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ABSTRACT

Due to the High data rate requirement of modern cellular network, multicarrier
modulation (MCM) is now becoming more and more mandatory for Wireless Networks.
Orthogonal Frequency Division Multiplexing (OFDM) has proved to a promising MCM
technology for application requiring High Data Rate. For instance, in the case of 3GPP
and 4G cellular networks, OFDM is used for its huge spectral efficiency and zero Inter
Symbol Interference (ISI). However OFDM has a major drawback in terms of Peak to
Average Power Ratio (PAPRR) and Inter Carrier Interference (ICI). The resulting peaks
from superposition sum, creates high peaks in the signal, which drives the Amplifier
saturation region. The saturation region has non-linear characteristics which creates Out
of Band (OOB) radiations that are filtered resulting in a data loss. To restrict the amplifier
from driving in to the saturation region, high Power Amplifiers (HPAS) must be used to
keep the signal In Bound. Thus the power dissipation increases and the battery drains out
quickly. Unless the peak power problem of OFDM is not addressed, then the power
inefficiency of the system surpasses the advantage of Higher Data Rate. Researches, over
the years have proposed versatile methods for reducing the PAPRR of OFDM signals.
The methods are categorized using numerous parameters such as computational
complexity, necessity of Side Information (SI), noise performance, implementation
process and so on. Performance of each method is affected by the parameters considered
for the transmission. Because of this, the generality of PAPRR Reduction implementation
cannot be defined. Some of the methods involve the scrambling of signal like Partial
Transmit Sequence (PTS), Selective Mapping (SLM) and Active Constellation Extension
(ACE), while others employ signal distortion technique as Iterative Clipping and
Filtering, Tone Injection (TI) and Tone Rejection (TR). In this Thesis PAPRer, we have
explored some non-conventional methods for the purpose of PAPRR reduction. Our first
proposal involves an exponential conversion the time domain signal in order to achieve
lower PAPRR values. The method introduces no further need of SD and any change of
phase or frequency whatsoever. The computation of the exponential equivalent is simple
and requires less numbers of complex addition and multiplication resulting in low
complexity. Next proposed method is a modification of the exponential conversion using
the signal mean square average to scale the transformed signal. Combining this modified
proposal with n times root, we get even higher PAPRR reduction. The reduction
performance is illustrated as Complementary Cumulative Distribution Function (CCDF)
vs PAPRR plot using MATLAB. The advantages of the proposed models over the current
state of the art technologies are demonstrated by tabulating the reduction results achieved
for various methods. Though the better reduction result is achieved, there exists a tradeoff
between the PAPRR and Bit Error Rate (BER). The optimization of BER is excluded
from the capacity of this Paper, though a representation is drawn. Mathematical
expression and Simulation results of the proposals outperform the result of both PTS and
SLM.
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CHAPTER 1

INTRODUCTION

Wireless communications is an emerging field, which has seen enormous growth in the
last several years. The huge uptake rate of mobile phone technology, Wireless Local Area
Networks (WLAN) and the exponential growth of the Internet have resulted in an
increased demand for new methods of obtaining high capacity wireless networks. The
huge growth of cellular industry, exponential growth of internet connectivity and
expansion of WLANSs have necessitated the development of high capacity wireless
network. Traditional single carrier modulation scheme is no longer capable of delivering
such high performance. As a result Multi Carrier Modulation (MCM) technologies are
being developed. Higher data rate requirement through a single carrier is achievable
though there would be a cost of lower symbol rate. Therefore the communication system
using single carrier suffers severely from Inter Symbol Interference (ISI) caused by
dispersive-channel impulse response and thereby need a complex equalization scheme.
Orthogonal Frequency Division Multiplexing (OFDM) is an MCM technology which has
the potential of being the replacement of single carrier systems that require higher data
rate.

1.1 Third Generation Wireless Systems

Third generation mobile systems such as the Universal Mobile Telecommunications
System (UMTYS) [1], [2], [3], [4] and CDMAZ2000 has been introduced over the years
(2002 onwards) [5]. These systems are striving to provide higher data rates than current
2G systems such as the Global System for Mobile communications (GSM) [6], [7] and
IS-95. Second generation systems are mainly targeted at providing voice services, while
3rd generation systems has shifted to more data oriented services such as Internet access.

Most of the third generation systems used Wideband Code Multiplexing Access
(WCDMA). This modulation scheme has a high multipath tolerance, flexible data rate,
and allows a greater cellular spectral efficiency than 2G systems. Third generation
systems provide a significantly higher data rate compared to the 2" Generation Systems.
The higher data rate 3G system supports a wide variety of Internet based application and
as such gained popularity quickly. The demand for use of the radio spectrum is very high,
with terrestrial mobile phone systems being just one of many applications vying for
suitable bandwidth. These applications require the system to operate reliably in non-line
of-sight environments with a propagation distance of 0.5 - 30 km, and at velocities up to
100 kmph or higher. This operating environment limits the maximum RF frequency to 5
GHz, as operating above this frequency results in excessive channel path loss, and
excessive Doppler Shift at high velocity making the radio bandwidth more costly.

In order to develop more cost efficient design along with higher data rate availability
fourth generation systems has been introduced. The perspective for developing such
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systems was fueled by the need of the ever growing communication technology and the
huge economic benefits that comes along.

1.2 Fourth generation Wireless Systems

Incorporating the benefits of a 3G system, 4™ generation (4G) systems were designed to
provide maximum realizable data rete along with minimal path loss and restrictions.
Single carrier based modulation schemes were no longer capable of providing such a
system. That is why researches adapted to MCMs. To develop an effective and efficient
MCM technology many different aspects of signal was tested for modification. A special
form of such MCM technology is OFDM, where a single carrier of frequency selective
fading channel is divided into many orthogonal narrow band flat fading sub channel,
capable of transmitting parallel streams of higher data rates. This is turn reduces the ISI
appreciably.

A significant improvement in the spectral efficiency is compulsory for high data rate
applications. This will only be achieved by significant advances in multiple aspects of
cellular network systems, such as network structure, network management, smart
antennas, RF modulation, user allocation, and general resource allocation.

Vehicular [

4G systemns

5G systems
(2012) G systems

(2020)

Mobility

3G systems
(2003)

Pedestrian =

Stationary 2G systems

| | 1 1 1 (2q02 1 1 1
003 0.1 03 1 3 10 30 100
Data Rate (Mbps)

Figure 1-1 Mobility vs. Data Rate for different Generations of
Telecommunication Technology

OFDM is capable of supporting all these requirements of 4G and higher generation
communication technologies. Thus rigorous studies and numerous experiments are
conducted to improve this frequency division multiplexing method.
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1.3 Background to OFDM

The fundamental principal of OFDM originated from the PAPRer of Chang [7], and over
the years a number of researchers have evolved this technique. Initially, its use was
restricted to Military systems such as KINEPLEX, KATHRYN and ANEFT [8].
Wienstein and Ebert’s proposal to use Discrete Time Fourier Transform (DFT) to
perform subcarrier modulation using a single oscilloscope was a pioneering effort. Ebert,
Salz and Schwartz demonstrated the efficacy of Cooley-Tukey Fast Fourier Transform
(FFT) algorithm to further simplify the computational complexity of DFT, thereby
making it possible to utilize OFDM in commercial Communication Systems. The use of
OFDM in commercial purpose originated a series of wire-line standards such as, High bit
rate Digital Subscriber Line (HDSL) [9], Asymmetric Digital Subscriber Line (ADSL)
[10] and so on. The use of OFDM enabled these systems to perform at a bit rate of
100Mbps. Afterwards, it was used in DAB [11], WLAN [12], DVB [13, 14] and WMAN.

