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ABSTRACT

The OFDM communication is very much inspired from the
channel frequencies over the network. In such network some
kind of orthogonal distortion occurs over the channel called
PAPR. Here we will reduce the PAPR using Kalman
Filtering. It is basically the statistical measure to identify the
non-linearity over the signal. Once the PAPR is analyzed over
the signal, this effective PAPR value is reduced from the
signal. The work is implemented in Matlab environment. The
obtained result shows that the presented work has improved
the PAPR effectively.
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1. INTRODUCTION

In the last years wireless communications have experienced a
fast growth due to the high mobility that they allow. However,
wireless channels have some disadvantages, like multipath
fading, that make them difficult to deal with. A modulation
that efficiently deals with selective fading channels is OFDM.
The advancements in digital signal processing and very large
scale integrated circuits allow efficient and cost-effective
implementation of the FFT operations making OFDM an
attractive solution for wireless channels.

Orthogonal Frequency Division Multiplexing (OFDM) is one
of the most effective transmission technique adopted by most
of the wireless communication. It supports different wireless
standards to perform different kind of data communication
including the Video, Audio, Text communication. It provide
high communication rate with effective success rate [1, 2].
But, when the high speed communication is performed over
the signal, the conversion of signal from serial to parallel is
performed. When such kind of conversion is performed, from
low to high frequency range as well as between different
bandwidth, then there are the chances of occurrence of
different kind of valunariites over the signal. Once of such
impurity over the OFDM is PAPR (Peak to Average Power
Ratio).

2. OFDM SYSTEM

Multiple-input, multiple-output OFDM was developed by
lospan Wireless. Basically, MIMO-OFDM uses OFDM to
break up a signal and wirelessly transmit the pieces
simultaneously via multiple antennas. The receiver
subsequently reassembles the pieces. MIMO-OFDM lets

providers offer fixed broadband wireless access systems that
don’t require a line of sight between transmitter and receiver.

Mathematically, the OFDM signal is expressed as a sum of
the prototype pulses shifted in the time and frequency
directions and multiplied by the data symbols [2]. An OFDM
signal in baseband is defined as:
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Where, a, denotes the complex symbol modulating the Ny,

carrier, W(t)is the time window function defined in the
interval [0, T], N is the number of subcarriers, and T is the
duration of an OFDM symbol. Subcarriers are spaced

Af = % apart. Each subcarrier is located at:
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T
In order to maintain the orthogonality between the OFDM
symbols, the symbol duration and sub channel space must
meet the condition T.Af =1. In equation (1) time-limited
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complex exponential signals {(e )r’:tol} which represent

n
the different subcarriers at f =? in the OFDM signal.

These signals are defined to be orthogonal if the integral of
the products for their common (fundamental) period is zero,
that is:
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As can be seen from (5),
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Therefore, OFDM signal of the form (1) satisfies the
condition of mutual orthogonality between subcarriers in the

symbol interval [2]. The kth subcarrier OFDM symbol

should be down converted with a frequency of % for data

modulation, and then integrated over the symbol period [12].
We can assume that W(t) is a rectangular window defined in
[0, T] for simplicity.

3. PEAK AVERAGE POWER RATIO
3.1 Introduction to PAPR

The non linearity is one of the major drawbacks for any
signal. One of the causes of non linearity is the PAPR. In case
of OFDM signal, when high speed communication is
performed as well as the signal transformation is been
performed, there are possible chances of generation of PAPR
over the signal. To achieve the linearity over the signal, it is
required to control the PAPR. There are number of existing
approaches to reduce the PAPR in OFDM signal. One of such
approach is SLM based approach. According to which, the
signal is analyzed for the PAPR value over the signal. Once
the analysis is performed, the next work is to identify the
lowest PAPR value. Now stable the signal respective to this
lowest PAPR value [7, 8, and 9].
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Figure 1: Block Diagram of OFDM transmitter with the SLM
Technique

The PAPR is one of very series problem in OFDM signal that
basically occur during the transformation of signal from
digital to analog and analog to digital. PAPR increases the
signal complexity so that the linearity over the signal is
reduced. When the amplification is increased in signal, it also
decreases the efficiency of the signal [10.11].

