filter approach to rectangular nature whose PAPR is high. It can

be inferred from figure that, at an alpha=0.9 and CCDF of 10−4 the PAPR is 7.9 dB,

6.8 dB for U = 8 and 16 for conventional SLM-GFDM system, whereas at same value of

CCDF and roll off factor 0.1 the achievable PAPR is 8.2 dB and 7.1 dB.
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Figure 4.9: Effect of roll off factor on PAPR performance

4.2.2 Complexity analysis

In this work, we consider computational complexity of PAPR reduction schemes

in terms of complex multiplications (CM) and complex additions (CA). Without loss in

generality, we assume equal number of alternative symbols and compare computational



Pulse Shaping and PAPR reduction techniques to GFDM 103

complexity of the three proposed methods. The computational complexity reduction ratio

(CCRR) is defined as ratio between complexity of proposed scheme to the conventional

SLM scheme

CCRR =

(
1− complexity of proposed scheme

complexity of the conventional SLM

)
× 100 (4.19)

The computational complexity involved in computation of SLM scheme which generates U

alternatives is U(N log2M +N +N× log2MK), where N is the size of the GFDM symbol.

Since in the conventional SLM scheme, the transmitter needs to generate U different

candidate signals the calculated complexity is multiplied with a factor of U . We need

an additional NU CM for the search of peak power among U alternative GFDM signals.

Hence a total number of U(N log2M +N +N × log2MK) +NU CM are required for the

conventional SLM scheme. Additionally, we require 2U(N log2M +N +N × log2MK) CA

for the generation of U alternatives. In the proposed scheme 1, the amount of reduction

in computational complexity can be achieved from generation of additional U −
√
U

alternative GFDM signal sequences from already known
√
U alternative GFDM signal

sequences without actual multiplication with modulation matrix. Hence, the complexity

of initially known
√
U alternate sequences remains the same and to generate extra U−

√
U

sequences we require an extra N(U −
√
U) CA.

We have proposed a low-complexity conversion matrix R in proposed method 2

to replace half the modulation matrices in the conventional SLM approach. These con-

versions use one GFDM signal to produce another signal without actual multiplication.

Hence for generation of U alternative signal we require U/2 GFDM signal initially. To

generate remaining U/2 matrices in proposed method 2 we require zero CM and 3N CA

without any dependence on number of subsymbols. Hence, the computational complex-

ity is high as it lacks in generation of number of alternatives. The proposed method 3

we require U/2M GFDM signals for obtaining U GFDM representations. Additionally,

the introduced circulant matrix Ei will require N multiplications and can generate M

alternative signals. The complexity comparison of all the proposed schemes are shown in

Table 5.1 and 4.3.

The complexity involved in CM is very high when compared with CA. The proposed

method 3 not only has good PAPR reduction gain as shown in Figure. 4.7 but also contains

low complexity among all the methods. From simulation results in previous section, we
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Table 4.2: Number of complex multiplications for all the proposed methods

Method CM

Conventional method UN(log2M + log2MK + 2)

Proposed method 1
√
UN(log2M + log2MK + 1) + UN

Proposed method 2 UN
2

(log2M + log2MK + 3)

Proposed method 3 UK
2

(log2M + log2MK + 1) +NU

Table 4.3: Number of complex additions for all the proposed methods

Method CA

Conventional method 2UN(log2M + log2MK + 1)

Proposed method 1
√
UN(2log2M + 2log2MK + 1) + UN

Proposed method 2 UN(log2M + log2MK + 4)

Proposed method 3 UK(log2M + log2MK + 1) + 3UN

Table 4.4: Comparison of complexity between proposed methods

Method CM CA CCRR (CM) CCRR (CA)

Conventional (U=16) 49,152 90,112 - -

Proposed method 1 (U=16) 15,360 25,600 68.75 71.59

Proposed method 2 (U=16) 26,624 57,344 45.83 36.36

Proposed method 3 (U=16) 9,728 23,552 80.20 73.86

found the method 2 outperforms the method 3 at high values of U . However, we can

observe that at a fixed U = 16 the proposed method 3 is having CCRR of 80.20 which is

1.65 times the proposed method 2. This indicates the high computational complexity of

method 2 when compared with proposed method 3. Hence, we can conclude the proposed

method 3 is effective solution for trade-off between PAPR performance and computational

complexity.
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4.3 Conclusion

In this work, we have proposed three modified SLM schemes for reducing high

computational complexity of GFDM system. The proposed methods use the concepts

of linearity, conversion matrix and shifting matrix by retaining the PAPR performance

when compared with conventional SLM scheme. Since the CCRR increases with increase

in number of phase sequences, all the proposed schemes are efficient and can be used in

practical implementations of GFDM system depending on application. The effect of roll off

factor on PAPR is provided for GFDM system with RRC as prototyping filter. We inferred

from simulation results that, high roll off factor for RRC filters results in significant

reduction in PAPR. Therefore, the proposed methods can make the GFDM system as an

attractive physical layer waveform for the envisioned 5G applications. Depending on the

choice of U , SLM transmitter generates U alternate forms of GFDM signals which may

have different values of PAPR. It is to be remembered that, the computational complexity

linearly increase upon increasing value of U . This scenario creates a trade-off between the

achievable PAPR reduction and computational complexity employing SLM technique.