OFDM uses cyclic prefix insertion to eliminate the effect of ISI and require a simple one-
tap equalizer at the receiving end. OFDM brings about an unparalleled bandwidth saving,
resulting into higher spectral efficiency. Properties like these makes OFDM highly
attractive for Higher data Rate applications. It is possible to use different modulation
scheme for the subcarrier channels to improve the efficiency of symbol generation. This
is suitable for fading channels of highly dispersive nature.

Despite the many advantages introduced by OFDM it has some drawbacks too.

e OFDM signals with their high peak to average power ratio (PAPRR) requires
highly linear amplifiers.

e In absence of amplifier linearity Out of Band (OBO) power requirement will
occur.

e OFDM systems are more sensitive to Doppler Spread than single carrier system.

e Phase noise, originated by the imperfect transmitter and receiver synchronization
degrades the performance. Thus an accurate frequency and time sync in
mandatory.

e Also addition of Cyclic Prefix (CP) results in loss of spectral efficiency.

Scarcity and higher price of the available bandwidth have driven the engineers to develop
more and more efficient methods for communications maintaining the ever increasing
need of high data rate created by increased number of users. OFDM with its spectral
efficient versions like MIMO-OFDM or multiple access versions like OFDMA has
proved to be a promising candidate for fulfilling the requirements of present and future.

Large envelope fluctuation in OFDM signal is one of the major drawbacks of OFDM
technique. Such fluctuations create difficulties, because practical communication systems
are peak-power limited. Envelope peaks require the system to accommodate an
instantaneous signal power that is much larger than the signal average power,
necessitating either low operating power efficiencies or Power Amplifier (PA) saturation.
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In addition to this, OFDM system requires tight system synchronization, in comparison to
single carrier systems, due to narrowband subcarriers. Therefore, it is sensitive to a small
frequency offset between the transmitted and the received signal. The frequency offset
may arise due to Doppler Effect or due to mismatch between transmitter and the receiver
local oscillator frequencies. The Carrier Frequency Offset (CFO) disturbs the
orthogonality between the subcarriers, and therefore, the signal on any particular
subcarrier will not remain independent of the remaining subcarriers. This phenomenon is
known as Inter-Carrier Interference (ICI), which is a big challenge for error-free
demodulation and detection of OFDM symbols.

The current implementation of OFDM does not fully exploit its capabilities. There are
still several avenues which can be explored to reduce the Peak-to-Average Power Ratio
(PAPRR) and Inter-Carrier Interference (ICI) of OFDM signal. Therefore, the necessity
to reduce the PAPRR of standard OFDM signal is a prime motivating factor for this
work.

Clipping and filtering [15] is the simplest solution to reduce the PAPRR but it achieves
the PAPRR reduction capability at the cost of BER performance degradation. Existing
companding transforms [16]-[20] achieve acceptable PAPRR reduction capability but
they introduce high non-linear distortion, due to which their BER performances degrade.
Moreover, both the schemes result in out-of-band radiation and in-band distortion.
Improving BER performance using companding based PAPRR reduction schemes is a
prime motivating future for our work.

The distortion-less schemes proposed in literature [21-25] provide PAPRR reduction
capability at the cost of increased complexity. In most of these techniques like Selected
Mapping (SLM) [26] and Partial Transmit Sequence (PTS) [27], Side Information (SI) is
required at the receiver to recover the original data signal, which not only causes data-
rate loss but also results in severe BER performance degradation, if SI gets corrupted
during transmission. In order to avoid spectral deficiency, various SI embedding schemes
have been proposed [28-31], but in most of them the SI detection capability depends on
the available signal-to-noise ratio. Elimination of SI requirement at the receiving end
motivates a major part of this work.

ICI cancellation schemes effectively mitigate the effect of ICI but PAPRR performance
of existing ICI cancellation schemes is either same or worse than that of standard OFDM
signal. Therefore, there is a necessity to reduce the PAPRR of OFDM signal obtained
from ICI cancellation schemes. Hence the need for a joint ICI cancellation and PAPRR
reduction scheme is another motivating factor for this week.

1.4 Problem Definition

High PAPRR and Inter-Carrie-Interference (ICI) are the two major issues in the
implementation of an OFDM system. The thesis aims at exploring and arriving at
efficient, low complexity schemes for PAPRR reduction in OFDM based of practical use.
The first problem addressed in this thesis is the high PAPRR of an OFDM signal. We
begin by exploring the existing PAPRR reduction techniques and to find out their

20



advantages and major limitations for implementing a practical OFDM system.
Investigation of efficient PAPRR reduction schemes for an OFDM system is thus
considered as one of the problem areas explored in this thesis.

The OFDM based multiple access schemes have been adopted for downlink
communication in 3GPP LTE standards, but not chosen in uplink communication due to
high PAPRR. In uplink communication, when a mobile terminal has to transmit an
OFDM signal, it requires an expensive and bulky high power amplifier, which is difficult
to accommodate, due to its cost and size limitation. The mobile terminal is also having a
limited computational power and battery life. Therefore, the proposed quadrilateral
companding transform can be utilized in uplink communication because the proposed
quadrilateral companding schemes provide good PAPRR reduction capability with low
computational complexity. The quadrilateral companding transform requires only one
additional block at transmitter and receiver to perform companding and expanding
operations respectively.

Being a multicarrier modulation scheme, OFDM brings all major benefits of a
multicarrier scheme but unlike single carrier modulation schemes, it suffers from the
problem of ICI. In this thesis, we explore the existing ICI cancellation schemes and
perform a comparison of CIR and BER performance. As discussed above, the PAPRR is
an important parameter that must be taken into consideration while designing an ICI
cancellation scheme for the OFDM system of practical use. Therefore, investigation of
PAPRR performance of OFDM systems utilizing ICI cancellation schemes is also
considered as another area to be explores in this thesis.

1.5 Goal and Scope of the Thesis

The goals met by the thesis are listed as follows:

e Investigation of companding transforms for PAPRR reduction scheme and
development of a generalized companding transform with good PAPRR

e Providing a simple computation based robust technique to reduce the PAPRR and
investigate the BER

e Exploring new method of exponential conversion of the original signal to ensure
the ruction of PAPRR

e Exploiting the exponential companding method of PAPRR reduction to restrain
the signal average from abrupt modification

e Investigation combined effect of exponential and Nth rooting method in order to
achieve the goal of PAPRR reduction.
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1.6

Thesis Layout

The thesis is organized into six chapters:

Chapter 1 includes the introduction, evolution of communication technology,
historical background of OFDM, definition of the problem, goals and scope of
this PAPRer.

Chapter 2 this chapter includes a detailed discussion of OFDM systems, its
construction, process of signal generation, advantages and disadvantages of it.
The chapter also contains theoretical analysis of the OFDM system and illustrates
the block diagram of the system.

Chapter 3 This chapter elaborates the problem of high PAPRR and includes state
of the art reduction technique such as PTS, SLM, ACE, Exponential Companding
etc.

Chapter 4 covers the first method proposed by the thesis, its mathematical
expression and block diagram. Also the modification in the demodulation process
is discussed in details with pictorial representation.

Chapter 5 introduces a modified exponential transformation method where the
transformed values are scaled to their mean square average values in order to
maintain the Power Spectral Density (PSD) of the actual signal.

Chapter 6 includes the proposal for future works and avenues of developments.
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CHAPTER 2

FUNDAMENTALS OF ORTHOGONAL FREQUENCY DIVISION
MULTIPLEXING

Orthogonal Frequency Division Multiplexing (OFDM) is very similar to the well-known
and used technique of Frequency Division Multiplexing (FDM). OFDM uses the
principles of FDM to allow multiple messages to be sent over a single radio channel. It is
however in a much more controlled manner, allowing an improved spectral efficiency.

