New Peak-to-Average Power Ratio Reduction Schemes

for OFDM Systems

Peng Liu

A Thesis
in
The Department
of

Electrical and Computer Engineering

Presented in Partial Fulfillment of the Requirements
for the Degree of Master of Applied Science at
Concordia University

Montreal, Quebec, Canada

January 2004

© Peng Liu, 2004



3

National Library
of Canada

Acquisitions and
Bibliographic Services

395 Wellington Street
Ottawa ON K1A ON4

Canada Canada

The author has granted a non-
exclusive licence allowing the
National Library of Canada to
reproduce, loan, distribute or sell
copies of this thesis in microform,
paper or electronic formats.

The author retains ownership of the
copyright in this thesis. Neither the
thesis nor substantial extracts from it
may be printed or otherwise
reproduced without the author's
permission.

Bibliotheque nationale
du Canada

Acquisisitons et
services bibliographiques

395, rue Wellington
Ottawa ON K1A ON4

Your file Votre référence
ISBN: 0-612-91071-7
Our file  Notre référence
ISBN: 0-612-91071-7

L'auteur a accordé une licence non
exclusive permettant a la

Bibliothéque nationale du Canada de
reproduire, préter, distribuer ou
vendre des copies de cette these sous
la forme de microfiche/film, de
reproduction sur papier ou sur format
électronique.

L'auteur conserve la propriété du
droit d'auteur qui protége cette thése.
Ni la thése ni des extraits substantiels
de celle-ci ne doivent étre imprimés
ou aturement reproduits sans son
autorisation.

In compliance with the Canadian
Privacy Act some supporting
forms may have been removed
from this dissertation.

While these forms may be included
in the document page count,

their removal does not represent
any loss of content from the
dissertation.

| Lol ]

Canada

Conformément a la loi canadienne
sur la protection de la vie privée,
guelques formulaires secondaires
ont été enlevés de ce manuscrit.

Bien que ces formulaires
aient inclus dans la pagination,
il n'y aura aucun contenu manquant.



11



ABSTRACT

New Peak-to-Average Power Ratio Reduction Schemes for

OFDM Systems

Peng Liu

It is known that the orthogonal frequency division multiplexing (OFDM) modulation is
very suitable for high-speed wireless transmission systems due to its bandwidth
efficiency and ability in coping with multipath fading. However, the large peak-to-
average power ratio (PAPR) of an OFDM signal limits the application of OFDM to a
certain degree.

The research focus of this thesis is on the study of some new PAPR reduction schemes
for OFDM systems. In the first part of the thesis, we investigate the peak windowing
method, the clipping method, and a combination of the two techniques with an emphasis
on the performance assessment of the transmitted OFDM signal using the combination
scheme. We start with the review of the two typical signal distortion techniques and point
out their advantages and shortcomings. We then propose a combination scheme for the
two techniques in order to overcome their drawbacks. In the proposed combination
scheme, a weighting function is used to remove instantaneous signal peaks and then a
hard-limiting is utilized for the reduction of the overall peak powers. A modified IDFT

interpolation is developed and employed in the combination scheme to improve the

iii



interpolation precision of the time-domain OFDM signal. The performance of the
proposed combination scheme, that is, the bit error rate (BER) and the out-of-band
radiation of the OFDM signal spectrum, is analyzed through computer simulation and is
also compared with that of the existing distortion methods.

The second part of the thesis is concerned with a class of non-signal-distorted PAPR
reduction techniques using the so-called partial transmit sequences (PTS). A phase
adjustment PTS (PAPTS) method is first proposed, which seeks a set of optimum phase
factors for the combination of signal subblocks in order to minimize the PAPR. The
second PAPR reduction scheme proposed in this aspect is the amplitude adjustment based
PTS (AAPTS) method. This method is to determine a set of amplitude factors or gains
for signal subblocks in order to find a combination of these subblocks that achieves the
minimum PAPR. The proposed PAPTS and AAPTS techniques can reduce the
computational complexity of the conventional PTS method and increase the system
flexibility as a result of making full use of the continuous phase/amplitude adjustment in
the search process. The performances of the new schemes are evaluated through
extensive simulations carried out using the Matlab software package for various
parameters such as the number of signal subblocks, the number of iterations and the
signal-to-noise ratio. It is demonstrated that the proposed schemes provide significant
computational savings while yielding a PAPR reduction performance that is similar to

that of the conventional PTS method.
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Chapter 1

Introduction

With the increasing demand on simultaneous voice, video, and data communication over
the internet along with the growing interest in the design and development of the next-
generation wireless communications systems, it has become necessary to develop new
transmission techniques that are able to accommodate high bit-rate wideband signals and
to cope well with the multipath fading of wireless channels. Multicarrier modulation
(MCM) was initially proposed in 1950s for the solution of high bit-rate wireless
transmission [1]. The basic idea of MCM is to divide an overall high bit-rate stream into
several parallel sub-streams, each sub-stream having a much lower bit rate and being
modulated with a single carrier. Orthogonal frequency division multiplexing (OFDM) is
relatively a new technique that has been proposed for the realization of multicarrier
modulation [2]. Unlike the traditional frequency division multiplexing (FDM) technique
where each carrier uses a single frequency band and the spectrums for different carriers
do not overlap, OFDM allows the spectrums from different subcarriers to be overlapped

as long as these subcarriers are orthogonal, and therefore, provides a more efficient use of



spectrums and channel resources. OFDM also makes it possible to use the very powerful
inverse fast Fourier transform (IFFT) for the signal generation in the transmitter [3],[4].
The OFDM technique has been investigated considerably along with its
implementation issues in the last decade [5]-[8] and has found a large number of
applications in military systems [9],[10] as well as in many other fields such as digital
audio broadcasting (DAB), asymmetric digital subscriber lines (ADSL), and high-
definition television (HDTV) terrestrial broadcasting [11]. This chapter presents a brief
introduction to the multicarrier modulation system and OFDM technique, followed by the

research focus and the organization of the thesis.

1.1 Multicarrier Modulation System

In a traditional single carrier transmission system as shown in Fig. 1.1, the transmitted
symbols are pulse shaped by a transmit filter and then modulated with a single carrier
frequency. At the receiver, the same carrier frequency is used for demodulation and a
matched filter is employed to maximize the signal-to-noise ratio (SNR) of the received
data. Note that in a single carrier system, the intersymbol interference (ISI) may get very
severe when the data rate is large because of the short symbol interval. Also, for the
wireless transmission of high bit-rate data, the multipath fading becomes considerable. In
order to reduce the ISI and the impact of multipath fading on the transmission
performance, it is necessary to increase the symbol duration. For this purpose, the

multicarrier modulation has been proposed.
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Fig. 1.1 Basic model for a single carrier system

Fig. 1.2 shows a simplified multicarrier system, where the original data stream at rate
R is split into N parallel sub-streams at rate R/N. Each sub-stream is pulse shaped and
modulated with a distinct sub-carrier in the transmitter. Similarly, N sub-carriers and
matched filters are used at the receiver for the demodulation of the N sub-signals. Due to
the fact that the symbol duration for each sub-carrier is increased by a factor of &, the ISI

and the effect of multipath fading are alleviated significantly.
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Fig. 1.2 Basic model for a multicarrier system

In a traditional multicarrier modulation system, the subcarriers should be chosen such

that the spectrums of the sub-carrier signals do not overlap. As such, there is no cross-talk



(inter-carrier interference) among subcarriers. On the other hand, this scheme is not
efficient in view of the spectral efficiency, since a large bandwidth is required for the
transmission of non-overlapped multicarrier signals. To make a better use of the limited
frequency resource, the idea of OFDM that utilizes the overlapped spectrum strategy was
proposed in mid 1960’s. The OFDM technique requires that the subcarriers be orthogonal

to each other in order to avoid the inter-carrier interference.

1.2 OFDM Technique

The OFDM technique can be viewed as a special form of MCM with densely overlapped
subcarriers. The basic idea is to spread the data to be transmitted over a large number of
subcarriers, each subcarrier modulated with a much lower bit-rate data stream. These
subcarriers are made orthogonal to each other by appropriately choosing the frequency
spacing. In contrast to the conventional technique of using the frequency division

multiplexed signals, the spectral efficiency of an OFDM signal is improved significantly.
1.2.1 Generation of OFDM Signals

An OFDM signal consists of a sum of subcarriers that are usually modulated by phase
shift keying (PSK) or quadrature amplitude (QAM) signals. The equivalent complex

baseband formulation of the OFDM signal can be expressed as [12]

¥

2 -
sty = Sd, ), expl j27r%(t—ts)), t<t<t +T
. N

j=——

(1.1)

s(t)=0, t<t, or t>t +T



where d, is the transmitted symbol, N the number of subcarriers, ' the symbol
duration, and ¢, the starting time of the OFDM symbol. Note that the final passband

OFDM signal s(t) contains the in-phase and quadrature components that correspond,
respectively, to the terms multiplied, by the cosine and sine of the desired carrier
frequency (radio frequency). The formulation of baseband OFDM signal is illustrated in
Fig. 1.3, where the serial-to-parallel conversion is to split the input high-rate data stream
to a number of lower-rate sub-datastreams. The N multipliers are used for the modulation

of the sub-datastreams with N subcarriers.

exp(—jaN(t—t,)/T)

&

Serial
Input > to . OFDM
data parallel exp(jn(N -2)(t—t,)/T) signal

conversion

Fig. 1.3 OFDM modulator

Note that each subcarrier has exactly an integral number of cycles in one OFDM
symbol interval T, and the number of cycles between the adjacent subcarriers differs
exactly by one. This property accounts for the orthogonality between the subcarriers. The
orthogonality is also reflected in the spectrum of an OFDM signal. Fig. 1.4 shows the

spectrum of one OFDM symbol, which represents a superposition of a number of sinc

functions, each corresponding to a single rectangular pulse specified by d, and



modulated with a particular subcarrier in the time-domain. It is of interest to note that the
spectrum of each subcarrier has a null at the centre frequency of any other subcarriers in
the system although the spectrums from different subcarriers are overlapped. This is due
to the identical frequency spacing (1/T) between the subcarriers and the nature of the
spectrum of the rectangular pulse. In order to maintain the orthogonality between the
subcarriers in an OFDM system, it is required that the receiver and the transmitter be
perfectly synchronized, implying that both the transmitter and receiver have to employ
exactly the same subcarrier frequencies.

