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ABSTRACT

One of the big problems in wireless communication channels is the multipath
fading. Almost all environments suffer for this multipath which is caused when the
receiver receive more than one signal path because of diffraction, reflection,
shadowing and scattering. Each path has different properties which cause more
complexity in the receiver end to recover the transmitted signal especially in the
case of fast fading channel when we have fast varying time domain. In a typical
orthogonal frequency division multiplexing (OFDM) broadband wireless
communication system, a guard interval and cyclic prefix are inserted to decrease
the effecting of inter-symbol interference and the inter-carrier interference. The
superimposed training sequence is one of the technical methods used to increase
the transmission efficiency and decreases the effect of inter-symbol interference
(ISI). The superimposed training sequence is the random data added the
transmitted frame and it is stored in the receiver for channel estimation and

equalization process.

In this thesis, the superimposed training sequence STS will be imposed on OFDM
system. The superimposed training system (STS) is done by two methods: the first
one is an algebraic sum of training sequence with the OFDM transmitted frame and
the second one uses matrix concatenate in the transmitter to add the training
sequence with OFDM frame and using the adaptive equalizer in the receiver to

improve the received signal .

Two types of equalizers are used in our simulation which are; the LMS and the
RLS equalizers and the results of two equalizers were compared between them.
The STS with RLS equalizer gives minimum bit error rate (BER) and better system
stability and performance compared to LMS equalizer. The modulation schemas



which are in the communication system are; (BPSK, QPSK and 16 QAM). The

OFDM system parameters are chosen according to IEEE 802.11a standards.
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CHAPTER ONE

Introduction

1.1 General background
The transmission channel in communication systems is defined as the medium that

the transfers information to be sent from transmitter end to the receiver end.

The perfect situation can be obtained when the signal is received without any
distortion or losing the transmitted signal. All the interested people and researchers
work to reach this situation, but until now this target is considered as difficult to

achieve because the difficulties that appear in the transmission medium.

The signal propagation can be divided into two types, direct path (LOS signal) and
multipath propagation. The direct path occurs when there is straight path between
the transmitter antenna and receiver antenna, the case is defined in communication
system by (line of site) so no interference happens in the transmitted frame when

passing through channel [1].

The multipath propagation occurs when the transmission medium has obstacles

which affect the transmitted frames like buildings, trees, cars and long distance.

In order to design any communication system, the choice of the transmission
channel takes in consideration the problems can be caused by these obstacles like
attenuation, absorption, Faraday rotation, spherical spreading scintillation,
polarization dependence, motion and fading, delay spread, reflection losses,

dispersion ,angular spread, Doppler spread, and interference.

In this thesis the fading will be the main object to be define analysis of all factors

that cause the fading how it can reduce the effect of signal fading due to channel.



Due to multipath problems, the received signal is fluctuated when it is transferred
through the multipath medium so the receiver antenna will receive many copies
from the transmitted signal but with different power gain and time delay, these
several copies added constructively or destructively depending on the nature of

received signal.

Fading can be divided into two parts: fast fading and slow fading, slow fading
happens when the signal transfers in channel by slow fluctuation or variation of the
signal. This slow fluctuation is caused by scattering or reflection from large object

like mountains, trees and buildings [1].

Fast fading happens when the signal transfers on channel by rapid fluctuation over
short distance. Fast fading is caused by scattering from moving objects like cares
or complex geographical terrain. The Rayleigh fading is an example of this type of
fading when there is no straight path (line of sight) between transmitter and
receiver. Additionally, fading can be defined as flat or frequency selective fading.
In order to reduce the effect of fading on the transmitted signal, many solutions can
be considered to reduce this effect, one of these solutions uses the equalization

algorithms to recover the received signal and achieve better BER.

Equalization process is widely used in wireless communication systems in order to
lower the effects of the channel distortion. Many researchers have proposed
equalizers for different modulations techniques. In this research the BER
performance of different modulations schemas with the LMS and RLS equalizers
Is compared in terms of the frequency selective Rayleigh fading channel.

The aim of equalizers is to decrease the effect of I1SI caused by fast fading and
noise from the multipath wireless networks and mobile communications channels.

The equalizers may be broadly classified as linear and non-linear equalizer and



used to ease the demodulation process at the wireless receivers. In wireless
multipath communication Rayleigh fading is a common phenomenon which exists
due to reflection of waves, diffraction, and scattering of the transmitted waves
from the large physical structures such as buildings or mountains as shown in
Figure 1-1. With the increasing number of wireless users the higher size
modulation methods are frequently adopted thus you need to compare the
performance of modulation techniques over fading environment. In the current
work performance of various linear equalizers is evaluated in terms of the

frequency selective fading channels.