OFDM is different from FDM in several ways. In conventional broadcasting each radio
station transmits on a different frequency, effectively using FDM to maintain a separation
between the stations. There is however no coordination or synchronization between each
of these stations. With an OFDM transmission such as DAB, the information signals
from multiple stations is combined into a single multiplexed stream of data. This data is
then transmitted using an OFDM ensemble that is made up from a dense packing of many
subcarriers. All the subcarriers within the OFDM signal are time and frequency
synchronized to each other, allowing the interference between subcarriers to be carefully
controlled. These multiple subcarriers overlap in the frequency domain, but do not cause
Inter-Carrier Interference (ICI) due to the orthogonal nature of the modulation. Typically
with FDM the transmission signals need to have a large frequency guard-band between
channels to prevent interference. This lowers the overall spectral efficiency. However
with OFDM the orthogonal packing of the subcarriers greatly reduces this guard band,
improving the spectral efficiency.

All wireless communication systems use a modulation scheme to map the information
signal to a form that can be effectively transmitted over the communications channel. A
wide range of modulation schemes has been developed, with the most suitable one,
depending on whether the information signal is an analogue waveform or a digital signal.
Some of the common analogue modulation schemes include Frequency Modulation
(FM), Amplitude Modulation (AM), Phase Modulation (PM), Single Side Band (SSB),
Vestigial Side Band (VSB), Double Side Band Suppressed Carrier (DSBSC) [16], [17].
Common single carrier modulation schemes for digital communications include
Amplitude Shift Keying (ASK), Frequency Shift Keying (FSK), Phase Shift Keying
(PSK) and Quadrature Amplitude Modulation (QAM) [16] - [18].

Each of the carriers in a FDM transmission can use an analogue or digital modulation
scheme. There is no synchronization between the transmission and so one station could
transmit using FM and another in digital using FSK. In a single OFDM transmission all
the subcarriers are synchronized to each other, restricting the transmission to digital
modulation schemes. OFDM is symbol based, and can be thought of as a large number of
low bit rate carriers transmitting in parallel. All these carriers transmit in unison using
synchronized time and frequency, forming a single block of spectrum. This is to ensure
that the orthogonal nature of the structure is maintained. Since these multiple carriers
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form a single OFDM transmission, they are commonly referred to as ‘subcarriers’, with
the term of ‘carrier’ reserved for describing the RF carrier mixing the signal from base
band. There are several ways of looking at what make the subcarriers in an OFDM signal
orthogonal and why this prevents interference between them.

2.1 Orthogonality

Signals are orthogonal if they are mutually independent of each other. Orthogonality is a
property that allows multiple information signals to be transmitted perfectly over a
common channel and detected, without interference. Loss of orthogonality results in
blurring between these information signals and degradation in communications. Many
common multiplexing schemes are inherently orthogonal. Time Division Multiplexing
(TDM) allows transmission of multiple information signals over a single channel by
assigning unique time slots to each separate information signal. During each time slot
only the signal from a single source is transmitted preventing any interference between
the multiple information sources. Because of this TDM is orthogonal in nature. In the
frequency domain most FDM systems are orthogonal as each of the separate transmission
signals are well spaced out in frequency preventing interference. Although these methods
are orthogonal the term OFDM has been reserved for a special form of FDM. The
subcarriers in an OFDM signal are spaced as close as is theoretically possible while
maintain orthogonality between them.

Sets of functions are orthogonal to each other if they match the conditions in equation (2-
1). If any two different functions within the set are multiplied, and integrated over a
symbol period, the result is zero, for orthogonal functions. Another way of thinking of
this is that if we look at a matched receiver for one of the orthogonal functions, a
subcarrier in the case of OFDM, then the receiver will only see the result for that
function. The results from all other functions in the set integrate to zero, and thus have no
effect.

fOT s;(t)s;(t)dt = {g :; :j (2-1)

Equation (2-2) shows a set of orthogonal sinusoids, which represent the subcarriers for an
un-modulated real OFDM signal.

sin(2rfokt) ;0 <t < Tk =123, ..... M
0; otherwise

sp(t) = {

where fy is the carrier spacing, M is the number of carriers, T is the symbol period. Since
the highest frequency component is Mfy the transmission bandwidth is also Mfy .

24



These subcarriers are orthogonal to each other because when we multiply the waveforms
of any two subcarriers and integrate over the symbol period the result is zero. Multiplying
the two sine waves together is the same as mixing these subcarriers. This results in sum
and difference frequency components, which will always be integer subcarrier
frequencies, as the frequency of the two mixing subcarriers has integer number of cycles.
Since the system is linear we can integrate the result by taking the integral of each
frequency component separately then combining the results by adding the two sub-
integrals. The two frequency components after the mixing have an integer number of
cycles over the period and so the sub-integral of each component will be zero, as the
integral of a sinusoid over an entire period is zero. Both the sub-integrals are zeros and so
the resulting addition of the two will also be zero, thus we have established that the
frequency components are orthogonal to each other.

2.2 Frequency Domain Orthogonality

Another way to view the orthogonality property of OFDM signals is to look at its
spectrum. In the frequency domain each OFDM subcarrier has a sinc, sin(x)/x, frequency
response, as shown in Figure 2-2. This is a result of the symbol time corresponding to the
inverse of the carrier spacing. As far as the receiver is concerned each OFDM symbol
transmitted for a fixed time (TrrT) with no tapering at the ends of the symbol. This
symbol time corresponds to the inverse of the subcarrier spacing of 1/Trrt Hz 1. This
rectangular, boxcar, waveform in the time domain results in a sinc frequency response in
the frequency domain. The sinc shape has a narrow main lobe, with many side-lobes that
decay slowly with the magnitude of the frequency difference away from the center. Each
carrier has a peak at the center frequency and nulls evenly spaced with a frequency gap
equal to the carrier spacing.
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Figure 2-1 Frequency response of the subcarriers in a 5 tone OFDM
signal.
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2.3 OFDM Generation and Reception

OFDM signals are typically generated digitally due to the difficulty in creating large
banks of phase lock oscillators and receivers in the analog domain. Figure 2-3 shows the
block diagram of a typical OFDM transceiver. The transmitter section converts digital
data to be transmitted, into a mapping of subcarrier amplitude and phase. It then
transforms this spectral representation of the data into the time domain using an Inverse
Discrete Fourier Transform (IDFT). The Inverse Fast Fourier Transform (IFFT) performs
the same operations as an IDFT, except that it is much more computationally efficiency,
and so is used in all practical systems. In order to transmit the OFDM signal the
calculated time domain signal is then mixed up to the required frequency.

The receiver performs the reverse operation of the transmitter, mixing the RF signal to
base band for processing, then using a Fast Fourier Transform (FFT) to analyse the signal
in the frequency domain. The amplitude and phase of the subcarriers is then picked out
and converted back to digital data.

The IFFT and the FFT are complementary function and the most appropriate term
depends on whether the signal is being received or generated. In cases where the signal is
independent of this distinction then the term FFT and IFFT is used interchangeably.
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Figure 2-2 Basic Block Diagram of OFDM Transceiver
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A simple example: A useful symbol duration Ty = 1 ms would require a sub-carrier
spacing of Af = ﬁ =1 KHz (or an integer multiple of that) for orthogonality. N = 1,000

sub-carriers would result in a total pass-band bandwidth of NAf = 1 MHz. For this
symbol time, the required bandwidth in theory according to Nyquist is N=1/2Ty =
0.5 MHz (i.e., half of the achieved bandwidth required by our scheme). If a guard interval
is applied (see below), Nyquist bandwidth requirement would be even lower. The FFT
would result in N = 1,000 samples per symbol. If no guard interval was applied, this
would result in a base band complex valued signal with a sample rate of 1 MHz, which
would require a baseband bandwidth of 0.5 MHz according to Nyquist. However, the
pass-band RF signal is produced by multiplying the baseband signal with a carrier
waveform (i.e., double-sideband quadrature amplitude-modulation) resulting in a pass-
band bandwidth of 1 MHz. A single-side band (SSB) or vestigial sideband (VSB)
modulation scheme would achieve almost half that bandwidth for the same symbol rate
(i.e., twice as high spectral efficiency for the same symbol alphabet length). It is however
more sensitive to multipath interference.