In order to combat with a multipath delay in wireless channels that may cause
intercarrier interference, the so-called guard interval between OFDM symbols is usually
employed. In the guard interval/time, an OFDM symbol is extended by repeating the tail
of that symbol. As long as the length of the guard interval is not smaller than the
maximum delay caused by the multipath fading, the orthogonality between subcarriers

can still be preserved.

0.8} 4

0.6 -

0.4] ]

Amplitude

0.2} .

0.4 1 L 1 L I L 1
0 1 2 3 4 5 6 7 8
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Fig. 1.4 The diagram of the orthogonality principle



1.2.2 DFT/IDFT in OFDM Systems

In a practical OFDM system, the baseband signal given by (1.1) is usually sampled and
processed in a digital fashion. As a result, the inverse Fourier transform (IDFT) can
readily be used to generate a discrete-time OFDM signal. This can be seen by sampling

s(t)in (1.1) as

L in
s(n) = d, exp(j2m ), (12)
i=0

where N represents the number of samples per OFDM symbol T . Obviously, the IDFT
can be more efficiently implemented by using the inverse fast Fourier transform (IFFT)
when N is chosen as a power of 2. It is also clear that in the receiver, a DFT with the
same size as the IDFT in the transmitter is required to perform the demodulation of the
OFDM signal, which can therefore be implemented efficiently by utilizing the fast DFT
(FFT). Fig. 1.5 shows the application of the IDFT and DFT in an OFDM system. We
have assumed that the input data are first modulated with an existing quadrature
modulation schemes such as QPSK (quadrature phase shift keying) and QAM
(quadrature amplitude modulation), and then are converted into parallel signals. Note that
a parallel-to-serial converter is required after the IFFT operation in the transmitter in
order to obtain a serial discrete-time OFDM signal. In the next chapter, it will be shown
that a few additional modules, pulse shaping, digital-to-analog (D/A) conversion, radio
frequency modulation (baseband to passband conversion), are needed for the

transmission of OFDM signals.
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Fig. 1.5 Basic OFDM system (a) transmitter, and (b) receiver
1.2.3 Advantages and Obstacles of OFDM

Due to the spectral efficiency and the robustness to multipath fading, OFDM has found
important applications in broadcasting and wireless local area networks (WLAN). It has
already been adopted by IEEE 802.11a and the type-2 high performance local area
network (HIPERLAN/2). It has also been proposed for the fourth generation mobile
communication systems.

The major advantages of OFDM can be summarized as follows:

a. An equalizer that is normally needed in a traditional single-carrier wireless
communication system can be waived in OFDM systems due to the robustness of
the OFDM technique to multipath fading, thus reducing the implementation
complexity of the overall system.

b. OFDM is robust against a narrowband interference, since such as an interference

usually affects only a small number of subcarriers in the system.



c. OFDM is very suitable for digital broadcasting systems.

d. Inrelatively slow time-varying channels, it is possible to significantly enhance the
capacity by adjusting the data rate for a subcarrier according to the targeted
signal-to-noise ratio set for that particular subcarrier.

On the other hand, there are some obstacles that need to be overcome in the
implementation of OFDM systems. The major drawbacks of OFDM are its highly
sensitive to frequency error and large peak-to-average power ratio. The frequency error is
usually caused by the carrier offset either in the transmitter or in the receiver. In mobile
communication systems, a fast movement of mobile terminal also gives rise to a
frequency offset known as the Doppler frequency shift. The frequency error causes a
number of impairments, including the attenuation and rotation of the subcarriers, and the
intercarrier interference (ICI). Therefore, in OFDM systems, a small frequency error can
cause dramatic performance degradation. The large peak-to-average power ratio (PAPR)
normally appears after the IDFT operation in the transmitter, which is critical for
transmission. Unless the analog power amplifier has a very large dynamic range, the
large peaks of an OFDM signal would drive it into the non-linear region, causing signal
distortion and the out-of-band radiation. Therefore, it is highly desirable to reduce the
PAPR. This thesis is concerned with developing techniques for reducing the PAPR and

addressing the relevant implementation issues.

1.3 The Scope and Organization of the Thesis

In this thesis, the focus is on the study of several major PAPR reduction methods for

OFDM signals, including the peak windowing and clipping based reduction methods, the



partial transmit sequence method, and the amplitude and phase adjustment schemes. The
computational complexity and some of the implementation issues pertaining to these
reduction techniques are also discussed.

The thesis is organized as follows. Chapter 2 serves as a brief overview of OFDM
systems and some of the existing PAPR reduction techniques. It starts with the structure
of a general OFDM system covering the transmitter, receiver and the various constituent
modules, followed by a discussion of the peak-to-average power ratio and its cumulative
probability distribution function. The emphasis is placed on the investigation of some
typical PAPR reduction methods based on which new reduction approaches are
developed in following chapters.

Charter 3 presents a PAPR reduction technique based on the windowing and clipping
of the OFDM signal peaks. The idea of using either the windowing or clipping alone has
been proposed in literature. However, little work has been done with regard to the joint
application of the two methods and their combination schemes. In this chapter, a method
that employs a peak windowing followed by clipping is proposed for the PAPR
reduction. Computer simulation of the proposed method and comparison with some of
the existing schemes are carried out. A modified discrete Fourier transform (DFT) based
interpolation scheme is also proposed in order to improve the precision for OFDM signal
interpolation.

In Chapter 4, an in-depth study of the partial transmit sequence (PTS) technique is
undertaken. A framework of splitting a block of data into a number of subblocks and then
applying different weights to these subblocks to achieve an optimum combination in the

sense of minimizing the PAPR is established. Under this framework, a few PTS based
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PAPR reduction schemes including the phase adjustment and the amplitude adjustment
methods are then developed. The proposed new methods are simulated and compared
with the traditional PTS method in terms of both the PAPR reduction performance and
the computational complexity.

Finally, Chapter 5 concludes the thesis by highlighting the significant results from this

study and providing some suggestions for future research.

11



Chapter 2

An Overview of PAPR Reduction Methods

2.1 Introduction

As stated in Chapter 1, a large peak-to-average power ratio (PAPR) would cause the
power amplifier used in an OFDM system to be driven in the saturation region, thus
leading to signal distortion. The classical remedy for this PAPR problem is to use a linear
amplifier with a large dynamic range. This solution, however, imposes a stringent
requirement on the analog devices in both the transmitter and receiver, and therefore,
increases the cost of the system. In the last decade, many PAPR reduction methods have
been proposed from the signal processing perspective. Most of these methods have
focused on the discrete-time version of the baseband OFDM signal resulting from the
IFFT module and attempted to decrease the instantaneous power of the signal before
transmission.

This chapter starts with a brief description of typical OFDM modulation systems
followed by a discussion of the issues related to the PAPR problem including the
computation and distribution of the PAPR and schemes for its reduction. The emphasis is

placed on the overview of some typical PAPR reduction techniques.
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2.2 A Typical OFDM System

Fig. 2.1 illustrates a typical OFDM communication system that includes the transmitter,
the channel and the receiver. The detailed modules in both transmitter and receiver are
also shown in the diagram. The serial bit stream input to the transmitter is first converted
into parallel data and then mapped to complex signals such as QPSK or QAM symbols.
These parallel complex symbols are sent to the IFFT block for orthogonal modulation.
The output of IFFT is then converted back to serial data stream to form the time-domain
digital OFDM signal. A guard interval is normally inserted between the OFDM symbols
in order to avoid the intersymbol interference (ISI) caused by the multipath distortion.
The digital baseband OFDM signal with the guard interval properly inserted is converted
into its analog version, and then lowpass-filtered and radio frequency (RF) modulated for
transmission.

The receiver performs the inverse process of the modulation and multiplexing
undertaken in the transmitter, namely, the received signal will go through the RF
demodulation, analog low-pass filtering, A/D conversion, guard interval removal, serial-
to-parallel conversion, and finally an FFT operation for baseband demodulation etc. In
the rest of the thesis, we will restrict ourselves only to the transmitter part focusing on the

PAPR reduction techniques.
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Fig. 2.1 Block diagram of a typical OFDM system

2.3 Peak-to-Average Power Ratio

The complex baseband OFDM signal in the time interval [0, T'] can be written as

s(t) = Zane

where T is the OFDM symbol duration, a, the transmitted information symbol in the

n th subchannel/subcarrier, which may be a binary number {*1} for BPSK modulation,

or a complex number {*1,%;} for QPSK modulation, and N the number of subcarriers.