Transmtter

a] Eeflaction
b] Scattenng
] Diftection

Eecivet

Figure 1-1 Reasons for fading in multipath wireless channels [2]

Several types of equalizer have been used in wireless communication system
according to the nature of transmitted data, the characteristics of channel, adaptive
noise and the algorithm that is used in receiver side to improve the performance of

received signal.



1.2 Main equalization techniques.

Zero Forcing Equalizer is a linear equalization algorithm used in communication
systems, which upset the frequency response of the received signal. The expression
of Zero Forcing comes from dropping the ISI to zero in a noise environment. This

dropping will give high advantage when ISl is highest compared to noise. [3]

A minimum mean square error (MMSE). The main feature of MMSE equalizer
Is that it does not usually eliminate ISI completely but minimizes the total power of
the noise and ISI components in the output. The MMSE estimator is then defined
as the estimator achieving minimal MSE. In many cases, it is not possible to
determine a closed form of the MMSE estimator. In these cases, one possibility is
to seek the technique minimizing the MSE within a particular class, such as the

class of linear estimators.

Blind equalizationis essentially blind  de-convolution applied  to digital
communications. The main advantage of blind equalizer isestimation of
the equalizer filter, more than that of the channel impulse response which will be
estimated by blind equalizer itself. After estimation process is completed then the
result is compared with the received signal to produce estimation of the transmitted

information signal [4].

The LMS algorithm method has a low complexity and it is globally convergent if
the training values are given correctly. If the training sequence or the stored
symbols are not correct, it does not converge. RLS algorithm has better
convergence characteristics than the LMS algorithm. But, it has higher
computational complexity than LMS algorithm. The general RLS algorithm’s

complexity grows with (N2) where N is the number of equalizer coefficients.


http://en.wikipedia.org/wiki/Blind_deconvolution
http://en.wikipedia.org/wiki/Digital_communications
http://en.wikipedia.org/wiki/Digital_communications
http://en.wikipedia.org/wiki/Estimation
http://en.wikipedia.org/wiki/Equalization_filter
http://en.wikipedia.org/wiki/Signal_processing

There are also RLS algorithms that have computational complexities which grow

linearly with the increasing number of equalizer coefficients [2].

Decision Feedback Equalizer (DFE): There are two major categories of a channel
equalizer; linear and non-linear. Non-linear equalization is needed when the
channel distortion is too severe for the linear equalizer to mitigate the channel
Impairments. An example of a linear equalizer is a zero-forcing equalizer (ZFE)
and as the name implies, it forces ISI to become zero for every symbol decision. A
zero-forcing equalizer enhances noise and results in performance degradation. On
the other hand, a Minimizes Mean Square Error-Linear Equalizer (MMSE-LE),
minimizes the error between the received symbol and the transmitted symbol
without enhancing the noise. Although MMSE-LE has better performance than
ZFE, its performance is not enough for channels with severe ISI. An obvious

choice for channels with severe ISl is a non-linear equalizer. [5]

From the above summary of the equalizer role in wireless communication systems
and the widely used to migrate the receiving signal for the adaptive noise and the
inter symbol interference ISl and distortion caused by the fading channel and
multipath, The main advantages of equalizing the received signal before
demodulation techniques are[1]:

1) Reduction in Inter symbol Interference (I1S1).

i)  Reduction in Inter Carrier Interference (ICI).

iii)  Reduction in noise.

Over More and complementing the using of equalizer on the receiver side and to
decrease the inter symbol interference between the transmitted frames many
researchers employed some techniques to improve the equalizer work and make

the convergence and the performance faster and more stably.



1.3 Main Methods of Channel Estimation.

1-

2-

Pilot sequence was employed for equalization purposes by adding PN
sequence to the OFDM frame according to some standards to arrange the
OFDM frame to insert the pilots sequence between the OFDM slots and
demultiplxing in the receiver is used to move this pilot for OFDM frame.
The main advantage of pilots sequence is to support the channel estimation
work in receiver to estimate the channel coefficients.

Some researchers used the superimposed pilot sequence to improve the
channel estimation process by adding a lot of pilots to the OFDM frame to
decrease ISI [5].

Conventional training sequence is considered as one technique for channel
estimation and equalization by adding random data to the OFDM frame in
the transmitter and using equalizer like LS, LMS and RLS to remove this
training from the OFDM frame, the main benefit of training sequence is to
support the channel estimation and estimate the channel coefficients by
storing the same training sequence in the receiver [6].

Cyclic prefix is used also to prevent the inter symbol interference by adding
empty data to the end of OFDM frame to extend it and decrease the
interference between the OFDM subcarriers when there is dispersive
channel.