Chapter 5

Joint channel estimation and side information

estimation for GFDM systems

As discussed in the previous chapter, in the conventional SLM technique, a combi-

nation of phase rotation vectors are generated to obtain modified form of GFDM signals.

Among them, the signal corresponding to minimum PAPR is selected for transmission.

As a result, the phase sequence vector which is leading to low PAPR must be transmit-

ted to the receiver. It’s necessity in conventional methodologies reduces the throughput

efficiency and make the GFDM system unattractive for real time applications. In this

chapter, authors implement a real time prototype of the GFDM system focussing on

PAPR reduction and channel estimation using USRP. The idea of this contribution is to

use the pilots associated with channel estimation for performing joint channel estimation

and PAPR reduction. To address the practically encountered challenges, a modified SLM

architecture by using the advantage of non orthogonal nature of GFDM system is pro-

posed. The PAPR reduction in the proposed method is done using equispaced multiple

pilots in each subsymbol, whose implementation is quite different from the traditional

SLM. The primary difference is that the latter is a pilot-aided data decoding scheme

with a self-channel mitigation mechanism which requires no SI estimation and only re-

quire pilots which are conventionally associated with channel estimation. To demonstrate

the effectiveness of the proposed method, the metrics like PAPR and BER is evaluated

and compared with the traditional SLM based GFDM that assumes perfect estimation of

SI. Though there is a little compromise in PAPR reduction, the main advantage of the

proposed method is reduction in complexity and achievement of blind SI estimation.
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5.1 SLM technique

The fundamental idea of SLM technique is to produce different possible representa-

tion for the original GFDM signal representations and it can be easily interpreted from

the name that, the symbol which yields the minimum PAPR among all shall be selected

for transmission. We shall describe the GFDM SLM transceiver section below in detail.

5.1.1 Transmitter

The steps involved in SLM technique at the transmitter section are detailed in the

previous chapter. In short,input data block d is multiplied with U non identical phase

sequence vectors. Let φ̄(n) represent the vector which yields the minimum PAPR and

its corresponding optimized GFDM signal is represented with x̄ i.e., mathematically, the

optimized vector can be represented as x̄ = arg min PAPR(x(u)). since x̄ is another GFDM

signal, we can rewrite it as,

x̄ = Ad̄, (5.1)

where d̄(n) = φ̄(n)d(n) is the modified data vector. From (5.1) it is clearly evident that,

the successful recovery of data is possible by having φ̄ correctly known at the receiver.

5.1.2 channel

The multipath channel with its coefficients h = [h0, h1, · · ·hL−1] extending for a

length L where hi is the complex baseband coefficient of i + 1 path. We considered

a complex Gaussian channel with circularly symmetric nature. we assume that all the

coefficients of multipath components are uncorrelated with each other. The received signal

ycp is given as,

ycp = h ∗ x̄ + w. (5.2)

where ycp is of dimension Ncp +N +L− 1 and w is the AWGN channel with its variance

of σ2
w.
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5.1.3 Receiver

At the receiver, to remove the effect of multipath components the first Ncp and last

L−1 samples are removed from the received data packet, i.e, y = ycp(Ncp+1 : Ncp+MK) is

selected for performing the demodulation. we utilize ZF receiver for data detection which

is mathematically formulated as,

B = (AHA)−1AH, (5.3)

Here B is the GFDM demodulation matrix. Finally, the demodulated output is given by,

Z = φ∗ ·By, (5.4)

where y in (5.4) is the data after the removing the guard interval. The φ∗ is computed

in the receiver by using the transported SI.

5.1.4 Channel estimation

In order to perform channel estimation, Np pilots are adjusted in the data vector

before convolving with prototype filter. Let us represent the Hp as the estimated channel

response of pilot symbols, Zp shows the pilots affected by the channel and xp are the

pilots inserted at the transmitter. Then we can obtain the estimated channel as,

Hp = x−1p Zp

=

[
Zp(0)

xp(0)
,
Zp(1)

xp(1)
· · · , Zp(Np − 1)

xp(Np − 1)

]
. (5.5)

For computing the complete channel response by using the channel coefficients Hp, we

use the concept of linear interpolation. Hence, actual data symbols can be obtained in

the receiver by equalizing the demodulated with the interpolated channel response in the

frequency domain.

5.2 Proposed method

We can observe that the compulsion of SI transportation led to reduction the

throughput efficiency and make the GFDM system displeasing for 5G applications. The
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Figure 5.1: Modified GFDM-SLM modulator for the proposed method

fundamental principle of SI estimation for the proposed method is to use the pilots of the

GFDM signal for performing joint SI and channel estimation. The pilots in the original

GFDM system can be inserted with interleaving in practical systems for gaining the ad-

vantage of coherent detection. In the proposed method, we use the pilot symbols with

even spacing in transmitter, where P is the space between the pilots. Hence, the total

pilots in the GFDM symbol are Np = N/P and data will be present in N − Np indices.