N-1

n
j2m—t
I T
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The peak-to-average power ratio (PAPR) of the OFDM signal over one OFDM symbol T’

is defined as [14]

maxls(t)|2
PAPR =—=0_ 2.2)
E{s()|'}
where E{} denotes the expectation and E{|s(¢) |} represents the average power of the
continuous baseband OFDM signal.
2.3.1 The Distribution of PAPR

As mentioned before, in a practical OFDM transmitter, a sequence of information bits are
first mapped into the complex baseband symbols using a modulation scheme such as
QPSK or QAM. Each group of N such symbols are packed into a parallel data-stream for
input to the IFFT block. The time-domain OFDM signal over one interval [0, 7] (usually

called one OFDM symbol) is then generated by the IFFT operation as

s(k) = x(k) + jy(k) = Eaneﬂ”""/” k e[0,N -1] 2.3)

n=0
We denote the OFDM signal in polar coordinates as,

s(k) = x(k) + jy(k) = p(k)e”*® 24

where p(k) =| s(k) |= /x* (k) + y* (k) is the amplitude of the kth sample of the baseband

OFDM signal and @#(k) = tan™'(y(k)/ x(k)) is the phase. By assuming that the input

information symbols are statistically independent and identically distributed (i.i.d), the

real part x(k)and imaginary part y(k) of s(k) are mutually uncorrelated [14]. From the

central limit theorem, if random variables ¢, (0<i<N-1) are independent and

identically distributed (i.i.d.), then the probability density functionof c=Y . 'c,, f(c),
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tends to be Gaussian distribution for a sufficiently large N. It follows that for a large

value of N, the real and imaginary parts of s(k) each can be approximated by an

2
a ?

independent Gaussian random process with a zero-mean and variance o , where

o’ =%E ﬁan|2] [14]. Clearly, the amplitude p(k) of the OFDM signal has a Rayleigh
distribution [14]. We now consider the distribution of the ratio of the instantaneous power
p*(k) to the average power Ehs(k)|2J=203. Note that x*(k)/o> and y*(k)/o? each
has a chi-squared distribution with one degree of freedom. The sum (x’(k)/c’) +

(»*(k)/ o?) has, therefore, a chi-squared distribution with two degrees of freedom. Thus,

the distribution of p®(k)/20? can be derived using the chi-squared distribution as

follows.

Let
u=(x’k)/ o)+ (y*(k)/c?). (2.5)

The probability density function (PDF) of u can be written as

Ne

fow)==e 2. (2.6)

N | -

By letting z = u/2, we obtain the PDF of z as
J@=fu@) =" @.7)

Therefore, the cumulative distribution function (CDF) of p*(k)/20? is given by

F(z)= jo edv=l-e~ (2.8)
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We now consider the cumulative distribution function (CDF) of the peak-to-

average power ratio over one OFDM symbol, as given by

max|s(k)|2 max p° (k)
ke[0,N-1] k €[0,N-1]
= - (2.9)

TRl 207

As mentioned above, by the assumption that the N samples in one OFDM symbol are
mutually uncorrelated [14],[15], the probability that the PAPR is below a specified

threshold z is given by [15]

P(PAPR < 2) =[F(2)]" =(-exp(-2))" (2.10)

As will be shown in the next subsection, oversampling is usually applied in the
transmitter, which increases the number of samples per OFDM symbol to aN, where
« is the oversampling factor. In this case, the assumption made in deriving (2.10) that the
samples are mutually uncorrelated may not be true anymore. However, it seems quite
difficult to come up with an exact solution for the distribution of the peak power. The
effect of oversampling is usually approximated by adding a certain number of extra
independent samples [15]. Thus, the cumulative distribution of the PAPR in the case

where oversampling is applied is modified as

P(PAPR < z) = (1 -exp(-z))*" 2.11)

2.3.2 Oversampling Issue

The actual PAPR should be computed based on the analog baseband OFDM signal.

However, the IFFT module yields a discrete-time signal with the information-symbol
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spaced samples. This discrete-time signal is usually upsampled and converted into its
analog version for transmission. The upsampled signal should be used for the calculation
of PAPR in order to achieve a better approximation of the actual PAPR. In OFDM
systems, the upsampling process can be implemented in the IFFT block by using a larger
size, for example a size of 4N, for the IFFT. Therefore, in an OFDM transmitter, an
oversized IFFT is often employed, giving an over-sampled time-domain signal directly.

This is the so-called oversampling procedure. We will revisit this issue in Chapter 3.

1 T T T Pk

o9l | — Without oversampling i
' —— Oversampling by 2
0.8 —— Oversampling by 4
T | -~ Oversampling by 8 )
0.7 i
=)
X 0.6 i
o
<
o
v 0.5 4
14
Z
o 0.4 4
o
0.3+ i
0.2 _
0.1+ 4
0 1 e L
0 2 4 6 8 10 12

PAPRo (dB)

Fig. 2.2 Distribution of the PAPR with different oversampling factors
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Fig. 2.4 shows the simulation results for the cumulative probability distribution of
PAPR for different oversampling factors. It is clear that if the signal is oversampled by a
factor of 2, a much more accurate PAPR can be obtained in comparison to the case
without using oversampling. When the oversampling factor is increased to 4, a further
improvement in the accuracy is attained but the improvement is not as much as it is for
the rate increase from non-oversampling to oversampling by 2. It should be mentioned
that a further increase in the sampling rate, such as a factor of 8 or 16, would not lead to a
considerable improvement in the accuracy while it would in a higher computational

burden. Hence, oversampling by a factor of 4 is considered throughout this thesis.

2.4 The Existing PAPR Reduction Approaches

As described in the previous section, a large PAPR would drive the analog power
amplifier to saturation, producing interference among the subcarriers and corrupting the
signal spectrum. In order to avoid the power amplifier to enter into the non-linear region,
one may reduce the average power of the transmitted signal. However, reducing the
average power level too much will bring down the signal-to-noise ratio and hence,
degrade the bit error rate (BER) performance of the system. Therefore, it is preferable to
resolve the PAPR problem by means of reducing the peak power of the signal. Many
PAPR reduction techniques have been proposed in literature. They can be broadly
divided into three categories. The so-called signal distortion techniques [15]-[18] belong
to the first category, which simply reduce or clip the peak amplitudes of a signal at the
expense of introducing a slight distortion to the spectrum of the signal. The second

category consists of the techniques that use a special coding sequence to generate OFDM
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symbols meeting the target PAPR [19]-[20]. In the third category, the technique used is to
scramble each OFDM symbol with different scrambling codes and then select the
sequence with the lowest PAPR for transmission. In this section, a brief overview of the

PAPR reduction techniques belonging to the three categories is presented.
2.4.1 Signal Distortion Techniques

Even though the PAPR of an OFDM signal may be quite large, the high magnitude peaks
occur very rarely and most of the signal power is dependent mainly on the signal samples
with low amplitude. Therefore, the amplitude peaks may be reduced or clipped without
introducing a severe distortion in the signal.

a) Clipping

The simplest distortion technique is the clipping or hard-limiting method [16], which
limits the instantaneous signal peak to a preset threshold prior to sending the signal to
power amplifier. Depending on the level of threshold, the signal is distorted more or less
severely and the BER performance is degraded accordingly. Although a lowpass filter
can be used along with the clipping to alleviate the spectral splattering effect, sometimes
the problem of peak regrowth may occur after the lowpass filtering.

b) Peak windowing

Different from the clipping method that hard-limits the large signal peak to a preset level,
in the peak windowing method, a window is applied to a region where there exist large
peaks. The window function is multiplied with the signal in such a way that the signal
peaks fall in the valley or center of the window while the signal samples with lower
amplitudes align themselves with the large amplitude segment of the window function.

The most commonly used window functions include the Hamming window, and the
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Kasier window. It is known that the peak windowing scheme exhibits some good
properties such as it is very simple to implement and is independent of the number of
subcarriers.

¢) Peak cancellation

The peak cancellation method was first introduced in [21]. In this method, a reference
function that has approximately the same bandwidth as the transmitted signal is properly
designed. The reference function is time-delayed, scaled and then subtracted from the
signal portion where peaks occur in order to cancel signal peaks. Fig. 2.3 shows the block
diagram of an OFDM transmitter with peak cancellation module, which contains a peak
power/amplitude detector, a comparator for the comparison of the peak power with a

prescribed threshold as well as a scaler that rescales the peak and surrounding samples.

Data—»| Coding S/P IFFT Cﬁ&?n%fv@?ng
3 Peak RF
PIS cancellation D/A Bp 4

Fig. 2.3 OFDM transmitter with peak cancellation

Peak cancellation can also be carried out immediately after the IFFT operation [22].
Fig. 2.4 shows a detailed diagram for this cancellation scheme. In this scheme, an

impulse is generated once a signal peak has been detected. The impulse is first low-pass
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filtered and then the output is used as a reference sequence. The FFT and the IFFT blocks
are readily employed to perform the low-pass filtering in the discrete frequency domain.
Clearly, after the FFT computation, the low-pass filtering is simplified as a setting-to-
zero operation, namely, the outputs of the IFFT that correspond to the frequencies larger

than the highest subcarrier is set to zero.

1

+ "
Date—» Coding|—» S/P —» IFFT Delay |—»(} C&;vlv'f nz:;?:]g

> P/S (—» D/A —J

23

Peak Generate
detection impulse

Fig. 2.4 Peak cancellation using FFT/IFFT to generate a cancellation

sequence

2.4.2 Coding Technique

In coding techniques, the OFDM symbols for which the PAPR is below a desired
threshold are coded using a coding sequence. The smaller the desired PAPR threshold,
the smaller code rate that can be achieved. In [23], a code of rate % has been found
through an exhaustive search for the case of eight subchannels, which gives a maximum
of 3 dB. The Golay complementary sequence has been found to be a very good candidate
[23]-[25]. It has a strong auto-correlation property, namely, the correlation of the
sequence with its delayed version is zero. It has been shown in [26] that the correlation

property of the complementary sequence translates to a reduction of the PAPR by 3 dB

22



when the sequence is used to modulate an OFDM signal. In [27], a specific subset of
Golay codes along with the associated decoding scheme has been proposed for coding the
OFDM symbols. Based on this work, Golay codes were later implemented in a prototype
20 Mbps OFDM mode, for the European magic WAND project [28]. Detailed studies on
the coding properties of the Golay sequences, the determination of the code set size and

the relation to the Reed-Muller codes can be found in [29].