OFDM requires very accurate frequency synchronization between the receiver and the
transmitter; with frequency deviation the sub-carriers will no longer be orthogonal,
causing inter-carrier interference (ICI) (i.e., cross-talk between the sub-carriers).
Frequency offsets are typically caused by mismatched transmitter and receiver
oscillators, or by Doppler shift due to movement. While Doppler shift alone may be
compensated for by the receiver, the situation is worsened when combined
with multipath, as reflections will appear at various frequency offsets, which is much
harder to correct. This effect typically worsens as speed increases, and is an important
factor limiting the use of OFDM in high-speed vehicles. In order to mitigate ICI in such
scenarios, one can shape each sub-carrier in order to minimize the interference resulting
in a non-orthogonal subcarriers overlapping. For example, a low-complexity scheme
referred to as WCP-OFDM (Weighted Cyclic Prefix Orthogonal Frequency-Division
Multiplexing) consists of using short filters at the transmitter output in order to perform a
potentially non-rectangular pulse shaping and a near perfect reconstruction using a
single-tap per subcarrier equalization. Other ICI suppression techniques usually increase
drastically the receiver complexity.

2.4 Guard Interval for Eliminating Inter Symbol Interference

One key principle of OFDM is that since low symbol rate modulation schemes (i.e.,
where the symbols are relatively long compared to the channel time characteristics) suffer
less from inter symbol interference caused by multipath propagation, it is advantageous
to transmit a number of low-rate streams in parallel instead of a single high-rate stream.
Since the duration of each symbol is long, it is feasible to insert guard interval between
the OFDM symbols, thus eliminating the inter symbol interference.

The guard interval also eliminates the need for a pulse-shaping filter, and it reduces the
sensitivity to time synchronization problems.

A simple example: If one sends a million symbols per second using conventional single-
carrier modulation over a wireless channel, then the duration of each symbol would be
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one microsecond or less. This imposes severe constraints on synchronization and
necessitates the removal of multipath interference. If the same million symbols per
second are spread among one thousand sub-channels, the duration of each symbol can be
longer by a factor of thousand (i.e., one millisecond) for orthogonality with
approximately the same bandwidth. Assume that a guard interval of 1/8 of the symbol
length is inserted between each symbol. Inter symbol interference can be avoided if the
multipath time-spreading (the time between the reception of the first and the last echo) is
shorter than the guard interval (i.e., 125 microseconds). This corresponds to a maximum
difference of 37.5 kilometers between the lengths of the paths.

The cyclic prefix, which is transmitted during the guard interval, consists of the end of
the OFDM symbol copied into the guard interval, and the guard interval is transmitted
followed by the OFDM symbol. The reason that the guard interval consists of a copy of
the end of the OFDM symbol is so that the receiver will integrate over an integer number
of sinusoid cycles for each of the multi paths when it performs OFDM demodulation with
the FFT. In some standards such as Ultra wide-band, in the interest of transmitted power,
cyclic prefix is skipped and nothing is sent during the guard interval. The receiver will
then have to mimic the cyclic prefix functionality by copying the end part of the OFDM
symbol and adding it to the beginning portion.

2.5 Cyclic Prefix

In the OFDM symbol transmission, ISI occurs at the receiver due to delay spread of the
channel. ISI stands for Inter Symbol Interference. In order to avoid ISI, guard interval is
inserted between two OFDM symbols. This guard internal is referred as cyclic Prefix
(CP). This is kept greater than delay spread of the channel to avoid ISI.

Following are basics of cyclic prefix (CP):

« Zeros used in the guard time can alleviate interference between OFDM symbols.

« Orthogonality of carriers is lost when multipath channels are involved, which can be
restored by cyclic prefix.

« It converts a linear convolution channel into a circular convolution channel. This
restores the orthogonality at the receiver.

» The disadvantage is wastage of energy in the cyclic prefix samples.

The cyclic prefix is created so that each OFDM symbol is preceded by a copy of the end
part of that same symbol.

Different OFDM cyclic prefix lengths are available in various systems. For example

within LTE a normal length and an extended length are available and after Release 8 a
third extended length is also included, although not normally used.
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Figure 2-3 OFDM signal with cyclic prefix

Cyclic prefix advantages and disadvantages

There are several advantages and disadvantages attached to the use for the cyclic prefix
within OFDM.
Advantages

Provides robustness:

The addition of the cyclic prefix adds robustness to the OFDM signal. The data that is
retransmitted can be used if required.

Reduces inter-symbol interference:
The guard interval introduced by the cyclic prefix enables the effects of inter-symbol
interference to be reduced.

Disadvantages

Reduces data capacity:

As the cyclic prefix re-transmits data that is already being transmitted, it takes up system
capacity and reduces the overall data rate.
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2.6 Idealized System Models
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Figure 2-4 OFDM Transmitters

An OFDM carrier signal is the sum of a number of orthogonal sub-carriers,
with baseband data on each sub-carrier being independently modulated commonly using
some type of quadrature amplitude modulation (QAM) or phase-shift keying (PSK). This
composite baseband signal is typically used to modulate a main RF carrier. 5[n] is a serial
stream of binary digits. By inverse multiplication, these are first demultiplexed into
parallel streams, and each one mapped to a (possibly complex) symbol stream using some
modulation constellation (QAM, PSK, etc.). Note that the constellations may be different,
S0 some streams may carry a higher bit-rate than others.

An inverse FFT is computed on each set of symbols, giving a set of complex time-
domain samples. These samples are then quadrature-mixed to pass-band in the standard
way. The real and imaginary components are first converted to the analogue domain
using digital-to-analogue converters (DACs); the analogue signals are then used to
modulate cosine and sine waves at the carrier frequency, f, respectively. These signals
are then summed to give the transmission signal, o(t).
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The receiver picks up the signal r(t), which is then quadrature-mixed down to baseband
using cosine and sine waves at the carrier frequency. This also creates signals centered on
2f., so low-pass filters are used to reject these. The baseband signals are then sampled
and digitised using analog-to-digital converters (ADCs), and a forward FFT is used to

convert back to the frequency domain.

This returns N parallel streams, each of which is converted to a binary stream using an
appropriate symbol detector. These streams are then re-combined into a serial stream,
d[n], which is an estimate of the original binary stream at the transmitter.
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Chapter 3

PEAK TO AVERAGE POWER RATIO

An OFDM signal consists of a number of independently modulated SCs, which can give
a large peak-to-average power (PAPR) ratio when added up coherently. When N signals
are added with the same phase, they produce a peak power that is N times the average
power. This effect is illustrated in Figure 6.1. For this example, the peak power is 16
times the average value. The peak power is defined as the power of a sine wave with
amplitude equal to the maximum envelope value. Hence, an un-modulated carrier has a
PAPR ratio of 0 dB. An alternative measure of the envelope variation of a signal is the
Crest factor, which is defined as the maximum signal value divided by the RMS signal
value. For an un-modulated carrier, the Crest factor is 3 dB. This 3-dB difference
between the PAPR ratio and Crest factor also holds for other signals, provided that the
center frequency is large in comparison with the signal bandwidth.
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Figure 3-1 Square root of PAPR ratio for a 16-channel OFDM signal, modulated
with the same initial phase for all sub carriers.