For instance, when Np = 2M , on in the other way, let every subsymbol shall contain two

pilots as shown in Figure. 5.1. This modification in the conventional SLM-GFDM archi-

tecture will provide us the opportunity to achieve the joint estimation. For the suggested

equal pilot spacing for the subsymbols the arrangement in the data will be as,

dm(n) = d(mM + n) =

dm(no) = d(mM + no)

dm(nd) = d(mM + nd).

(5.6)

Since we are considering two pilots for explaining the algorithm, let ne and no denote the

indices for the first and second pilots in each subsymbol and nd is the data symbols. From

(5.6), we use d and dm interchangeably whenever required. The subsymbol data in its

polar form can be represented as,

dm(n) = Am(n)exp(jθm[n]), (5.7)

where Am and θm are the magnitude and phase components of dm.

This polar representation is shown to utilize a common phase component in the

process of SLM technique for all the subcarriers of a subsymbol. In other words, in the
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proposed method we will update the phase on a subsymbol randomly by optimization.

To detail, we perform phase modulation on subsymbol-to-subsymbol basis instead of

sample-to-sample basis. By using the idea of SLM technique, the pilot subsymbols by

the suggested arrangement on every subsymbol are rotated to minimize the PAPR of

the GFDM block. This phase modulated subcarriers will need at least two pilots among

them and a different phase can be assigned for different subsymbols. Since the pilots are

equispaced, the locations of the pilots are easily known at the receiver. This will aid us in

subsymbol based demodulation and hence justifying the concept of joint SI and channel

estimation. Since we are using the pilots associated with channel estimation for performing

the SI estimation we can achieve this without compromise in PAPR reduction. The only

difference with the traditional method is that, the applied phase sequences are to be

restricted to have same phase shift for all set of subcarriers in a subsymbol. Therefore, the

proposed method effectively handles the main disadvantage of SLM technique mentioned

in the previous section i.e., compulsion of SI transmission. Improper SI detection not only

effects the PAPR reduction gain but also results in erroneous data detection. The central

novelty of the proposed method lies in taking the advantage of flexible nature of GFDM

to address the issues associated with traditional SLM technique. The main advantages of

the proposed method lie in its effectiveness, as it does not require any SI estimation at

the receiver side which will be described in detail below

5.2.1 Transmitter

For implementing the proposed method, we consider a subsymbol m will have the

phase sequence vector represented as Θm. Just like the traditional method, the phase

sequence vector is obtained by optimizing Θm from 0 to π. Hence, before modulation,

data on each subsymbol is multiplied with the optimized Θ̂m as,

λm(n) = dm(n) exp(Θ̂m)

= Am(n)exp(jθm[n] + Θ̂m). (5.8)

From (5.8), it can be inferred that all the subcarriers in mth subsymbol are with

the identical phase value. For the optimized phase sequence vector, the GFDM signal
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is obtained by multiplying the λm with the modulation matrix A. As in the traditional

method all the operations like adding CP must be performed.

5.2.2 Receiver

The received vector Ẑ after performing product with the demodulation matrix can

be simplified as,

Ẑm(n) = Hm(n)λm(n) + wm(n)

= Hm(n)dm(n) exp(Θ̂m) + wm(n). (5.9)

The Hm(n) is the channel attenuation of the subsymbol m, which can be termed as a

channel applied on every sample of a subsymbol. The indices ne, no of the first and second

pilot in every subsymbol while the nd is used for the data symbols. For Np = 2M , the

subchannel estimate of pilots Ĥm(ne) and Ĥm(n0) for a subsymbol m can be evaluated

as,

Ĥm(ne) = Ẑm(ne)/dm(ne)

=
(
Hm(ne)dm(ne) exp(Θ̂m) + wm(ne)

)
/dm(ne)

= Hm(ne) exp(Θ̂m) + ŵm(ne), (5.10)

where ŵm(ne) = wm(ne)/dm(ne) is shows the effect of noise. On the next pilot this

operation would be simplified as,

Ĥm(no) = Ẑm(no)/dm(no)

=
(
Hm(no)dm(no) exp(Θ̂m) + wm(no)

)
/dm(no)

= Hm(no) exp(Θ̂m) + ŵm(no), (5.11)

where ŵm(no) = wm(no)/dm(no). At high SNR after neglecting the effect of subchannel

coefficients can be reduced as,

Hm(no) ≈Ĥm(no) exp(Θ̂m)

Hm(ne) ≈Ĥm(ne) exp(Θ̂m). (5.12)
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SI cancellation

We found the subchannel coefficients in the previous section. Now we further utilize

one the channel estimates obtained in (5.12) for cancelling the Θm of every subsymbol.