2.4.3 Symbol Scrambling

The basic idea of symbol scrambling is to scramble the input OFDM symbols by using a
number of scrambling sequences. The output scrambled signal corresponding to the
smallest PAPR is then transmitted. A number of symbol scrambling methods have been
proposed [30]-[33]. Some of these schemes give a very low PAPR but they are often
difficult to be implemented in practice. The ‘selected mapping’ and the ‘partial transmit
sequences’ methods have been proposed as a more practical solution [31],[32]. The
difference between these two methods is that the former applies an independent rotation
to each subcarrier, while the latter applies a scrambling code only to each group of
subcarriers.
a) Selected mapping (SLM)
The selected mapping (SLM) scheme was first proposed in [31]. The idea is to choose
one particular signal out of the M signals obtained from the scrambling of the OFDM
signal, which has the lowest PAPR.

In order to obtain M scrambled signals, define the M distinct vectors as

P™ =[p{"..p§"] (2.12)

with
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i 4(m)
p,ﬁlm) - em,,

where ¢/(,”') e[0,27),(u =1,...,N,m=1,..,M). Denoting the u-th subcarrier as

V[u], after mapping, the subcarrier signal can be written as

VO =viul e, (g=1,,N,m=1,..,M). (2.13)

Then each of the M OFDM frequency-domain sequences is transformed using the IFFT
into the time-domain signal and the one with the lowest PAPR is selected for
transmission. To recover the original OFDM symbols, the receiver has to know as to
which vector P has been selected for PAPR reduction. A straightforward method is to
transmit the index m of the vector as side information to the receiver. This method can be
used for an arbitrary number of carriers and for any signal constellation. It provides a
significant reduction in PAPR with a moderate additional complexity.

Fig. 2.5 shows the basic structure for the SLM method, where the ‘Mapping’ block is
to perform the conversion from the binary data stream to a complex symbol stream such
as QPSK signals, and each of the phase adjustment blocks is to implement the
mapping/rotation of each subcarrier as required by (2.13). The ‘No adjustment’ block is
included as a result of considering the original OFDM symbol to be a possible candidate
for the output for which no PAPR reduction is necessary. The major computational

burden of the SLM method is in the computations carried out by the M IFFT blocks.
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Fig. 2.5 Block diagram for the SLM method

b) Partial transmit sequences (PTS)

In the PTS method, each block of data input to the inverse discrete Fourier transform
(IDFT) is divided into a number of disjoint subblocks and each subblock, after zero
padding, computes an independent full-size IDFT. The outputs of these IDFT’s are then
properly combined such that a low PAPR is achieved.

Let A be the input data vector to the IDFT block. It can be split into V' sub-vectors,

each sub-vector being appropriately padded with zeros to form an N-dimensional vector.

Then, A can be rewritten as

|4
A =) AV (2.14)
=1

where any two of A®'s (v=1,2,..., V) are orthogonal, i.e., they disjointly contain the

clements of A. By multiplying each vector A" by a rotation factor

s 5(V)
Y =¢” | $® e[0,27), we obtain the combination of the rotated vectors as given by

. |4
A =) bV AV (2.15)

v=l
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The coefficient set {’,v=1,...,7’} is usually called the side information, which is

known for a particular OFDM symbol and should be transmitted to the receiver. Note that
this coefficient set or rotation factor may be different from symbol to symbol, and
therefore, needs to be updated for each OFDM symbol. The IDFT of A can then be

written as

a =Y 60 IDFTA® )= Y50 .a® (2.16)

v=l v=l

where a® represents the IDFT of A® . The PTS method is to find the optimum rotation

factor b such that the PAPR is minimized, yielding the optimum transmit sequence as

given by

V —
a =) b, 2.17)

v=1
For computational simplicity, the first element 5$’ in the rotation vector is always set to

1. Furthermore, the rotation factors are normally limited to some constant values such as
{£1,% j}, which correspond to a set of rotation angles {0,7/2,7,37/2}. In this case, one
just needs to find the optimum combination of these parameters. However, depending on
the number of the subblocks, an exhaustive search for these phase values may be
computationally expensive.

Fig. 2.6 shows the implementation structure for the PTS method commonly used in the
OFDM transmitter. The PTS method can be viewed as a variation of the SLM method, in
which the phase rotation is based on each subblock instead of the individual subcarrier.
The PTS method has a slightly higher computational complexity than the SLM method,

yet it provides a better performance in decreasing the PAPR.
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Fig. 2.6 Block diagram for the PTS method

2.5 Conclusion

In this chapter, the structure of a typical OFDM system consisting of the transmitter,
receiver and the relevant modules has been presented. Based on the transmitter structure,
the PAPR has been introduced and analyzed, resulting in a closed-form expression for the
cumulative distribution function of the PAPR. The theoretical result for the distribution
of PAPR has been simulated to show its deviation from the actual distribution.

The necessity of using the oversampling strategy for the output of the IFFT has been
briefed. It has been pointed out that oversampling the time-domain OFDM signal by a

factor of 4 gives the best trade-off between the computational complexity and the

27



precision for the evaluation of the PAPR. The emphasis in this chapter has been on the
issue pertaining the PAPR reduction. Some of the major techniques existing in literature
for the reduction of PAPR have been reviewed, including the signal distortion methods,
coding techniques and scrambling methods. The variations of these methods and their
features have also been discussed, providing a motivation for the development of some

new PAPR reduction schemes to presented in following chapters.
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Chapter 3

PAPR Reduction Using Peak Windowing along

with Clipping

3.1 Introduction

Even though the PAPR of an OFDM signal could be quite large, amplitudes with a large
peak value may appear infrequently. The simplest way to reduce the PAPR is to clip the
high peak amplitudes by employing the signal distortion techniques such as clipping [16]
and peak windowing [15],[17]. These techniques are very easy to implement and are
independent of the number of subcarriers. However, the clipping technique usually
produces a large out-of-band radiation which leads to a poor spectral efficiency, whereas
the peak windowing method affects more signal samples, and therefore, degrade the BER
performance. Considering these drawbacks, a new distortion scheme that combines the
peak windowing with clipping is proposed in this chapter as a compromise between the
out-of-band radiation and the in-band distortion. The proposed scheme is applied to the
interpolated time-domain OFDM signal, where the interpolation is realized using a

modified oversized IDFT.

29



In Section 3.2, a joint peak windowing and clipping scheme for PAPR reduction is
proposed. The commonly used IDFT interpolation method is modified for our scheme in
order to improve the interpolation precision. Section 3.3 shows simulation results for the
proposed combination scheme, namely, the out-of-band radiation and the BER
performance. A comparison of the proposed scheme with some of the existing distortion
techniques is also provided in this section. In section 3.4, an analysis is carried out to
compare the complexity of the proposed scheme with that of the existing distortion
methods. Finally, in Section 3.5, we present the conclusion for this chapter by

summarizing some of the research results.
3.2 The Proposed PAPR Reduction Method

Fig. 3.1 depicts the block diagram of the proposed OFDM transmitter. The randomly
generated binary sequence is first mapped to QPSK symbols. Then, an oversized IDFT is
used to obtain the interpolated OFDM signal. The peak windowing combined with
clipping is employed to eliminate the peak values of the power of the interpolated signal
for PAPR reduction. As in the conventional OFDM systems, the cyclic prefix padding
and D/A conversion are also needed. In our study, however, we concentrate on the IDFT

interpolation and the PAPR reduction.

x bits
IS Output
Input | Serial- : add utpu
. . Oversized . ) ;

data to- Signal Peak : - cyclic |signal
parallel : mapper| - IFFT : windowing| * Clipping : prefix
converter | : . : ) D/A
LPF

Fig. 3.1 Block diagram for the proposed PAPR reduction scheme
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3.2.1 Signal Mapping

The incoming serial data stream is first converted into parallel stream and appropriately
formatted according to the word size required for transmission; for instance, 1 bit/word
for BPSK and 2 bits/word for QPSK. In this study, the data to be transmitted are mapped
into a QPSK symbol stream. The QPSK modulation is a bandwidth-efficient scheme and
it is widely used in digital transmission systems. It has also been adopted in the third
generation wireless communication systems. The QPSK modulator is shown in Fig. 3.2

and the corresponding signal constellation diagram in Fig. 3.3.
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Fig. 3.2 QPSK modulator
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Fig. 3.3 QPSK signal constellations
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3.2.2 IDFT Interpolation

An interpolation between the successive samples of a sequence is often required in
OFDM systems. It is well known that the DFT/IDFT can be used for signal interpolation
[35]-[37]. The interpolation of an OFDM baseband signal can be performed by inserting
N(M-1) zeros in the middle of the input vector to DFT/IDFT, where M is the interpolation
factor. This results in a trigonometric interpolation of time domain signal at the output of
IDFT. In [37], an oversized IDFT has been used to interpolate the OFDM baseband
signal. However, the middle value of the input vector, i.e., the spectral component at the
Nyquist frequency N/2 has not beén used in [37]. This omission may lead to a large
interpolation error. In what follows, we will make use of the middle value to improve the
interpolation precision.