A large PAPR ratio brings disadvantages like an increased complexity of the analog-to-
digital (A/D) and digital-to-analog (D/A) converters and a reduced efficiency of the RF
power amplifier. To reduce the PAPR ratio, several techniques have been proposed which
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basically can be divided into three categories. First, there are signal distortion techniques,
which reduce the peak amplitudes simply by nonlinearly distorting the OFDM signal at
or around the peaks. Examples of distortion techniques are clipping, peak windowing,
and peak cancellation. Second, there are coding techniques that use a special FEC code
set that excludes OFDM symbols with a large PAPR ratio. The third technique scrambles
each OFDM symbol with different scrambling sequences and selecting the sequence that
gives the smallest PAPR ratio. This chapter discusses all of these techniques, but first
analyzes the PAPR ratio distribution function. This will give a better insight in the PAPR
problem and will explain why PAPR reduction techniques can be quite effective.

3.1 Distribution of PAPR

The PAPR of the transmitted signal can be expressed as,
max |x(t)|2
PAPR = 0s<NT (3-1)

NlT ONT|x(t)|2dt

An approximation of NL equidistant points of x(t), is made where L is an integer
having the value equal to larger than 1. This L is called the “Oversampling Factor” and
“L-times oversampled” time domain samples are represented as a vector X=[X,,X,, ...

Xy.]" and obtained as,

N-1 .
x, = X(KT /L) = % > xne'z’*“AfT/L (3-2)

n=0,k=0,1,...,NL-1

The sequence {x,}can be deduced as the IFFT of data block X with (L—1)N zero
padding. The accuracy of PAPR is greatly increased with the choice of L=4[21]. The
PAPR computed from the L-times oversampled time domain signal samples is calculated
as,

max |x,|’

PAPR =Skl (3-3)

Elx,|]
where E[.]implicates the expectance.
For a discretized time domain samples of signal, the PAPR is expressed in the unit of
decibel [22, 23]. So the equation (6) will be rewritten as,

2
PAPR=10l0g M [dB] (3-4)
Ellx,|]
An OFDM system having N subcarriers, the sum of all the values of the signal, divided
by the total number of subcarriers, is the mean power of the signal and both being N,
gives the maximum PAPR as,

NZ

PAPR,, =~ =N (3-5)
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3.2 Complementary Cumulative Distribution Function (CCDF) of PAPR

The cumulative distribution function (CDF) of the PAPR is one of the most frequently
used performance measures for PAPR reduction techniques. In the literature, the
complementary CDF (CCDF) is commonly used instead of the CDF itself. The CCDF of
the PAPR denotes the probability that the PAPR of a data block exceeds a given
threshold. In [19] a simple approximate expression is derived for the CCDF of the PAPR
of a multicarrier signal with Nyquist rate sampling. From the central limit theorem, the
real and imaginary parts of the time domain signal samples follow Gaussian distributions,
each with a mean of zero and a variance of 0.5 for a multicarrier signal with a large
number of subcarriers. Hence, the amplitude of a multicarrier signal has a Rayleigh
distribution, while the power distribution becomes a central chi-square distribution with
two degrees of freedom. The CDF of the amplitude of a signal sample is given by,

F(Z) =1-e’ (3'6)
The CDF of the PAPR of a data block with Nyquist rate sampling is derived as,
P(PAPR<2)=F(2)" =(1-e )" 3-7)

from which the complementary CDF may be expressed as,
P(PAPR>7) =1-P(PAPR<2) (3 g)
=1-F()"
=1-(1-e )"
The assumption on which equation (11) is based on is, the N time domain samples
are mutually independent and uncorrelated. One limitation of this expression is that, the
accuracy of determining CCDF decreases if the number of subcarrier is reduced, since a

Gaussian assumption will no longer be satisfied. Therefore, a number of methods have
been proposed to derive more accurate distribution of PAPR [20-23].

The CCDFs are usually compared in a graph such as Fig. 1, which shows the CCDFs of
the PAPR of an OFDM signal with 256 and 1024 subcarriers (N = 256,1024) for
quaternary phase shift keying (QPSK) modulation and oversampling factor 4 (L = 4). The
CCDFs of the PAPR after applying one of the PAPR reduction techniques (i.e., the
selected mapping, SLM, technique with 16 candidates) are also shown in Fig. 1. For
details of the SLM technique, see the next section. The horizontal and vertical axes
represent the threshold for the PAPR and the probability that the PAPR of a data block
exceeds the threshold, respectively. It is shown that the unmodified OFDM signal has a
PAPR that exceeds 11.3 dB for less than 0.1 percent of the data blocks for N = 256. In
this case, we say that the 0.1 percent PAPR of the unmodified signal is 11.3 dB. The 0.1
percent PAPR of the unmodified signal is 11.7 dB for N = 1024. When SLM is used as a
PAPR reduction technique, the 0.1 percent PAPR for N = 256 and that for N = 1024
reduce to 8.1 dB and 8.9 dB, resulting in 3.2 dB and 2.8 dB reductions, respectively.
Speaking roughly, the closer the CCDF curve is to the vertical axis, the better its PAPR
characteristic.
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3.3 Bit Error Rate

The symbol rate of single carrier systems has to be high if they are to obtain a high bit
rate, and as a result, systems such as GSM require complex equalization (up to 4 symbol
periods) to cope with multipath propagation. GSM systems are designed to cope with a
maximum delay spread of 15 ms, which corresponds to the typical delay spread
experienced at a transmission distance of 30 - 35 km. The symbol rate for GSM is 270
kHz corresponding to a symbol period of 3.7 ms, thus ISI caused by the multipath spans
over 4 symbol periods. This would normally completely destroy the transmitted
information, but is recovered in practice by using complex adaptive equalization.
Although this works for robust modulation schemes such as Gaussian Minimum Shift
Keying (GMSK) [22], [23] as used in the GSM system, it is difficult to successfully
apply to higher modulation schemes, as the residual errors in the equalization will cause a
high error rate.

The BER greatly is dependent on the scheme used for symbol generation. QPSK and

BPSK have the same BER. In Figure 3-2 the BER for common symbol generation
methods are depicted,
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The BER for each symbol generating method can be calculated from,
SNR = 10log;,(Np) + EBNR 5 (3-9)

3.4 Current State of The Art PAPR reduction technique

Recently deployed OFDM systems use various state of the art PAPR reduction
techniques. Most common of them are:

e lterative Clipping and Filtering

e Partial Transmit Scheme

e Selective Mapping

e Companding
Researchers over the years have exploited many other reduction methods that are quite
promising. They are evaluated in terms of reduction achieved, BER, SER and
implementation complexity and efficiency. Some of these methods are:

e Hybrid PTS and SLM

e Active Constellation Extension

e Tone Rejection and Injection

e Distortion based methods as Exponential Companding
The existing methods are presented here with the reduction result in brief in the following