We denote Hm(ne) of a subsymbol for performing the data estimation as follows,

Zm(nd) = Ẑm(nd)/Hm(ne)

=
(Hm(nd)dm(nd) exp(Θ̂m) + wm(nd))

(Hm(ne) exp(Θ̂m) + ŵm(ne))
. (5.13)

After neglecting the noise by assuming high SNR the detected data Zm(nd) reduces into,

Zm(nd) ≈
Hm(nd)

Hm(ne)
dm(nd)

≈ Rm(nd)dm(nd). (5.14)

The approximation in (5.14) is justifiable and the term Rm(nd) is representing the nor-

malized sub channel with respect to the ne pilot of the subsymbol. If we can determine

Rm(nd) where nd is representing the data symbols we can obtain the data symbols. The

Rm at ne index i.e., Rm(ne) is Hm(ne)
Hm(ne)

which can be considered to unity at high SNR. The

Rm in the case of no indexed pilot Rm(no) of every subsymbol shall be of the form,

Rm(no) =
Hm(ne) exp(Θ̂m) + wm(ne)

Hm(no) exp(Θ̂m) + wm(no)

≈ Hm(ne)

Hm(no)
. (5.15)

We can observe from the above equation (5.14) that SI cancellation is inherently present

in the proposed method since Θm is unique for subsymbol. We can also observe that

SI cancellation is present in both the numerator and denominator. Hence, the advan-

tage of the proposed method lies in data estimation without either SI transmission or SI

estimation.

Channel mitigation

Another important claim in the proposed method is the channel mitigation. It is

well known that the traditional methods perform the channel estimation by interpolating

the channel coefficients obtained from pilot symbols. The proposed method alleviates the
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effect of Rm(nd) of each subsymbol. Like traditional method, Rm(nd) is obtained by in-

terpolation between the subchannel at the both pilots Rm(ne) and Rm(no) corresponding

to the ne and no indices of a subsymbol m which is denoted with R̂m(nd). The estimated

data Z̄m(nd) can be given by,

Z̄m(nd) = Zm(nd)/R̂m(nd)

= Rm(nd)dm(nd)/R̂m(nd). (5.16)

The standard minimum Euclidean distance algorithm is implemented for QAM demodu-

lation of data on every subsymbol. The estimated data can be given as,

d̂m(nd) = min
cq∈Q
|Z̄m(nd)− cq|2, (5.17)

where Q is the set containing the constellation points cq for 1 ≤ q ≤ Q. d̂ ∈ Q is denoting

the estimated data. The effectiveness of the proposed algorithm lies in choosing the value

of Np whose increment provides better channel estimation accuracy.

5.2.3 Results and discussion

The setup developed in the 1.8 is used for validating the concept of joint SI and

channel estimation. The steps of implementation are shown in Figure (5.2).
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Figure 5.2: Block diagram of the GFDM transceiver system with National instrument

USRPs

Initially, we present the simulated results which shall be validated using the devel-

oped test bed. The performance of the GFDM system in terms of PAPR is generally
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done by computing it’s complementary cumulative distribution function (CCDF). CCDF

is a measure of the probability of a PAPR value greater than a threshold. We use U for

showing different number of phase vector vectors in a GFDM symbol and the CCDF curve

obtained in simulations by comparing with the conventional SLM scheme is illustrated in

Figure. 5.3. It is understandable from the figure that the PAPR performance of the pro-

posed method is slightly worse than the traditional SLM scheme since the number of pilot

symbols are restricted to 2M . Additionally, when U is increased from 8 to 16, significant

PAPR reduction can be observed. Even when Np = 2M , the performance of the proposed

method is much better than the original GFDM system. At a threshold CCDF of 10−3,

the conventional GFDM system has a huge PAPR of 10.8 dB while, SLM technique for

U = 8 and U = 16 have a PAPR of 7.7 dB and 6.6 dB, whereas, the proposed technique

results in a PAPR of 7.8 dB and 6.8 dB at U = 8 and U = 16 respectively. On comparison

with conventional GFDM system, PAPR is reduced significantly by an amount of 3.2 dB.

In addition, upon increasing the number of phase sequences from U = 8 to U = 16, PAPR

reduction of around 1.1 dB is observed. Figure. 5.4, clearly depicts the advantage of in-

creasing the number of pilot symbols from Np = 2M to Np = 4M as there is a significant

reduction in PAPR in the proposed technique. But, this is at the cost of reduction in

data efficiency. However, the obtained results closely follows the SLM technique.
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Figure 5.5: BER of traditional and proposed method in GFDM system in multipath

channels

The reason behind the proposal of pilot aided based PAPR reduction methodology

is to obtain not only PAPR reduction but also to effectively estimate the multipath time

varying channel. So, in this regard, simulations are carried to obtain the performance of

the system upon imposing channel estimation techniques. This is shown in Figure. 5.5,

upon increasing the roll off factor alpha from 0.1 to 0.9 the BER performance deteriorates.

It can be inferred from the results that, though GFDM is fundamentally non-orthogonal

in nature the improvement in BER by decreasing alpha is due to the fact of improvement
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in orthogonality. This improvement in BER may require a sacrifice in the achievable

PAPR as depicted from Figure. 5.5, where the proposed method produce identical BER

performance without requirement of any SI estimation. As a consequence, the proposed

method may be considered as an effective alternative method to the conventional SLM-

GFDM with the benefit that there is neither SI transmission nor SI detection.