High PAPR corresponds to a wide power range which
requires more complicated analog-to-digital (A/D) and digital-
to-analog (D/A) converters in order to accommodate the large
range of the signal power values. Therefore, high PAPR
increases both the complexity and cost of implementation. In
practical systems, commonly available circuits with a finite
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range and precision are used, thus introducing non-linear
distortion to the reconstructed analog signal [14].

To avoid this distortion, for high PAPR, the RF power
amplifiers needs to be operated under large back-offs due to
the limited linear region. Thus high PAPR reduces the
efficiency of RF power amplifiers. With these two effects
degrading the system performance, we should try to keep
away from high PAPR in the system design. Tons of research
has been done on the PAPR reduction for OFDM system.

The conventional definition of the PAPR for the OFDM
symbol in the time domain x may be expressed as

max(| x[n]|)*

E(xn]F)

Where E() denotes expected value of random variable. [8]

PAPR reduction techniques vary according to the needs of the
system and are dependent on various factors. PAPR reduction
capacity, increase in power in transmit signal, loss in data
rate, complexity of computation and increase in the bit-error
rate at the receiver end are various factors which are taken
into account before adopting a PAPR reduction technique of
the system.

PAPR(X[n]) = @)

3.2 PAPR Reduction Techniques

There are a numbers of techniques are available to reduce
PAPR in OFDM system those are as follows:

»Block Coding Techniques

»Block Coding Scheme with Error Correction

»Selected Mapping (SLM)

»Interleaving Technique

»Tone Rejection (TR)

»Tone Injection (TI)

»Clipping and Filtering

»Partial Transmit Sequence (PTS)

»Kalman Filter (Proposed)

In this section, we will discuss mainly last three techniques.

i. Clipping and Filtering

The simplest and most widely used technique of PAPR
reduction is to basically clip the parts of the signals that are
outside the allowed region [all]. For example, using HPA
with saturation level below the signal span will automatically
cause the signal to be clipped. For amplitude clipping, that is

X, X< A
C= | A,

Generally, clipping is performed at the transmitter. However,
the receiver needs to estimate the clipping that has occurred
and to compensate the received OFDM symbol accordingly.
Typically, at most one clipping occurs per OFDM symbol,
and thus the receiver has to estimate two parameters: location
and size of the clip. However, it is difficult to get this
Information. Therefore, clipping method introduces both in
band distortion and out of band radiation into OFDM signals,
which degrades the system performance including BER and
spectral efficiency. Filtering can reduce out of band radiation
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after clipping although it cannot reduce in-band distortion.
However, clipping may cause some peak re-growth so that the
signal after clipping and filtering will exceed the clipping
level at some points. To reduce peak re-growth, a repeated
clipping-and-filtering operation can be used to obtain a
desirable PAPR at a cost of computational complexity
increase. As improved clipping methods, peak windowing
schemes attempt to minimize the out of band radiation by
using narrowband windows such as Gaussian window to
attenuate peak signals.

ii. Partial Transmit Sequence (PTS)
In a typical OFDM system with PTS approach to reduce the
PAPR, the input data block in X is partitioned into M disjoint
sub blocks, which are represented by the vectors

{X ™ m=0,12,.....,M —1} . Therefore, we have
M-1

X=> x®™ ©)
m=0

Where XM =X XML XM ] with

XM =X, 0or0 (0<mM<M —1). In general, for PTS

scheme, the known sub block partitioning methods can be
classified into three categories: adjacent partition, interleaved
partition and pseudo- random partition. Then, the sub blocks

(m) . . . . .
X are transformed into M time-domain partial transmit
sequences

XM =[x{™, ™, X1 = IFFT W XM o)

These partial sequences are independently rotated by phase
b={b, =€"",m=01..,M -1}
factors . The

objective is to optimally combine the M sub blocks to obtain
the time domain OFDM signals with the lowest PAPR

x=> b x™
m=0 (11)

Therefore, there are two important issues should be solved in
PTS: high computational complexity for searching the optimal
phase factors and the overhead of the optimal phase factors as
side information needed to be transmitted to receiver for the
correct decoding of the transmitted bit sequence.