Assume that s@i)=s(t)|=ir (i=0,1,2,...,N-1) represents the sampled version of a
continuous-time signal s(z), and its N-point DFT is denoted as S(k). The signal s(i)
is to be interpolated by a factor of M. One can perform the interpolation by
appropriately expanding the frequency-domain N-point sequence S(k) to a sequence of
length L=MN, and then computing the L-point IDFT. Let this new sequence be given

by

S(k) k=01,.,N/2-1,
0.55(k) k=NJ/2,
G.1)
(k)= 0 k=N/2+1,.,L—N/2—1,
0.5S(k—L+N) k=L-N/2,
S(k—L+N)  k=L—-N/2+1,.,L—-1.
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Note that in regular DFT interpolation, the coefficient S(k) is set to be zero at k=N/2 and
k=L-(N/2), implying that the DFT coefficient S(N/2) is never used. In our scheme,
however, 0.5S(N/2) is assigned to V(N/2) and V(L-N/2) considering that S(N/2)
corresponds to the highest frequency component.

Using (3.1), the inverse DFT of V(%) can be expressed as

Wn)= gV(k)e”’""‘/L

N/2-1
= Y S(k)e™ " +S(N/2)cos(zm/ M) (3.2)
k=0
L-1
+ > Stk-L+Nye™ "  (a=0,],.,L-1)

k=L-N/2+1

where j = V=1 . Note that if M is even, as normally assumed for IDFT interpolation,
then S(N/2)cos(zm/ M) =0, for n=M/2, 3M/2,.... Also, it can easily be verified that
v(Mi) = 5(i), i=0,1,2,..., N-1. In other words, the values of the original samples in s(n)
remain unchanged in the interpolated sequence, implying that the reconstruction error is
zero at the original sampling instants.

The absolute value of the error between the original and the reconstructed signals can

be written as
e(n) =|s(n) —v(n)| (3.3)

where s(n) = s(¢) |,_., - Define the total interpolation error as
L

e= ZL:e(n)/L. 34
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In order to illustrate the interpolation precision, let us consider a sinusoidal signal,
s(t) = cos(—zjvﬂfi + ¢j (3.9)

Fig. 3.4 shows the error sequence plots for the proposed scheme and the interpolation

method presented in [37] that sets V' (£) and V(L —£)to zero. In our simulation, we have
chosen f=4.5, N=64, ¢ =-7/3, and M=8. Clearly, the proposed interpolation scheme gives

a smaller error. We have also found the total interpolation error e =0.0127 for the
proposed method and € =0.0141 for the scheme in [37]. It is worth mentioning that the
interpolation performance does not depend on the parameters chosen for (3.5). In general,

our method yields a better interpolation precision.

error value
eror value

tindex tindex

(a) (b)
Fig. 3.4 Interpolation error plots for two DFT-based interpolation schemes

(a) The proposed scheme, and (b) The scheme presented in [37]
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3.2.3 Joint Peak Windowing and Clipping

The time-domain OFDM signal can be written as

iy N
—t

N-d iz
s@)=Ya,e T 0<t<T (3.6)
n=0

where a,is the transmitted symbol in the nth subchannel, N the number of subcarriers,
and T the original symbol period. The envelop of the OFDM signal is denoted as

s5(0) =|s(2) (3.7)
Assuming that the information symbols are statistically independent and identically

distributed (i.i.d), the real and imaginary parts of the sampled version s(n) of s(f) are

uncorrelated. For a considerably large N, both the real and the imaginary parts of s(n)

approach a Gassian distribution with a zero mean and variance o’ , where

ol =1E][ 2]. Thus, the amplitude envelop s, has a Rayleigh distribution with the

5

an
probability density function (PDF) given by

Sg  _s2/20?)
—= B 5. 20
p(sg)=y o? £ (3.8

s

0, otherwise.
The PAPR of the OFDM signal can be calculated as
PAPR = max s2(t)/ E[s2 ()] (3.9)
We now propose a joint peak windowing and clipping method for the reduction of the
PAPR given by (3.9). In the combination scheme, we first search for the envelope
amplitudes of the OFDM signal. When the amplitude exceeds a threshold, a weighting

window function is applied to the envelope of the OFDM signal to eliminate the peak

amplitude. Then, the remaining peak values are clipped with hard limiting.
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A) Peak Windowing
The basic idea of peak windowing is to multiply the envelope s.(¢) with a weighting

function. Thus, we have

5p(0)=s55(0)- f(2) (3.10)

where the weighting function is given by

fO=1-> a-wt-t) (3.11)

where w(?) is the window function, ¢ denotes the position of a local maximum of the

envelope s.(¢) and the weighting coefficient « is chosen as

o =(s5(6)~ C)/s5 (1) (3.12)
In (3.12), the constant C represents the clipping level, which is a prescribed threshold
used to eliminate the peak amplitudes. In this study, we use the Hamming window

function for w(z) in (3.11), namely,

0.54+0.46 cos(2m/T), 0<t<T
w(t) = (3.13)
0, othetrwise

As a matter of fact, other windows such as Hanning and Kaiser windows [15] may be
employed provided that they have a good spectral property. It is seen from simulations

that the Hamming window function yields a slightly better performance.
B) Clipping
After applying the windowing function, the OFDM signal can be written as

ut)=5,(t)-e” (3.14)
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where ¢ = arg{s(¢)}. The signal u(?) is then clipped as [38]

u(t), |u(t)! <C
a@t) = (3.15)
C-e”, |u@)|>cC

where C represents the clipping level, i.e., the signal u(t) should be hard-limited if it

exceeds this level. As a result, the PAPR is reduced to
PAPR = C*[E[| a(f) |*] (3.16)
The clipping level C plays an important role in reducing the PAPR. The smaller the value

of C, the larger the reduction of the PAPR. However, a small value of C means a

degradation of the BER performance.

3.3 Simulation Results

This section shows the simulation results for the proposed scheme of peak windowing
plus clipping. Different choices for the window function, the length of the window and
the clipping level for the proposed scheme are considered. A comparison of the proposed
scheme with some of the existing PAPR reduction methods in terms of the power spectral
density of the OFDM signal and the BER performance of the OFDM system is also
carried out.

3.3.1 Assumption Used for the Simulation

In our simulation, we consider an OFDM system with 256 subcarriers. The quadrature-
phase shift-keying (QPSK) modulation is employed for the binary input sequence. The
modulated QPSK symbols are then passed through an oversized IFFT module with an

oversampling factor of 4 to implement the OFDM modulation. As mentioned earlier,
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oversampling is often applied in a practical communication system and it allows a more
accurate computation of the PAPR. Oversampling by a factor of 4 is sufficient to capture
signal peaks [39]. Increasing the oversampling rate further does not result in a significant
improvement of the performance, yet it increases the system complexity to a considerable
degree. As for the choice of the window function, theoretically, the window should be as
narrowband as possible in order to preserve the spectrum of the transmitted OFDM signal.
On the other hand, a window with a very short length requires more multiplications and
more searches. Through extensive simulation experiments, we have found that a length of
9 is an appropriate choice for the window function. In addition, we assume that the power
is equally distributed among subcarriers, which is a typical configuration for OFDM
systems. The channel is assumed to be AWGN without multipath fading. The parameter

values and the system configuration used for the simulation are summarized in Table 3.1.

Table 3.1 OFDM system parameters used for the simulation

Parameter Configuration
Carrier modulation scheme QPSK
FFT size 1024
Number of carriers 256
Oversampling rate 4
Window length 9
Link Synchronous downlink
Channel model AWGN
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To study the BER performance of the proposed scheme, the Monte Carlo simulation is
used. Although this method is not suitable for the computation of a very low BER
because of the significantly large computer time, it is widely used in the simulation of
wireless mobile systems. For the BER simulation of the OFDM system, as stated above,

the channel is modeled as an additive white Gaussian noise (AWGN) in this study.

AWGN
Soure Output
data bits sequence
Transmitter Channel Receiver >
model "
Delay Comparison

!

Error sequence

Fig. 3.5 Monte Carlo BER simulation model

Fig. 3.5 shows the implementation diagram for the Monte Carlo method. The source
data are compared with the detected data in order to find the number of bit errors. The

BER is calculated by dividing the number of error bits by the number of data bits.
3.3.2 Comparison of the Proposed Scheme with the Clipping Method

We would first like to examine the power spectral density (PSD) of the OFDM signal
after PAPR reduction. Fig. 3.6 shows the PSD result obtained from the proposed method
where three Hamming windows with different lengths (L=5, 9 and 15) are used to
compare the PSD with the non-distorted case without using the peak windowing. One can

see that the out-of-band radiation occurs when peak windowing is applied, and gets worse
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as the window length decreases. On the other hand, using a longer window function
would affect more signal samples, and hence, degrade the BER performance. As a
consequence, a compromise between the BER and the out-of-band radiation should be
achieved by choosing a proper window length. From simulation results, it is found that
~ L=9 is an appropriate choice.

A comparison of the proposed scheme with the conventional clipping method in terms
of the PSD of the PAPR-reduced OFDM signal is depicted in Fig. 3.7. Fig. 3.7 (a) shows
the result of using the clipping method alone, whereas Fig. 3.7 (b) gives the results of the
proposed method of using the joint peak windowing and clipping together. It is obvious
from these two plots that the out-of-band spectrum drops more rapidly by employing the
proposed scheme than that using the conventional clipping technique. Therefore, the PSD
performance of the OFDM signal is significantly improved by applying the proposed
scheme.

Fig. 3.8 shows the PSD of the OFDM signal after the PAPR reduction employing the
Hamming and Hanning windows. We see that these two windows actually yield a very
similar performance in respect of the out-of-band radiation. However, Hamming window
is slightly better in view of its influence on the original signal spectrum outside the
desired frequency band.