The transmitted signal is captured by RX USRP as a constant stream of data from

the air. RX USRP discards the incoming samples until the start of the data packet is

detected by the energy detection algorithm, i.e., initial symbol detection will be performed

after a reception of significant energy as shown in Figure. 5.2. The GFDM frame is

prepended with an windowed preamble to perfrom coarse frequency correction by schimdl

and cox algoritm to complete the synchronization [41]. The preamble in the header of the

packet can be removed after correction of the initial coarse frequency offset. The indoor

RF channel is often assumed to have slowly time varying nature. The concept of slow time

varying means, the channel doesn’t change during the real time measurement of its impulse

response. The intention of authors in showing real time response is, the channel response is

not destroyed by the proposed algorithm and it effectively reduces the PAPR performance

as presented in simulation results. we have used correlation algorithm for determining the

real time channel response [41]. Experimental results are analysed in terms of OOB control

and estimated channel response using the developed testbed. These results only validate

the proposed algorithm: the concept of joint data detection and PAPR reduction in indoor

channel environments. The transmitted spectrum is shown in Figure. 5.6 where a OOB

radiation of −46 dB has been observed. This advantage is achieved because of usage of

prototype filter which performs localization in time and frequency. As a result, every

subcarrier we would experience reduction in egress noise. This makes GFDM adaptable

in scrambled spectrum applications like cognitive radio which was the major concern

in OFDM systems [72]. The Figure. 5.8 depicts the received spectrum after enforcing

traditional synchronization and proposed channel estimation algorithm suggest that the

system performance is not destroyed. Despite of the non-orthogonal nature of GFDM,

the received spectrum has not lost its shape, hence validating the effectiveness of the

proposed algorithm. However, the spectrum is diminished in amplitude and frequency

due to the indoor channel variations. The frequency response of the channel estimated

by interpolation of the subchannels is depicted in Figure. 5.7 . The observed channel is
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Figure 5.6: Transmitted signal spectrum from transmitter USRP
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Figure 5.8: Received spectrum from receiver USRP

obtained when signal of frequency 2.4Ghz and the attenuation in magnitude introduced

by indoor channel are measured as a function of frequency. We evidenced a bandpass

nature over a bandwidth of range 50MHz. This primarily occurs due to reason that

indoor channel exhibit a narrow band nature with flat frequency response.

5.3 Proposed method 2

The choice of phase sequence vector makes a significant impact on achievable PAPR

reduction gain. In our first contribution of this chapter, SLM technique was implemented

by using phase sequences which are randomly generated from the set {+1,+j}. The

contribution of this method is to remove the need of SI transmission and further improve

the PAPR reduction capability and bandwidth efficiency for SLM-GFDM system. To

achieve this goal, we introduce the usage of the rows of normalised Riemann matrices

as the phase sequence vectors for traditional SLM technique. The phase sequence in

literature, often contain same magnitude but by using the rows of Riemann matrix we have

some number of components with larger magnitude. This will aid in nullifying unwanted

peaks and can facilitate better PAPR reduction gain. The optimal row vector of Riemann

matrix is superimposed on the original data signals to avoid the SI transmission. To

validate the proposed concept of PAPR reduction with no SI transmission, authors have
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implemented a real time prototype of the GFDM system using USRP. After performing

channel estimation, the superimposed Riemann sequence can be removed at the receiver

which will also serve as SI. By proper selection of the power allocation, the suggested

method provides PAPR performance without disturbing the demodulation procedure.

The received spectral response from USRP authenticate the the proposed method by

showing a good agreement with simulations.

The uth alternative for GFDM system is obtained by using the resultant vector

obtained after multiplication between phase vector φ(u) with d as the data vector. The

obtained GFDM signal is denoted as xu. We propose the utilization of the rows of

Riemann matrix as φ(u) for the traditional SLM scheme. The Riemann matrix can be

simply obtained by removing the first row and column from the matrix defined as,

S(i, j) =i− 1 if i divides j

=− 1 otherwise (5.18)

The size of Riemann matrix is N ×N and it can be normalised by using N to obtain the

requires set of phase sequence vectors. Consider an example for N = 4 system where in,

the 5× 5 matrix S is,

S5×5 =



0 −1 −1 −1 −1

1 1 −1 −1 −1

2 −1 2 −1 −1

3 3 −1 3 −1

4 −1 −1 −1 4


(5.19)

The next step is to remove the first row and first column of the matrix as below,

S4×4


1 −1 −1 −1

−1 2 −1 −1

3 −1 3 −1

−1 −1 −1 4

 (5.20)

By using the proposed method for GFDM system, the phase sequence vectors can be
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given as,

φ(1) =[1 − 1 − 1 − 1]/4 (5.21)

φ(2) =[−1 2 − 1 − 1]/4

φ(3) =[3 − 1 3 − 1]/4

φ(4) =[−1 − 1 − 1 4]/4

The size of Riemann matrix is N ×N and it can be normalised by using N to avoid the

loss in generality. In traditional phase sequence, all the elements are of same magnitude

but the utilized Riemann matrix will have a small number of components with larger

magnitude. This will help to nullify the peak and to obtain better PAPR reduction gain.