3.4.1 Clipping and Filtering

The simplest technique for PAPR reduction might be amplitude clipping [10]. Amplitude
clipping limits the peak envelope of the input signal to a predetermined value or
otherwise passes the input signal through unperturbed [42], that is,

x;|x| <A

B = i
(x) {Aem("); x| > 4

(3-10)

where f(x) is the phase of x. The distortion caused by amplitude clipping can be viewed
as another source of noise. The noise caused by amplitude clipping falls both in-band and
out-of- band. In-band distortion cannot be reduced by filtering and results in an error
performance degradation, while out-of-band radiation reduces spectral efficiency.
Filtering after clipping can reduce out-of-band radiation but may also cause some peak
regrowth so that the signal after clipping and filtering will exceed the clipping level at
some points. To reduce overall peak regrowth, a repeated clipping-and-filtering operation
can be used [11, 12]. Generally, repeated clipping-and-filtering takes many iterations to
reach a desired amplitude level. When repeated clipping-and-filtering is used in
conjunction with other PAPR reduction techniques described below, the deleterious
effects may be significantly reduced. There are a few techniques proposed to mitigate

the harmful effects of the amplitude clipping. In [43] a method to iteratively reconstruct
the signal before clipping is proposed. This method is based on the fact that the effect of
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clipping noise is mitigated when decisions are made in the frequency domain. When the
decisions are converted back to the time domain, the signal is recovered somewhat from
the harmful effects of clipping, although this may not be perfect. An improvement can be
made by repeating the above procedures. Another way to compensate for the
performance degradation from clipping is to reconstruct the clipped samples based on the
other samples in the oversampled signals. In [44] oversampled signal reconstruction is
used to compensate for signal-to-noise ratio (SNR) degradation due to clipping for low
values of clipping threshold. In [45] iterative estimation and cancellation of clipping
noise is proposed. This technique exploits the fact that clipping noise is generated by a
known process that can be recreated at the receiver and subsequently removed. In the
later figures it is illustrated that how much distortion is introduced through clippilg,

OFDM spectrum verses Clipping Distortion

No Distoftion
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Frequency (Carrier Spacings)

Figure 3-5 Spectrum of OFDM signal with clipping distortion.
The distortion is caused by clipping of the signal. The spectrum of the OFDM signal goes

up to 50% of the signal bandwidth (BW) from center and so the 55% BW from the center
result corresponds to the out of band energy just outside the pass band.
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3.4.2 Partial Transmit Sequence

In the PTS technique, an input data block of N symbols is partitioned into disjoint
subframes. The subcarriers in each subframe are weighted by a phase factor for that
subframe. The phase factors are selected such that the PAPR of the combined signal is
minimized. Figure 2 shows the block diagram of the PTS technique. In the ordinary PTS
technique [24, 25] input data block X is partitioned into M disjoint subframes Xm =
[Xm,0, Xm,1, ..., Xm,N-1]T, m =1, 2, ..., M, such that Sm=1 M Xm = X and the
subframes are combined to minimize the PAPR in the time domain. The L-times
oversampled time domain signal of Xm, m=1, 2, ..., M, is denoted xm = [xm,0, xm,1, ...,
Xxm,NL-1]T. xm, m =1, 2, ..., M, is obtained by taking an IDFT of length NL on Xm
concatenated with (L — 1)N zeros. These are called the partial transmit sequences.
Complex phase factors, bm = ejfm, m =1, 2, ..., M, are introduced to combine the PTSs.
The set of phase factors is denoted as a vector b = [b1, b2, ..., bM]T. The time domain
signal after combining is given by,

x’(b) = %:1 bmXm (3'11)

where x¢(b) = [x0¢(b), x1¢(b). ... xNL-1¢(b)]T. The objective is to find the set of phase
factors that minimizes the PAPR. Minimization of PAPR is related to the minimization of

maxo<x<ni—1 %k (D)] (3-12)

In general, the selection of the phase factors is limited to a set with a finite number of
elements to reduce the search complexity. The set of allowed phase factors is written as P
={ej2pl/W ¢l =0, 1, ..., W— 1}, where W is the number of allowed phase factors. In
addition, we can set b1 = 1 without any loss of performance. So, we should perform an
exhaustive search for (M — 1)phase factors. Hence, WM-1 sets of phase factors are
searched to find the optimum set of phase factors. The search complexity increases
exponentially with the number of subframes M. PTS needs M IDFT operations for each
data block, and the number of required side information bits is log2WM-1, where denotes
the smallest integer that does not exceed y. The amount of PAPR reduction depends on
the number of subframes M and the number of allowed phase factors W. Another factor
that may affect the PAPR reduction performance in PTS is the subframe partitioning,
which is the method of division of the subcarriers into multiple disjoint subframes. There
are three kinds of subframe partitioning schemes: adjacent, interleaved, and pseudo-
random partitioning [25]. Among them, pseudo-random partitioning has been found to be
the best choice. The PTS technique works with an arbitrary number of subcarriers and
any modulation scheme.

As mentioned above, the ordinary PTS technique has exponentially increasing search
complexity. To reduce the search complexity, various techniques have been suggested. In
[26] iterations for updating the set of phase factors are stopped once the PAPR drops
below a preset threshold. In [27-29] various methods to reduce the number of iterations
are presented. These methods achieve significant reduction in search complexity with
marginal PAPR performance degradation.
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In the SLM technique, the transmitter generates a set of sufficiently different candidate
data blocks, all representing the same information as the original data block, and selects
the most favorable for transmission [30, 31]. A block diagram of the SLM technique is
shown in Fig. 4. Each data block is multiplied by U different phase sequences, each of

length N, B(u) = [bu,0, bu,1, ..

, buN-1]T,u=1,2, ..., U, resulting in U modified data

blocks. To include the unmodified data block in the set of modified data blocks, we set
B(1) as the all-one vector of length N. Let us denote the modified data block for the uth
phase sequence X(u) = [XO0bu,0, X1bu,l, ..
applying SLM to X, the multicarrier signal becomes,

.» XN-1bu,N-1]T, u = 1, 2, ..., U. After

x® = viw YN X, by el 0 < t < NT,u = 1,2, ..., U (3-12)
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Among the modified data blocks X(u), u =1, 2, ..., U, the one with the lowest PAPR is
selected for transmission. Information about the selected phase sequence should be
transmitted to the receiver as side information. At the receiver, the reverse operation is
performed to recover the original data block. For implementation, the SLM technique
needs U IDFT operations, and the number of required side information bits is élog2Uu
for each data block. This approach is applicable with all types of modulation and any
number of subcarriers. The amount of PAPR reduction for SLM depends on the number
of phase sequences U and the design of the phase sequences. In [32] an SLM technique
without explicit side information is proposed.

Example: Here, we show a simple example of the SLM technique for an OFDM system

with eight subcarriers. We set the number of phase sequences to U = 4. The data block to
be transmitted is denoted X = [1, -1, 1, 1, 1, -1, 1, —-1]T whose PAPR before applying
SLM is 6.5 dB. We set the four phase factors as B(1) =[1,1,1,1,1, 1, 1, 1]T, B(2) = [-1,
-1,1,1,1,1,1, -1]T,BB) = [-1,1,-1,1,-1,1, 1, 1]T,and B(4) = [1, 1,-1,1,1, -1, 1,
1]T. Among the four modified data blocks X(u), u=1, 2, 3, 4, X(2), has the lowest PAPR
of 3.0 dB. Hence, X(2) is selected and transmitted to the receiver. For this data block, the
PAPR is reduced from 6.5 to 3.0 dB, resulting in a 3.5 dB reduction. In this case, the
number of IDFT operations is 4 and the amount of side information is 2 bits. The amount
of PAPR reduction may vary from data block to data block, but PAPR reduction is
possible for all data blocks.