As mentioned earlier, the clipping level C is an important parameter that affects PAPR
reduction performance. A normalized clipping level called the clipping ratio (CR) is
defined as the ratio of the clipping level to the mean power of the unclipped OFDM
baseband signal [37]. Fig. 3.9 shows the BER vs. SNR plots for different CR values. The

linear values of BER with different CR and SNR values are also given in Table 3.2,
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where the SNR is the average value over all the subchannels. Obviously, a larger clipping
ratio implies that less peak amplitudes are clipped and therefore leads to a better BER
performance. However, a large clipping ratio implies a large-amplitude OFDM signal,
which as explained earlier, could be detrimental to the linear operation of the analog

amplifier.

Al Rttt e St

PSD (dB)

-
-
4]

F—— == = — =

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
Normalized frequency

Fig. 3.6 The PSD of OFDM signal after peak windowing with different window

lengths
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As shown in Fig. 3.10, the BER performance of the proposed method is also compared
with that of the conventional clipping technique. In this simulation, CR is set as 1.8. It is
seen that the BER degradation caused by the proposed method is about 0.6 dB only in
comparison to the conventional clipping method at 10 level. Table 3.3 lists the BER
values for the proposed method and the conventional clipping technique when SNR is set

tobe 10 dB and 13 dB.

0 5 10 15
SNR (dB)

Fig. 3.9 BER given by different clipping ratio
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Table 3.2 BER for different CR and SNR values

CR values BER in SNR=10 (dB) | BER in SNR=12(dB)
CR=1.0 0.045 0.021
CR=14 0.0075 0.0035
CR=1.6 0.0035 0.00094
CR=1.8 0.00082 0.000096
0 T T
—— Proposed
—+— Clipping
-5 ! ]
0 5 10 15
SNR (dB)

Fig. 3.10 BER performance comparison
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Table 3.3 BER for different PAPR reduction techniques

Method SNR=10 (dB) SNR=13(dB)
Clipping 0.00075 0.000032
Proposed 0.00078 0.000063

In the above, we have shown the simulation results for the proposed method in terms
of the PSD and the BER performance of the OFDM system, resulting from the PAPR
reduction. It is seen that the proposed method, in comparison to the conventional clipping

method, gives a much better performance with a little sacrifice in the BER

3.3.3 Comparison of the Proposed Scheme with that of Applying the

Peak Windowing Alone

In this section, we compare the proposed PAPR reduction method with that of applying
the peak windowing alone in terms of the out-of-band radiation and the BER
performance. Fig. 3.11 shows the spectrum of the OFDM signal resulting from the
application of two methods. It is observed that the signal is about 10 dB higher outside
the fréquency band if the proposed method is used. With this minor expense, however,
one can benefit from a better PAPR reduction as well as the BER performance as seen
from Table 3.4 and Fig. 3.12. In this simulation, the clipping ratio is set as 1.8. Fig. 3.12
shows that the proposed method improves the BER performance by about 1.6 dB at 10*

level.
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Fig. 3. 11 PSD of OFDM signal using (a) the peak windowing method,

and (b) the proposed approach
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Fig. 3.12 BER performance comparison

Table 3.4 BER values using different PAPR reduction techniques

Method SNR=10 (dB) SNR=13 (dB)
Peak windowing 0.00082 0.00013
Proposed 0.00078 0.000062
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3.4 Complexity Analysis

In this section, we compare the computational complexity of the proposed combination
scheme with that of the conventional peak windowing and clipping techniques. In the
proposed peak windowing plus clipping scheme, a search procedure is first applied to
determine the signal peaks. A pre-specified threshold is used throughout the search. Once

a peak is found, a window of length L is applied. Assuming that a peak occurs at i =i, a

new search starts at i =i, + L. In this way, we can avoid the overlapping between the

successive windows, and therefore, can save computations in contrast to an exhaustive
search. The first round of search continues until the number of the remaining samples in
the current OFDM symbol is less than the window length L. Certainly, the first round of
search may miss some of the peak samples. Those peaks are recognized in the second
round of search and clipped as required by the proposed scheme.

As the computational cost for the IFFT in the OFDM system is common for any signal
distortion methods, it is not taken into account for comparison. Assume that M signal
peaks are found in the first round of search using the proposed method. Windowing these
peak regions require LM multiplications, where L is the length of the window. The peak
samples that have been skipped in the first round of search can be found out through the
second search step. These peaks are then simply clipped, requiring one multiplication for
each clip. If K peak samples are found in the second round of search, the total number of

multiplications is given by

N, =LM+K . (3.17)
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When the conventional peak windowing method is employed, the successive windows
might be overlapped, since the search for peak samples is undertaken sample by sample
and it is quite possible that the nearest two peaks are apart by less than one window
length. As a result, the minimum number of multiplications required by the conventional
windowing method is given by

N, =L( M+K). (3.18)
Clearly, the proposed method has achieved considerable computational savings.

It should be mentioned that if a pure clipping scheme is used, the number of
multiplications can be reduced to M+K, which corresponds to the minimum number of
operations. However, the clipped signal would suffer from a serious spectral distortion,

and therefore, pure clipping is not recommended for PAPR reduction.

3.5 Conclusion

In this chapter, we have presented a scheme of combining the peak windowing and
clipping for PAPR reduction. A modified DFT interpolation scheme has been proposed
for the interpolation of the time-domain OFDM signal. A detailed simulation study has
been carried out to show the performance of the proposed scheme in terms of the out-of-
band signal distortion and the BER performance of the OFDM system. Different choices
for window functions, window length and the clipping ratio have been considered in the

simulation study, showing their effectiveness in reducing the PAPR. The main results

obtained in this chapter can be summarized as follows.
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« In comparison to the conventional clipping technique, the proposed scheme is able
to decrease significantly the out-of-band radiation of the PAPR-reduced signal at
the expense of a slight degradation in the BER performance.

* In comparison to the conventional peak windowing method, the proposed scheme
yields a much better BER performance even though it produces a very small out-of-
band radiation.

 The influence of the choice of the window functions, the window length and the
clipping level ratio on the PAPR reduction performance has been examined. In
general, the PAPR reduction performance depends less on the type of the window
function chosen than on the window length. The out-of-band radiation gets smaller
as the window length increases. However, a large window length degrades the BER
performance.

o It has been observed that the choice of the clipping level ratio has a significant
impact on the BER performance and PAPR reduction capability of the system. The
BER performance can be improved when increasing the value of CR. However, this
also increases the PAPR value. Therefore, the clipping level CR should be suitably

chosen based on the system requirement.
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Chapter 4

PAPR Reduction Using Phase and Amplitude

Adjustment Based PTS Approach

4.1 Introduction

In the previous chapter, a new scheme of combining peak windowing with clipping was
developed for PAPR reduction. This scheme belongs to the category of signal distortion
methods and performs better than the existing signal distortion approaches. In this
chapter, we first review a class of non-distortion techniques, namely, the partial transmit
sequence (PTS) methods [32]. We then present a new PTS scheme that is based on the
adjustment of the phase of each data subblock. With a pre-specified number of iterations,
the proposed method gives the best phase vector for a combination of data subblocks in
order to provide the smallest PAPR value. We also propose an amplitude adjustment
based partial transmit sequence (AAPTS) scheme in order to reduce the implementation
complexity for PAPR reduction. The objective is to select a suitable set of scalars for a

linear combination of data subblocks that leads to the minimum value of the PAPR.
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4.2 Conventional PTS Scheme

It is known that the complex baseband OFDM signal with N subchannels can be

represented as
N -1

x()= D X, ™ 0<t<NT @.1)

n=0

where X, is the complex information symbol transmitted through the subchannel #,
Af =1/ NT the frequency spacing, and 7 the duration of the information symbol. The

instantaneous power of x(z) is given by

N-1N-1

PO = x(0) =)D X, X,/ 4.2)

n=0 m=0
The PAPR of the transmitted signal can be written as

maxjx(t)’ _ max {P()}

PAPR = 4
e | P,

(4.3)

where P, = E[| x(t) |*] represents the average power of the sampled OFDM signal.

Theoretically, the upper bound of (4.3) can be as large as N in the QPSK modulation
systems [12]. However, the probability of the PAPR to assume this level is extremely

small.
In the conventional PTS method, the input data vector, X=[X,,....,Xy,], is

decomposed into disjoint subblocks or clusters X,,, m=1,2,...,M, each having the same

size as X, and then these subblocks are linearly combined, namely,

X=>15,X,. (4.4)
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The objective of PTS method is to determine the M coefficients, b, (m=1,2, ..., M), such

that the IDFT of X, namely,

%= IDFT{R}= 3 b, IDFT{X, }= 3 b,x, 4.5)

m=1 m=

—_—

where x,, represents the IDFT of X, , has the minimum PAPR. Since an over-sampled
OFDM signal is normally needed for the generation of the continuous-time signal for
transmission, the IDFT size in obtaining (4.5) is N x L, where L is the over-sampling
rate. The over-sized IDFT of X given by (4.4) can be obtained by inserting a certain

number of zeros in each X, . Usually, 4,'s in (4.5) are chosen as complex values with

unit amplitude, i.e., b, = e’*, ¢ _<[0, 27]. Thus, (4.5) can be rewritten as

J
Xy Xy e Xy || e
X x e X e’
~ 1,2 2,2 M2
X = ) . . (4.6)
jé
Xv Yo - Xynv e

Therefore, the PTS method is reduced to a problem of searching for the optimum phase
vector F =[¢1 N ]T such that the PAPR is minimized.