In the SLM scheme, the absorbing point is, all the generated U vectors show the original

GFDM symbol but every symbol is independent of each other. Let φ̄r(n) represent the

vector with minimum PAPR among all the alternatives and its GFDM signal is represented

with x̄ i.e., mathematically,

x̄ = arg min PAPR(xu) (5.22)

The optimized vector x̄ is also a GFDM signal and hence can be represented as,

x̄ = A× φ̄r(n)× d(n) (5.23)

From (5.23) we can clearly understand, the successful data recovery is feasible by trans-

porting φ̄r to the receiver. The optimized Riemann matrix row vector φ̄r always require

an extra SI which may require an extra log2U bits as an payload in the packet before

transmission. It is quite obvious that, the SI is not known precisely at both, the trans-

mitter and receiver. In addition, the traditional phase sequences are generally random in

nature and hence it is mandatory to send the correct SI to the receiver side. Utmost care

in SI transmission by using channel coding will be necessary since incorrect identification

of SI information may force the complete GFDM block into error. We know Riemann ma-

trix is a having a particular shape and hence can be received easily in multipath channel

environments. The PAPR values of GFDM signals is highly related to autocorrelation of

input sequences. Greater the autocorrelation of input sequences lower the side lobe value

of its spectrum. The proposed SLM uses Riemann Matrix which has lower autocorrelation

among them due to varying amplitudes when compared with traditional phase sequence
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Figure 5.9: Block diagram of the GFDM-SLM modulator for proposed method

vectors. In addition, for achieving bandwidth efficiency without any compromise in PAPR

reduction and BER performance, SI is superimposed with the GFDM modulated data be-

fore transmission. However, scaling the information is required in order to obtain a neat

spectral response as it will be discussed in the result section. The rows of the Riemann

matrix S are utilized as set as phase sequences. The phase sequence should be added as,

= P φ̄r +
√

(1− P 2)x(u) (5.24)

Here P is the power allocation factor. Ideally one want the power factor P to be very

low since the maximum power must be provided to GFDM signal. For implementation,

GFDM system is having good performance without any requirement of special hardware

at the receiver when the P value is chosen between 0 to 0.1. Therefore, by choosing

power appropriately, the phase sequences generated using Riemann matrix can effectively

decrease the out of band radiation of GFDM system by omitting the concept of SI trans-

mission as shown in Figure 5.9. However, channel estimation must be used to reinstate

the transmitted signals in the receiver. After superimposing, we need to multiply the

phase sequences φ̄r to obtain alternative signal x(u) for u = 1 · · ·U . Hence, by using

the proposed method over the traditional SLM scheme improves PAPR reduction and

bandwidth efficiency. There is no additional complexity in the proposed method since it

used only addition to obtain the superimposed signal. On contrary, the proposed phase

sequence vector is having irregularity in the amplitude which may lead to spikes in the

received response of the USRP as it will be detailed in the results section. The presence

of spike reduces the potency of the traditional receiver since it is designed considering the

multipath channels. Here P is the power allocation factor. Ideally one want the power

factor P to be very low since the maximum power must be provided to GFDM signal. For
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implementation, GFDM system is having good performance without any requirement of

special hardware at the receiver when the P value is chosen between 0 to 0.1. Therefore,

by choosing power appropriately, the phase sequences generated using Riemann matrix

can effectively decrease the out of band radiation of GFDM system by omitting the con-

cept of SI transmission as shown in Figure 5.1. However, channel estimation must be

used to reinstate the transmitted signals in the receiver. After superimposing, we need to

multiply the phase sequences φ̄r to obtain alternative signal x(u) for u = 1 · · ·U . Hence,

by using the proposed method over the traditional SLM scheme improves PAPR reduc-

tion and bandwidth efficiency. There is no additional complexity in the proposed method

since it used only addition to obtain the superimposed signal.

5.3.1 Results and discussion

The different number of phase vector used for generation of alternative GFDM

symbols is represented by U and the simulation results for the proposed method is com-

pared with the existing Hadamard scheme as illustrated in Figure 5.10. For meaningful

comparison, the Hadamard sequence and proposed Riemann sequence are generated by

using similar parameters. From this figure it is clearly evident that, PAPR of the proposed

method is very low when compared with Hadamard phase sequence vector because of pres-

ence of some number of components with larger magnitude. This will nullify unwanted
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peaks and can facilitate better PAPR reduction gain. Furthermore, we can observe the

increase in the number of different phase sequences U from 8 to 16 provides a remarkable

improvement in PAPR reduction gain. For instance, at a fixed threshold CCDF of 10−3,

the traditional GFDM system is having a huge PAPR of 10.8 dB while, the SLM using

Hadamard coded sequence is having a PAPR of 7.8 dB and 6.6 dB for U = 8 and U = 16

, while, the proposed technique has the PAPR values as 7.4 dB and 6.1 dB at U = 8 and

U = 16 respectively. When compared with traditional GFDM system, PAPR is reduced

by an amount of 4.7 dB. Another important observation is, upon increasing the U from

8 to 16, PAPR reduction of 1.3 dB is observed.