3.4.4 Active Constellation Extension

Active constellation extension (ACE) is a PAPR reduction technique similar to T1 [23].
In this technique, some of the outer signal constellation points in the data block are
dynamically extended toward the outside of the original constellation such that the PAPR
of the data block is reduced. The main idea of this scheme is easily explained in the case
of a multicarrier signal with QPSK modulation in each subcarrier. In each subcarrier
there are four possible constellation points that lie in each quadrant in the complex plane
and are equidistant from the real and imaginary axes. Assuming white Gaussian noise,
the maximum likelihood decision regions are the four quadrants bounded by the axes;
thus, a received data symbol is decided according to the quadrant in which the symbol is
observed. Any point that is farther from the decision boundaries than the nominal
constellation point (in the proper quadrant) will offer increased margin, which guarantees
a lower BER. We can therefore allow modification of constellation points within the
quarter-plane outside of the nominal constellation point with no degradation in
performance. This principle is illustrated in Fig. 3-7, where the shaded region represents
the region of increased margin for the data symbol in the first quadrant. If adjusted
intelligently, a combination of these additional signals can be used to partially cancel
time domain peaks in the transmit signal. The ACE idea can be applied to other
constellations as well, such as QAM and MPSK constellations, because data points that
lie on the outer boundaries of the constellations have room for increased margin without
degrading the error probability for other data symbols. This scheme simultaneously
decreases the BER slightly while substantially reducing the peak magnitude of a data
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block. Furthermore, there is no loss in data rate and no side information is required.
However, these modifications increase the transmit signal power for the data block, and
the usefulness of this scheme is rather restricted for a modulation with a large
constellation size. It is possible to combine the TR and ACE techniques to make the
convergence of TR much faster [46].

Figure 3-8 ACE Constellation Diagram
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CHAPTER 4

EXPONENTIAL TRANSFORMATION TECHNIQUE

In the proposed method, the sequential steps of generating the time domain signal prevail,
with some modification to achieve the purpose of PAPR reduction.

4.1 Mathematical Representation

To portray a thorough depiction of the modification, a brief procedure of OFDM signal
generation is presented. First the data to be transmitted is converted from one serial
stream to several parallel bit streams. Then to generate data symbols from parallel bit
streams, QPSK-Modulation scheme is applied on the data bits. After the application of
the aforementioned mapping technique, each symbol is comprised of 2 data bits. Next
depending on the value of oversampling factor, the parallel data symbol streams are
padded with zeroes. Mathematically, these parallel streams of QPSK-Modulated data
symbols can be denoted as a vector, X = [Xy, Xa,......,, Xn-1] Where N is the number of
parallel data streams. Afterwards, these parallel data undergoes the IFFT operation and
generates the time domain subcarrier signals. For simplicity of mathematical
interpretation, let us consider one such time domain subcarrier signal represented as,

X,(t)= X, | " (4-1)
where | X_ | stands for the magnitude and e'*® represents the phase.

Now in the case of conventional OFDM signal generation, these parallel subcarrier
signals are converted into one serial representation which is transmitted via the channel.

The modification according to the proposed method is introduced right after the IFFT
conversion of parallel frequency signals and immediately before the parallel to serial
conversion of the time domain subcarrier signals. Each time domain data stream is

transformed to its equivalent negative exponential value, represented by the following
equation,

y(t) =e "0 <t <NT (4-2)
where y(t) refers to the negative exponential value of the signal x, (t)

After the transformation of the parallel signals, derived parallel streams are converted
into a single stream and are ready to be transmitted now.
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4.2 Block Diagram

S/P ' IFFT : e~ : P/

A 4

Figure 4-1 A Block Diagram Representation of Exponential Transform

Above figure illustrates the sequence of operations to generate the OFDM transmitter
signal, with reduced PAPR according to the proposed method.

Using the negative exponential, instead of the actual time domain signal achieved after
the IFFT, changes the statistical distribution of the signal. Dissimilar to the method of
iterative clipping and filtering, where the amplitudes of the resultant peaks from the
superposition sum are bounded and clipped off beyond a threshold [28] or the
modification of phase introduced by PTS implementation [29], the proposed method
alters both magnitude and phase, regardless of the manner of symbol generation from the
digital bit stream.

In most of the techniques of PAPR reduction, the peaks, along with the adjacent values to
the peaks are reformed to achieve the anticipated reduction result. Inferred from the
equation (7) which computes the PAPR of a signal, there is a fact that the reduction of
peak values would also decrease the average power of the signal. Since the average
power of a signal holds an inversely proportional relation to the peak to average power
ratio, a deduction of average power would result in an increase in PAPR consequently.
But in the proposed routine, instead of reducing only the peak values, the other values
smaller compared to the peak are raised in magnitude and corresponding phases are
modified resulting in an incremented average power of the signal, while at the same
instant, diminishing the peak values.
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4.3 Modification at the Receiver

Resultant modification in the demodulation of the received signal is the complementary
operation, performed in the transmitter. Right after receiving, the whole signal is
required to go under a logarithmic operation to complement the exponential
transformation performed at the transmitter and each data symbol is multiplied by e’* to
get back the actual time domain signal, intended to be transmitted without introducing the
adaptation imposed by the suggested process. The equation referring to the logarithmic
transformation can be defined as in the following

X, (t) = log, {y(®)} xe’" (4-3)
where y(t) corresponds to the received signal and x_(t) represents the time domain
signal obtained after the logarithmic conversion.

Mathematically using Euler’s equation multiplication with e'” can be interpreted as,
el” =cos(r) + jxsin(xz)
=-1
After the logarithmic transformation, the signal undergoes the Fast Fourier Transform

(FFT) and the rest of the processing follows the successive procedures as particularized
in the rudimentary perception of demodulation and detection of OFDM signal.

4.4 Simulation Results

In this section, we present the computer based simulation of our proposed technique. The
simulation results are obtained using MATLAB 2016a software. The simulation
parameters are listed in the following table,

Simulation Parameters
Number of Bits 10000
Number of Subcarrier, N 64, 128, 256
Oversampling Factor, L 4
Phase Factor for PTS 1,-1,1j, -1j
Candidates for SLM 16, 32, 64
Companding Factor, 115

Table 4-1 Listing of Simulation parameters
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In order to generate the data symbols from the number of test bits, we used QPSK
modulation technique. So each data symbol carries equivalent information of two bits of
data. Since we utilized an oversampling factor of four, a Gaussian distribution
assumption of the data block prevails. Accordingly, the simple expression for derivation
of PAPR can be used to determine the accurate distribution of PAPR for a data block.
The oversampling factor of 4 together with the number of subcarriers would determine
the amount of zero padding. For the case of 64 subcarriers, there would be 192 number of
zeroes padded to each data block. The amount of zero padding would be calculated from
(L=1)N. The IFFT and FFT implementation, necessary for the OFDM modeling, are

implemented using the built in functions of MATLAB since it provides results similar to
the theoretical derivation. For clear distinction, we have displayed the simulation results
of different methods in different subsections. To illustrate the superiority of the proposed
technique, we have also portrayed a comparison between our method and conventional
methods such as PTS and SLM. Also we have reproduced the output of some recently
developed methods such as Hybrid method [30] and combined implementation of both
Companding and Precoding [31] in order to reduce PAPR. To summarize the reduction
results, finally a table is presented, where a comparison of existing and proposed method
will be drawn.

10°

T T “l-\ T T

by Conventional OFDM

E Exponential Tranform with 64 Subcarriers

x‘\ Exponential Tranform with 128 Subcarriers
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Figure 4-2 CCDF vs PAPR Plot for 64, 128 and 256 subcarriers using Exponential
Transform.
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Figure 4-3 Comparison of PAPR Reduction between Existing and Proposed
Exponential Transform Method

For evaluation of the numerical reduction achieved we considered a CCDF level of 1073
and noted the values of the corresponding PAPR. The result is presented in the form of a

table below
Reduction Compared To Exponential Transform with N subcarriers
N =64 N =128 N =256
PTS 2.6934dB 2.9611dB 3.1287dB
SLM 5.3946dB 5.7127dB 5.8955dB
PTS and SLM Hybrid 2.1239dB 2.3910dB 2.5576dB
Companding 1.6137dB 1.8923dB 2.0649dB

Table 4-2 Numerical Reduction Results
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CHAPTER 5

Nth ROOT EXPONENTIAL TRANSFORM

With exponential transform, it is possible to achieve satisfactory PAPR reduction.
However, since exponential transformation is distortion based technique, it alters the
statistical distribution of the signal spectra and causes the min values to rise significantly.
Thus the signal becomes more susceptible to noise and other channel induced
interference.