4. PROPOSED WORK USING KALMAN
FILTER

In radio communication systems, filtering is a desirable factor.
As radio communication signals are often corrupted with
noise, a good filtering algorithm is required to remove noise
from electromagnetic signals while retaining the useful
information. Kalman Filtering is an effective method to filter
impurities in linear systems. The Kalman filter basically
consists of a set of mathematical equations that provides an
efficient computational means to estimate the state of a
process that minimizes the mean of the squared error. It
operates recursively on streams of noisy input data to produce
statistically optimal results.

In this present work at first the OFDM spectrum is define with
the specific parameters. These parameters include the channel
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length block size, frequency offset etc. Under these all
constraint the OFDM signal is generated. As the signal
generated it may have some internal interference noise in it.
This signal is divided in number of sub blocks as the proposed
system is a slot based system and the process will be
performed on each slot. The work is about to remove the
interference noise and some other errors from the signal. For
this some external error is included in the form of Noise. The
noise considered here is the Gaussian noise. As in case of data
is transmitted in the form of block so that the serial to parallel
conversion is performed. As the blocks are defined each block
defines the number of bits parallel transferred.

The flow of presented work is shown in figure 2.

Now respective to the subcarrier specification the mapping is
performed using the modulation scheme. The modulation
considered here includes the BPSK, QPSK and the QAM.
While specifying the modulation scheme the number of
combination bits is specified. According these bits the
mapping vector is generated and the effective communication
is performed. Once the modulation is performed the next work
is to convert the signal to the time domain. For this conversion
the fast Inverse Fourier transformation is performed. Once
this conversion is performed now the data is ready for the
transmission and the communication is performed.

The equations used in Kalman filter are called as Time Update
and Measurement Update equations as given below:

Time Update Equations are as follows:

A

Xk = AXka+ Bu 12)

=
o



- T
P =ARP_A"+Q 13
Measurement Update Equations are as follows:

K, =P H"(HRH +R)"

(13)
Xk = Xk+ K, | Z, —H X«

(14)
R =(1-KH)R )

The presented work is based on the kalman filter. The first
layer is about to identify the PAPR over the signal. To
identify the PAPR the statistical analysis is performed and
based on this analysis the PAPR is identified. As we know
maximum the PAPR more nonlinearity over the signal exist.
Now to reduce the PAPR the phase variation is performed
over the signal. This process will improve the linearity factor
over the signal.
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5. SIMULATION & RESULTS

In this section, we present the results of computer
simulations used to evaluate PAPR reduction capability. In
the simulation, an OFDM system with a sub-carrier of N =
128,512 and QAM modulation was considered. We can
evaluate the performance of the PAPR reduction scheme
using the complementary cumulative distribution (CCDF) of
the PAPR of the OFDM signal.
Table no. 1 shows comparison among various PAPR
reduction schemes. Figure 3 and Figure 4 shows the PAPR
reduction in OFDM systems by using PTS scheme and
Kalman Filter scheme. If we compare both the figures we see
that Kalman Filter outperforms PTS scheme. The value of
PAPR in case of PTS scheme at CCDF 10 is 7.8 db while in
companding scheme it is 4.8 db thus from this comparison we
see that Kalman Filter scheme provides better results than
PTS scheme.

The presented work is implemented in Matlab 7.8
environment and the obtained results from the system are
given as under. The parameters taken for presenting work are
given as under:-

PAPR Reduction by using Kalman Filter
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Fig 3: PAPR’s CCDF by using PTS scheme
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PAPR Reduction by using PTS Scheme
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Fig 4: PAPR’s CCDF by using Kalman Filter scheme
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