Figure 5.11 shows the PAPR curves at a fixed U = 8 by varying the power P on

the superimposed transmitted signal. In Figure 5.10, we concluded that the presence

of some components with larger amplitude contributed to better PAPR performance.

However, when the SI with different amplitudes is superimposed on the transmitted vector

the simulation results indicate an increase in PAPR due to its fundamental structure.

Another important observation is, we can clearly observe there is an increment of 0.5 dB

by increasing the power factor P from 0.1 to 0.5. The PAPR performance of the proposed

method worsens than Hadamard phase sequences at higher P values.

Figure 5.12 illustrates the BER performance of the proposed superimposed GFDM-

SLM system. We can observe the BER performance gets improved as the value of P
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Figure 5.12: Effect of BER by varying power allocation to SI

increases. This advantage is achieved because increment in P leads to better SI estima-

tion. The suggested scheme can achieve better BER than the traditional system using

Hadamard phase sequence. Another reason for better BER is, existence of pattern in

the proposed phase sequence vector. Hence, the value of P creates a scenario trade off

between achievable PAPR and BER performance.

The superimposed signal is received in Rx USRP as a data stream in indoor channel

environments. The Rx USRP abandon the samples until a appreciable energy is identified

by using detection algorithm, i.e., STO estimation will be implemented as a first step as

discussed in [73]. The windowed preamble appended in the header is utilized to perform

CFO correction [73]. Later the channel impairments are equalised by estimating channel

response using same pilots as presented in [55]. Experimental outcomes are examined in

terms of spikes and OOB control in the received spectrum from the implemented test bed.

These results are the proof of implementation of concept: superimposed SI transmission

for GFDM-SLM system in indoor channel environments. The received spectrum with

perfect SI estimation is shown in Figure 5.13 where a OOB radiation of 46 dB with no

spikes can been observed. The prototype filter used will perform circular convolution

which lead to localization in both time and frequency. This scenario lead to reduction in

egress noise to achieve spectral response.

The received spectrum at P = 1, P = 0.5 and P = 0.1 are depicted in Figure 5.14,
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Figure 5.13: Received spectrum with perfect SI transmission
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Figure 5.15: Received spectrum with P=0.5

  A
m

pli
tu

de
 in

 (d
B)

5

-90

-80

-70

-60

-50

-40

-30

-20

-10

Normalized Frequency  
128-128 -100 -80 -60 -40 -20 0 20 40 60 80 100

Figure 5.16: Received spectrum with P=0.1



Joint channel estimation and side information estimation for GFDM systems 127

Table 5.1: Real time results for Superimposed GFDM-SLM system

P value SNR=20dB spike(dB) SNR=10dB spike(dB)

0.05 0.003962 -20 0.046746 -20.8

0.1 0.004755 -14 0.0560953 -14.6

0.5 0.00594375 20 0.0701191 20.2

5.15 and 5.16 receptively. We can clearly observe a high peak occurs when the SI power

is equal to the power of GFDM signal. This occurs due to the irregularity present in the

superimposed SI. Hence, the receiver needs to use extra hardware in order to compensate

these spikes. However, we can observe as P value decreases the received spectral response

gradually approaches the ideal response in Figure 5.13. It can be inferred from previous

discussion that as P decreases we achieve better PAPR and spectral response at the cost

of BER. Hence, a good choice for trade-off would be to select P in the range of 0.05

to 0.1, where in, the proposed method outperforms the traditional method in terms of

BER, PAPR and spectral response.The experimental values observed by varying SNR

is tabulated in the Table 5.1. The PAPR values of GFDM signals is highly related to

autocorrelation of input sequences. Greater the autocorrelation of input sequences lower

the side lobe value of its spectrum. The proposed SLM uses Riemann Matrix will lower the

autocorrelation of GFDM systems. It means that, applying the Riemann transformation

to the modulation matrices helps in reduction of PAPR values.

5.4 Conclusion

This chapter of thesis investigates the concept of joint PAPR reduction and data

decoding technique using subsymbol based phase modulation with a slight modification

in the traditional SLM scheme. In comparison with the traditional SLM scheme the

proposed method achieves identical performance at higher GFDM block sizes. In the

receiver, the suggested subsymbol based data detection does not need any SI estimation.

As a consequence, it eliminates the associated computational complexity. The simulation

results show that the BER performance of the method is not degraded when compared

with methods that use perfect SI estimation. For practical validation of the suggested
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theory, an experimental setup is done using USRP RIO as a RF front end and Labview as

software for baseband processing. The obtained experimental results suggest the signifi-

cant reduction in out-of-band spectral leakage without disturbing the estimated channel

response under indoor channel environments. Additionally, In this chapter, we propose

the usage of normalised Riemann matrices as phase sequence vectors for traditional SLM

technique without sending explicit SI to reduce PAPR in GFDM systems. The proposed

modified SLM scheme has better PAPR performance than the traditional scheme. Ad-

ditionally, SI is superimposed on to GFDM signals, in order to improve data rate for

5G applications. For the validation of suggested method, an experimental setup is done

using USRP as a RF front end and Labview as software for baseband signal processing.