In the conventional PTS method, the phase factors are always restricted to a finite set

of values, that is,
B € {2”l|l 0L,..., 77 — 1} 1Sm<M

where W is the total number of different values that a phase factor can assume. Fig. 4.1

shows a constellation diagram for the phase factor with W=8.
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wv

Fig. 4.1 Constellation diagram for the phase factor with #=8

As ¢ can always be fixed without affecting the PAPR, there is a total of W ! phase
searches/iterations. Obviously, an exhaustive search for the optimum phase values is very
time-consuming and becomes almost impossible when W is large. Some simplified search
schemes have been proposed in the literature. One approach is to limit the phase to a few
fixed values such as 0 and 7/2, and then seek an optimum combination. Thus, only 2!
phase combinations need be tested to find the optimum solution. However, the
computational complexity is still quite high when M is large. In the following, we
propose a simple phase iteration algorithm to reduce the computational complexity. We

will also propose an amplitude adjustment-based iteration algorithm for PAPR reduction.

4.3 Phase Adjustment PTS Scheme

4.3.1 Iterative Algorithm

We now propose a phase adjustment partial transmit sequence (PAPTS) algorithm [46].

The new algorithm searches for the minimum PAPR by employing a pre-specified phase
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increment for the update of each phase factor. The phase factor for the mth subblock at

the kth iteration can be written as

40 =40 4k,

where ¢,f,°) is the initial phase factor and @, is the phase increment (stepsize).

Substituting (4.7) into (4.6), we obtain

T is@+ke
X110 Xo1 o Xy e’ 1
5% +4-0
~ X2 X3 Xya || e %
X =
i85 +k-6,
Xyv o Xon X LN _e”’” ol

In our study, for the sake of simplicity, ¢'” and 8, are chosen to be
¢ =27(m-1)/M, (m=1,2,...M)

m

where M is the total number of subblocks, and

0 - 0, m=1
" |2z K -m+2), m=2..M

4.7)

(4.8)

(4.9)

(4.10)

where 6, has been set to zero implying that ¢, is fixed as 0, and K is the pre-specified

total number of iterations. After £ iterations, the OFDM signal can be calculated as

e 1
X % XM 2
i(ﬁ*‘kez)
~ Xo1 X XoMm
X= .
27 (M-1)
- Jl———=+k0y]
Xnra  *ar2 Xvim e M
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As an example, if the input vector is divided into four subblocks, i.e., M =4, then
¢ €{0,7/2,7,37/2}is used as the initial phase vector. Extensive simulations have

shown that the proposed iterative algorithm does not particularly depend on the initial
phase vector, that is, different choices of the initial phase factors results only in a slight
difference in the PAPR reduction results.

Clearly, the larger the value of K, the more precise search result can be obtained.
However, this would require more computations, since PAPR is calculated for each
iteration. After the Kth iteration, an OFDM symbol corresponding to the minimum PAPR
is found. In order to further reduce the computational complexity, one may specify a
threshold for the PAPR. Once the threshold is met, the phase adjustment is terminated.
Otherwise, the search continues until X iterations have been carried out.

Fig. 4.2 depicts the implementation diagram of the proposed PAPTS algorithm. The
randomly generated binary sequence is first mapped onto QPSK symbols and then
partitioned into M subblocks after a serial-to-parallel conversion. An oversized IDFT is
used for each subblock. The outputs of the M IDFT blocks are linearly combined using
the phase factors. The block Peak value optimizer seeks the best phase vector that

minimizes the PAPR of the combined OFDM signal.
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Fig. 4.2 An implementation scheme for the PAPTS algorithm

4.3.2 Simulation Results

To illustrate the performance of the proposed algorithm and compare it with that of the
conventional PTS method, in this section, simulation results are presented. The
complementary cumulative distribution function (CCDF) of the PAPR employing the
proposed scheme is also discussed.

In our simulation, we consider an OFDM system with 256 subcarriers and assume that
the OFDM signal is oversampled by a factor of 4, leading to 1024 samples per OFDM
symbol, which is sufficient to capture the peak power [39]. The complex input symbols to
subcarriers are obtained by QPSK modulation. As a common measure for PAPR
reduction performance, the complementary cumulative distributed function (CCDF) of
OFDM symbols, which is the probability that the PAPR of the resulting OFDM symbol
exceeds a prescribed PAPR threshold PAPRy, is calculated. Moreover, we consider

another OFDM system with 128 subchannels in order to illustrate the performance of the
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proposed scheme for different number of subcarriers. The parameters chosen for the

simulation study are summarized in Table 4.1.

Table 4.1 Parameter configuration for the simulation

Parameter Configuration
The number of carriers 256, 128

The number of subblocks 2,4,8

Rotation phase factors {£1}, {£1, =}
The number of iterations 20, 40, 60, 80, 500

In Fig. 4.3, the complementary cumulative distribution function (CCDF) of PAPR of
an original OFDM signal is shown for 256 and 128 subcarriers, respectively, and the
corresponding CCDF values are shown in Table 4.2. By comparing these two situations,
it is seen that the CCDF performance of PAPR gets worse as the number of carriers

increases; however, increasing carriers yields a better spectral efficiency.
(a) Simulation Results for N=256

Fig. 4.4 shows the simulation results obtained from the proposed scheme with 2, 4 and 8
subblocks as well as the result from the conventional PTS method. The CCDF values at
the 10%and 10> PAPR levels are shown in Table 4.3. It is seen that, By using 8 subblocks,
the CCDF performance of the PAPR is improved by 1.2 dB and 2.7 dB, at the 10> PAPR
level compared to the cases of using 4 and 2 subblocks, respectively. Obviously,
increasing the number of subblocks would require more IDFT modules, and therefore,

increase the computational complexity.
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Table 4.2 CCDF values with different number of subcarriers

11.28

10.78

PAPR, (10°PAPR level) | PAPR, (10°PAPR level)

10.40

10.05

Parameters

N=256

N=128
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In Fig. 4.5, simulation results for a single OFDM block and the case of using 4
subblocks are shown where each subblock is composed of 64 subcarriers. Some of the
CCDF values are shown in Table 4.4. 1t is seen that the original OFDM signal without
using PTS has a probability of 0.01 that its PAPR exceeds 10.40 dB. By using the
conventional PTS approach with only two phase factors {+ 1} for combination, which
requires 8 searches, the PAPR is improved by 1.84 dB at the 10 level. A similar PAPR
reduction performance can be obtained by employing the proposed method with 8
iterations.

Fig. 4.6 shows superior performance of the proposed method when 4 subblocks and 4
phase factors {+ 1, + j} are used. Meanwhile, the CCDF values at the 10*and 10> PAPR
levels are shown in Table 4.5. Note that a total of 64 exhaustive searches is needed by the
conventional PTS method, whereas the proposed PAPTS method with 40 iterations gives
a very similar CCDF performance. The proposed method results in a performance
degradation of less than 0.2 dB at 107 level. However, the amount of computations is

reduced by about 40% by employing the proposed scheme.
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Fig. 4.5 CCDF plot with 4 subblocks and 2 phase factors (N=256)

Table 4.4 CCDF values with 4 subblocks and 2 phase factors (N=256)
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Table 4.5 CCDF values with 4 subblocks and 4 phase factors (N=256)
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Fig. 4.7 shows the result for the case of dividing a single OFDM block into 8
subblocks, where two phase factors {+1, -1} are considered for the conventional PTS
scheme. The corresponding CCDF values are shown in Table 4.6. Obviously, 128
searches are needed when using the conventional PTS method. In the PAPTS method, we
have chosen K=80. It is seen that by using the PAPTS method, the loss in the PAPR
performance is less than 0.2 dB at 107 probability level while significantly decreasing the
computational complexity.

In order to further illustrate the superiority of the proposed scheme, we use 4 different
phase factors, {* 1, % j}, for an OFDM symbol with 8 subblocks. In this case, the number
of exhaustive search of 16384 required by the conventional PTS is very time-consuming.
In this simulation, we set k=500 for the PAPTS method. From Fig. 4.8 and Table 4.7, we
can see that the CCDF degradation is only 0.17dB at 10° PAPR level. Thus, the CCDF
performance of the proposed scheme is very close to that of the conventional PTS, while
providing very significantly computational savings. From the simulation results, we can
conclude that the larger the number of subblocks used, the more computational savings
can be achieved. In order to further reduce the computational complexity, one may set a
threshold to control the number of iterations. Once the threshold is reached, the phase
adjustment is terminated. Otherwise, the search continues until the total number of
iterations is completed.

Fig. 4.9 shows the simulation results for the PAPTS approach with number of
iterations given by K =20, 40 and 60, and the number of subblocks assumed to be M=4.
Some of the values from the CCDF plot are also given in Table 4.8. This example shows

that the CCDF performance gets better as the number of iterations increases. If the PAPR
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of the OFDM system is the main concern, a large value of K is preferred. On the other

hand, if the computational complexity is a major concern, a moderate value of X should

be used.

—+— Proposed scheme
—%— Conventional PTS
— Conventional
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Fig. 4.7 CCDF plot with 8 subblocks and 2 phase factors (N=256)
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Table 4.6 CCDF values with 8 subblocks and 2 phase factors (N
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Table 4.7 CCDF values with 8 subblocks and 4 phase factors (N=256)
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Table 4.8 CCDF values with different number of iterations (N=256)

PAPTS (K=20)
PAPTS (K=40)
PAPTS (K=60)
Conventional
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(b) Simulation Results for N=128

In order to show the performance of the proposed method for yet another number of
subcarriers, in this section, we consider 128 subcarriers for the OFDM system. Fig. 4.10
shows the simulation result obtained from the proposed method with 40 iterations in
comparison with the result of the conventional method using four phase factors, {+ 1, % j}.
Some of the CCDF values from the plot are also summarized in Table 4.9. The
performance degradation of the proposed method in contrast to the conventional PTS is
only about 0.04 dB at 107 probability level, while providing nearly 40% of
computational savings.