If we introduce an AWGN channel of SNR say 50 dB the resultant BER for exponential
method is quite high. In order to mitigate this loss of BER, we need to utilize coded
channel. A convolution coding with code constraint length of k = 8, will give a
satisfactory outcome at the cost of redundant bits.

A solution, to this limitation of exponential transform would be to introduce some scaling
factor that maintains the signal average value close to a constant level and at the same
time fulfills the goal of achieving reduced PAPR. With a simple modification of the
proposed method of Exponential Transform and Combining it with N times root we can
attain desired results. This method involves the computation of mean square average
power of the signal and is named as Nth Root Exponential Transform.

5.1 Mathematical Representation

To portray a thorough depiction of the modification, a brief procedure of OFDM signal
generation is presented. First the data to be transmitted is converted from one serial
stream to several parallel bit streams. Then to generate data symbols from parallel bit
streams, QPSK-Modulation scheme is applied on the data bits. After the application of
the aforementioned mapping technique, each symbol is comprised of 2 data bits. Next
depending on the value of oversampling factor, the parallel data symbol streams are
padded with zeroes. The representation of data blocks given in Chapter 4 persists here
too. The only modification is in the block of exponential transform. First we compute the
mean square average of the sub frame under consideration,

1 pnr 2
= — x(t)| dt 5-1
==l X (5-1)

where u denotes the mean square average of the signal.

Afterward a modified form of equation (4-2) is used to calculate the Nth root exponential
equivalent of the time domain parallel stream of data.
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If we represent the computed exponential values as y(t), then it can be written as,

n|1+e—*c(®)
t) =
y(t) / T

where X(t) is the time domain signal.

(5-2)

This modified method maintains the signal average power level after the alteration. Also
this transforms the signal into a Rayleigh Distribution which has is more efficient in a
noisy channel.

5.2 Block Diagram

Below is a block diagram representation of the proposed method

=¥¢(f)

5/ ' EFE | ¢ | P/s

Figure 5-1 Block Diagram of Nth root Exponential Transform

The modification can be achieved by only replacing the exponential block with the
required modified expression. Using the negative exponential, instead of the actual time
domain signal achieved after the IFFT, changes the statistical distribution of the signal.
Dissimilar to the method of iterative clipping and filtering, where the amplitudes of the
resultant peaks from the superposition sum are bounded and clipped off beyond a
threshold [28] or the modification of phase introduced by PTS implementation [29], the
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proposed method alters both magnitude and phase, regardless of the manner of symbol
generation from the digital bit stream.

5.3 Simulation Results

The oversampling factor of 4 together with the number of subcarriers would determine
the amount of zero padding. For the case of 64 subcarriers, there would be 192 number of
zeroes padded to each data block. The amount of zero padding would be calculated from

(L=DN The IFFT and FFT implementation, necessary for the OFDM modeling, are
implemented using the built in functions of MATLAB since it provides results similar to
the theoretical derivation. For clear distinction, we have displayed the simulation results
of different methods in different subsections. To illustrate the superiority of the proposed
technique, we have also portrayed a comparison between our method and conventional
methods such as PTS and SLM. Also we have reproduced the output of some recently
developed methods such as Hybrid method [30] and combined implementation of both
Companding and Precoding [31] in order to reduce PAPR. To summarize the reduction
results, finally a table is presented, where a comparison of existing and proposed method
will be drawn.

In implementing the Companding along with precoding method for PAPR reduction, we
used p-law as proposed in [31]. The value of p, the companding factor, has the range
from 1 to 255. For our case we chose p to be 115. The table contains the summery of
reduction analysis from a numerical point of view. Rather than using a definitive
comparison scale, we have investigated the average reduction realizable using the
proposed method for different numbers of subcarriers.

Simulation Parameters
Number of Bits 10000
Root Power, N 1,2,3,10
Oversampling Factor, L 4
Phase Factor for PTS 1,-1,1j, -1j
Candidates for SLM 16, 32, 64
Companding Factor, u 115

Table 5-1 List of Simulation Parameters
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Now in order to estimate the reliability of the proposed method we applied it to transmit a
picture. In the transmitter side equation (5-2) was implemented and in the receiving side
we performed complementary operations. The before and after transmission result is
shown below

Original Image Recovered Image

Figure 5-5 Representation of the Output Using Nth Root Exponential
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CHAPTER 6

CONCLUSION

The two proposed methods are reasonably simple to implement. Both provide excellent
PAPR reduction than the current state of the art technologies used. Since OFDM is a
candidate for being the adequate system for 5™ Generation communication technology, it
needs rigorous improvement. The shortcomings of OFDM restrict its deployment only to
the uplink of 4G LTE systems. If it is possible to eliminate these problems than OFDM
can be used with much ease and flexibility in both uplink and downlink.

Multicarrier transmission is a very attractive technique for high-speed transmission over a
dispersive communication channel. The PAPR problem is one of the important issues to
be addressed in developing multicarrier transmission systems. In this article we describe
some PAPR reduction techniques for multicarrier transmission. Many promising
techniques to reduce PAPR have been proposed, all of which have the potential to
provide substantial reduction in PAPR at the cost of loss in data rate, transmit signal
power increase, BER increase, computational complexity increase, and so on. No specific
PAPR reduction technique is the best solution for all multicarrier transmission systems.
Rather, the PAPR reduction technique should be carefully chosen according to various
system requirements. In practice, the effect of the transmit filter, D/A converter, and
transmit power amplifier must be taken into consideration to choose an appropriate PAPR
reduction technique.

In this thesis, a simple probabilistic approach for reducing PAPR is exploited. The
transformation into exponential equivalent alters the signal average and makes it close to
the peak values. And as such implementation of such a system might make it impractical.
If the peak powers are not scaled down then, it would result in more power consumption
and the battery will drain out quickly. So it will not be favorable with a view to energy
efficiency. But the current techniques are not out of the flaw as well. PTS and SLM
require the transmission of sufficient data as SI. This creates less bit rate efficiency and
spectral redundancy. Exponential Transform is free from SI.

In this paper, the problem of high PAPR of OFDM systems has been addressed.
Simulation Results depict the improved performance of the proposed method over the
various conventional techniques currently employed. It is to be noted that general
applicability of a reduction method for a multi-carrier system is based on its utilization.
Better performance can be achieved with the increased number of subcarriers. One of the
major drawbacks of the proposed scheme is that, it does not address the concern of bit
error probability. Rather with the increase of subcarriers, the bit error rate would increase
exponentially. Future enhancement of the exponential transformation technique would
comprise of error correction coding for improved bit error rate along with reduced PAPR
at the transmitter.
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Future Works

We have evaluated our proposals in terms of PAPR reduction only. We did not took the
BER or SER into consideration

Future elaboration of these proposals would be achieving good BER along with reduced

PAPR.

Also in order to decrease noise vulnerability, we would try to implement convenient
channel coding techniques of higher order than that was introduced in this thesis.

Analytical expression for BER with joint ICI would be developed
Analytical expression of BER for exponential transform would be investigated

Using more advanced RGB image the reliability of the system is going to be
tested

Higher order Nth rooting would be implemented considering average signal level

BER for Nth root Exponential Transform will be established
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