The experimental results have shown significant reduction in OOB spectral leakage with

appropriate power allocation to SI in the superimposed signal.



Chapter 6

Conclusions and future scope

6.1 Conclusions

ML estimation algorithm using pulse shaped multiple sets of identical data for cor-

recting the time and frequency misalignments for GFDM systems is derived in the second

chapter of the thesis. This is done to preserve the spectral advantage of the system. The

CRLB for the frequency offset for an arbitrary pulse shape is also obtained. Simulations

results obtained by modifying the preamble data in IEEE 802.11a standard, prove a little

error floor due to noise enhancement in AWGN and multipath channels. The main ad-

vantage of this modified preamble occur in the real time results by reduction of slope and

unwanted spikes in the spectrum characteristics. A new blind and simple time synchro-

nization scheme based on the structure of UW-GFDM is proposed in the same chapter.

The proposed method is not much dependent on SNR and mainly depends on the value

of number of redundant subcarriers. We observed by increasing the number of redundant

subcarriers we achieve effective synchronization and coding gain at the cost of PAPR and

data efficiency. The intrinsic phase shift which has occurred between neighbouring sam-

ples of the oversampled GFDM symbol is exploited for offset estimation and correction.

In noise less case we observed a straight forward reception whereas it leads to ML estimate

of CFO in the presence of Gaussian noise. The real time results primarily focus on the

time and spectral response using USRP hardware for indoor channel environment. The

comparison of BER analysis between GFDM with RRC pulse shaping filter by varying

the roll off factor is provided for the proposed method. We concluded that, with usage of
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RRC filters with low roll off factor has high reduction in BER. Eventually the proposed

algorithm in this work combats both channel induced distortions effects as well as effec-

tively estimates the CFO. Additionally, in this chapter, the real time prototyping of the

MGFDM system using windowed preamble is performed and the spectrum characteristics

of multitaper filters are investigated. This chapter also provides an insight into impact

of oversampling on jitter noise behaviour. We observed significant improvement in the

performance due to mitigation of jitter noise power effect by oversampling in simulations

and mathematical analysis. The constellation diagrams at the receiver validate the result

by showing a good agreement with the obtained results.

We have proposed three modified SLM schemes for reducing high computational

complexity of GFDM-SLM system. The proposed methods use the concepts of linearity,

conversion matrix and shifting matrix by retaining the PAPR performance when compared

with conventional SLM scheme. Since the CCRR increases with increase in number

of phase sequences, all the proposed schemes are efficient and can be used in practical

implementations of GFDM system depending on application. The effect of roll off factor

on PAPR is provided for GFDM system with RRC as prototyping filter. We inferred from

simulation results that, high roll off factor for RRC filters results in significant reduction

in PAPR. This thesis investigates a joint PAPR reduction and data decoding technique

using subsymbol based phase modulation with a slight modification in the traditional

SLM scheme. In comparison with the traditional SLM scheme the proposed method

achieves identical performance at higher GFDM block sizes. In the receiver, the suggested

subsymbol based data detection does not need any SI estimation. As a consequence, it

eliminates the associated computational complexity. The simulation results show that

the BER performance of the method is not degraded when compared with methods that

use perfect SI estimation. A good comparison of PAPR analysis between conventional

GFDM with RRC pulse shaping filter by varying the roll off factor is provided. We

concluded that, with usage of RRC filters with high roll off factor results in significant

reduction in PAPR at the cost of BER performance. For practical validation of the above

proposed theory, an experimental setup is done using USRP RIO as a RF front end and

Labview as software for baseband processing. The obtained experimental results suggest

the significant reduction in out-of-band spectral leakage without disturbing the estimated

channel response under indoor channel environments. Therefore the proposed method
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reduce PAPR in systems and makes the GFDM system more attractive as a contender

for 5G communication.

6.2 Future scope

In this thesis several aspects, facts and issues related to the novel multicarrier tech-

nique GFDM are well investigated. The suggestions/opportunities for continuing research

studies are mentioned below

• The short burst transmission which is possible with GFDM is a good sign for IoT

applications but the complex receiver structure of GFDM is an concerning issue and

it would be interesting to design a simpler receiver.

• Proving the effect of the log-normal shadowing mathematically with suitable pa-

rameter analysis could be a reasonable issue to be addressed. Meanwhile, handling

interference and proposing methods for interference cancellation is another topic of

interest worthy exploring.

• Another valuable research area that could be interesting is to propose different

methodologies for allocating resources smartly to huge number of users within a

GFDM block so as to minimize multiuser interferences of a network.

• Choosing variable block size structure optimally suitable for adverse channel condi-

tions and exploring optimization methods for power allocations can be developed.

• The performance of GFDM can be improved by employing various diversity concepts

and because of its ease in MIMO implementation compared to other 5G physical

layer candidates.
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