Next, let us consider the case of segmenting the OFDM signal into 8 subblocks. The
same 4 phase factors of {# 1, + j} as in the above simulation are used for conventional
PTS scheme. An exhaustive search for the best combination of 8 subblocks requires
16384 searches in calculating the PAPR of the combined OFDM symbol. Nonetheless,
the proposed method needs only 500 iterations in order to provide a performance of
PAPR reduction similar to that of the conventional method. The CCDF plot and some of

the CCDF values from this simulation are shown in Fig. 4.11 and Table 4.10, respectively.
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Table 4.10 CCDF values with 8 subblocks and 4 phase factors (N=128)
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4.4 Amplitude Adjustment PTS Scheme

In this section, a new amplitude adjustment based PTS (AAPTS) algorithm is presented
for PAPR reduction. The core of the new algorithm is to seck a set of real scalars for the
linear combination of the subblocks so that the PAPR of the combined OFDM symbol is
minimized.

4.4.1 The AAPTS Algorithm

Assume that an OFDM symbol is split into M subblocks each undergoing an independent

N-point IDFT operation. The linear combination of those subblocks is given by
X=>rX (4.12)

where 7,'s (m =1,2,..., M) are the real-valued weighting coefficients. Taking the IDFT of

both sides of (4.12) gives

M
X=)rX,, (4.13)
m=1
where x,,is the IFFT of X, . The objective is to find a weight vector
r=[7,7 Ty ] (4.14)

that minimizes the PAPR of X . Without loss of generality, the first element of r can be

set to unity, i.e., , =1. Thus, the combined OFDM signal can be rewritten as

X1 X1 XM 1
X X ee X 7
~ 1,2 2,2 M2 2
%= . S, (4.15)
Xiw Xy e Xppaw | Tu
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4.4.2 Simulation Results

In this section, the proposed AAPTS algorithm is simulated, CCDF plots for different
parameters are obtained. In this simulation, an OFDM system with 256 subcarriers and
QPSK-modulated information symbols is considered. The time-domain signal is
oversampled by a factor of 4 for transmission. The input data block is partitioned into 4
disjoint subblocks, each represented by vector Xm, (m=1,2,3,4). In this study, we propose

three sets of weighting vectors, namely, (1) {1,1,1,0.2k}, 2) {1,1,0.1k,0.2k} and (3)
{1,0.1k,0.2k,0.3k}, where £ is an integer varying from 1 to K. Clearly, the first set of

weight vectors changes the amplitude of one subblock only, the second set allows 2
subblocks to be varied in their amplitude and the third one leaves only one subblock
unchanged. Each of the three sets requires a total of K iterations.

Fig. 4.12 shows the simulation results of the proposed AAPTS method using 4

subblocks and the first set of weight vectors {1,1,1, 0.2k} (k=12, ..., K), where the

number of iterations, K, is set to be 20 and 40. The CCDF performance of the
conventional PTS method using 4 phase factors and that of the direct transmission
without using PTS are shown in Fig. 4.12 for comparison. Table 4.11 gives some CCDF
values from the plot. From Fig. 4.12 and Table 4.11, it is clear that the proposed method
provides significant computational savings in comparison to the conventional PTS
scheme although the PAPR reduction performance is slightly degraded

Fig. 4.13 depicts the simulation result when using the second set of weight vectors

{,1,0.1k,0.2k} (k=12, .., K), where K is chosen as 20 and 40. Some of the CCDF

values are summarized in Table 4.12 for the purpose of quantitative comparison of the

performance of various PAPR reduction schemes for different numbers of iterations.
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The amplitude adjustment scheme using the third set of weight vectors
{1,0.1k,0.2k, O.3k} is also simulated with the CCDF plot shown in Fig. 4.14 and some of

its values listed in Table 4.13. The number of iterations is again set to be 20 and 40 for
comparison. It is of interest to note that the proposed adjustment scheme using the third
set of weight vectors yields a performance that is very similar to that of using first set of
weight vectors while it requires more computations. Overall, the proposed adjustment
scheme using the second set of weight vectors is superior to that of using first or third set

of weight vectors in terms of CCDF performance and computational burden.
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Table 4.11 CCDF values for the case of 4 subblocks with one adjusted subblok
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Table 4.13 CCDF values for the case of 4 subblocks with three adjusted subbloks

Method PAPR, (10°PAPR level) | PAPR, (10~°PAPR level)
PTS 7.92 8.22
AAPTS (K=40) 8.12 8.48
AAPTS (K=20) 8.28 8.73
Conventional 10.05 10.78

4.5 Conclusion

In this chapter, two new PAPR reduction approaches, namely, the phase adjustment PTS
(PAPTS) and the amplitude adjustment PTS (AAPTS), have been presented. In the first
approach, the exhaustive search for the best combination of the phase factors that is
required by the conventional PTS method has been simplified as an iterative procedure
for which the number of iterations can be pre-specified and the amount of computations
dramatically decreased. The second approach, which can be viewed as an extension of
the phase adjustment PTS method, allows the data subblocks to be adjusted with unequal
gains. This second method is more useful in situations where the rotation of each
subblock alone may not be able to reduce the PAPR effectively.

The two proposed methods have been simulated to show the impact of various
parameters on the PAPR reduction performance. The parameters we have considered in
this study include the number of subcarriers, the number of subblocks, the number of

iterations, and in the case of the AAPTS method also the weight vectors. The proposed
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methods have also been compared with the conventional PTS method in terms of the
complementary cumulative distribution function and the computational complexity.
Extensive simulations have shown that both the PAPTS and the AAPTS methods are able
to yield a PAPR reduction performance that is similar to that of the conventional PTS

method and yet to reduce the computational complexity significantly.
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Chapter 5

Conclusion and Future Work

5.1 Contributions and Concluding Remarks

In this thesis, a few new PAPR reduction schemes have been presented for OFDM
systems. A detailed simulation study has been carried out to show the performance of the
proposed techniques and the affects of various parameters employed for PAPR reduction.

In chapter 2, some of the existing signal distortion based PAPR reduction methods, i.e.,
the peaking windowing and clipping methods, have been reviewed, showing their
advantages and disadvantages. In order to overcome the drawbacks of the two signal
distortion techniques, a combination scheme of the two techniques has been proposed in
chapter 3.

The objective of the proposed scheme is to decrease the PAPR of the OFDM signal
while improving the signal spectrum. In the simulation of the proposed scheme, several
parameters including the type of window functions, the window length, and clipping ratio
(CR) have been considered to evaluate the OFDM system performance. It has been
shown that the PAPR reduction performance is less dependent on the type of window

functions than the clipping ratio. The PAPR value can be reduced, when a small CR is
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used. However, choosing a small value of CR would degrade the BER performance of the
OFDM systems.

In chapter 3, the proposed method has also been compared with conventional signal
distortion techniques, in terms of the BER performance and the out-of-band radiation. In
contrast with the conventional clipping method, the proposed method is able to decrease
the out-of-band radiation significantly with a little sacrifice in the BER performance only.
On the other hand, the proposed technique yields a better BER characteristic at a small
expense of increasing slightly the out-of-band energy in comparison with the
conventional peak windowing method.

In chapter 4, two PTS-based PAPR reduction methods using phase and amplitude
adjustments, respectively, have been proposed.

The proposed techniques belong to the category of non-signal-distortion method and
search for a set of optimum phase or amplitude factors for combining a number of signal
subblocks in the optimum fashion that minimizes the PAPR of the overall OFDM signal.
In the phase adjustment PTS method, an iterative algorithm has been proposed to seek the
optimum phase vector. A thorough simulation study has been conducted to evaluate the
PAPR reduction performance of the proposed techniques. Then impact of several
parameters, i.e., the number of subblocks, the number of iterations, the phase increment
(PAPTS only), etc., on the system performance has also been shown through computer
simulation. It has been shown that the proposed PAPTS and AAPTS methods are able to
reduce the computational complexity to a certain degree while producing a similar
performance in comparison with the conventional PTS method. Furthermore, the PAPR

reduction performance can easily be controlled by modifying the parameters employed in
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the proposed PAPTS and AAPTS methods. In other words, one can achieve a better
PAPR reduction performance easily by allowing the computational complexity to be
slightly increased; or one may reduce the computational complexity significantly if a

certain degree of performance degradation is tolerable.

5.2 Suggestions for Future Study

The investigation of PAPR reduction for OFDM systems performed in this thesis leads to
several thoughts for future study.

« First, the ideal channel characteristic has been assumed in the present simulation
study. However, channel fading is a common phenomenon in wireless transmission
environments. In order to evaluate the OFDM system performance in real world,
multipath fading will be considered in future study. Also, new receiver structure
that may incorporate adaptive equalization and channel decoding will be developed.

» Second, most of the existing PAPR reduction techniques are proposed for single
user OFDM systems. On the other hand, the elegant properties of OFDM makes it
more useful for a wide variety of multi-user applications, such as in the
combination of code-division multiple access (CDMA) and OFDM. Therefore, the
PAPR issue in multi-user OFDM-CDMA systems will be investigated.

e Third, in multi-user OFDM systems, if the subchannel allocation is not optimized,
some of the users may suffer from very serious channel fading. As such, the
subchannel allocation for multi-user OFDM systems will definitely be an

interesting research topic.
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» Lastly, the ideal synchronization has been assumed in the thesis. In a real OFDM
system, however, there might exist more or less the inter-carrier interference (ICI),
which is caused by the carrier frequency offset. Therefore, the ICI and relevant
interference cancellation remedies should be considered in future study of the

PAPR reduction issues.
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