Superimposed training sequence technique employ training sequence
adding algebra or after the OFDM frame slot on the transmitter side and
storing the same training sequence on the receiver side. In the receiver the
coefficients of equalizer are changed by using equalization process. Thus the

output of the equalizer nearly matches the STS. However, the modulation of



this STS with the input information adds an overhead and thus has effect on
the throughput of the OFDM system [9].
In this research, the superimposed training sequence is the main topic which will
study and analyzes the role it plays in communication system to improve the
equalizers work by using two types of equalizers LMS and RLS equalizers with
different M-PSK and M-QAM modulations over the Rayleigh fading channels
presented. In order to compare the performance several of equalizer parameters

are varied and Bit error rate (BER) is evaluated and compared [10].

1.4 Literature Survey of Channel Estimation.

December 1999, Hoeher P and Tufvesson F [6], for purpose of channel
estimation in receiver, performed a superimposed pilot training sequence technique

based on the Viterbi algorithm .

June 2000 F,Mazzenga [7], discovered a method for channel estimation by
estimating the efficiency of bandwidth compared with the increasing the power of

transmitted signal and adding a pilot sequence to the input frame.

November 2001, C. K. Ho, B. Farhang-Boroujeny and F. Chin [8], added pilot
to the OFDM frame by employing channel estimation by semi-blind equalizer for

OFDM in dispersive channels.

January 2005 Mounir Ghogho, Des McLernon, Enrique Alameda-Hernandez,
and Ananthram Swami [9], showed that best estimation can be got when the
training sequence is arithmetically added to the OFDM transmitted data instead of

putting in an empty part of time slot.



2006 Yang, Qinghai and Kwak, Kyung Sup [10]. in “Time-Varying Multipath
Channel Estimation with Superimposed Training in CP-OFDM Systems”, have
analyzed superimposed training sequence as CP when compacted with OFDM

frame and transmitted through time varying multipath channel.

June 2006 N.Chen and G. T. Zhou [11], describe OFDM transmission frame
with superimposed training. They examined the superimposed training sequence
with PAR of OFDM signal also derived the function of cumulative and
complementary distribution and determined the upper and lower bounds for this

function.

February 2007 Qinghai Yang et al [12]: in “Superimposed training for estimating
of doubly selective OFDM channels”, in superimposed training-based approaches,
found a major problem to be handled is that of interference from the transmitted

information sequence unknown at the receiver.

November 2007 Yang, Q. and Kwak, KS [13]: in “Optimal superimposed
training for estimation of OFDM channels”, introduce an optimal method for using
superimposed pilots in channel estimation for OFDM system using Wiener filter.
This algorithm is a device to find set of the optimal rectangular of time-frequency

samples for the complex channel estimation.

October 2011 Abdelhakim Khlifi and Ridha Bouallegue [31]:in “Performance
Analysis of LS and LMMSE Channel Estimation Techniques for LTE Downlink
Systems”, The main purpose of this paper is to study the performance of two linear
channel estimators for LTE Downlink systems, the Least Square Error (LSE) and
the Linear Minimum Mean Square Error (LMMSE).



March 2013 Ali Asadi and Behzad Mozaffari Tazehkand [32]: in “A New
Method to Channel Estimation in OFDM Systems Based on Wavelet Transform”
introduce a new threshold based method using wavelet decomposition will be

proposed which is based on an initial LS estimation technique.

Jul-Aug 2013 Gunjan Verma, Prof. Jaspal Bagga [33]: in “Performance
Analysis of Equalizer Techniques for Modulated Signals™ In this work, the
performance of two equalizers Least Mean Square (LMS) and Recursive Least
Square (RLYS) is observed by calculating the BER effect of Rician channels over
low Doppler shift and found the best result when used Recursive Least Square
(RLS).

1.5 Aim of the Work

The aim of this thesis is to investigate the effect of using superimposed training
sequence technique (STS) instead of the conventional training sequence in OFDM
systems to meet the fast fading channel requirements. A simulation of OFDM

system is to be implemented for the following investigation:

1- The role that is STS plays to decrease the effect of multipath fading channel
for fast fading.

N
)

The significance of STS to equalize the received signal and reduce the effect

of inter symbol interference (ISI).

w
1

Comparison between different modulation techniques.
4

Study the performance of two types of equalizers; Least Mean Square
(LMS) and Recursive Least Square (RLS).

5- Calculate the Bit error rate of two equalizers with three of modulations
techniques.



1.6 Thesis Outline
This thesis consists of chapters including this introductory chapter.
Chapter One includes a general introduction to wireless communication system

and the main problems in wireless channel communication and literature review.

Chapter Two introduces the fading and discusses the main reasons which cause

the inter symbol interference and classifies the type of fading channel.

Chapter Three: explains briefly the equalization process and the advantage of
superimposed training sequence which is used in equalization process to reduce the
effect of ISI.

Chapter Four: introduces the OFDM communication system design with the

methods for adding the STS and the channel properties.

In Chapter Five: gives simulation results for OFDM system with training

sequence with and without adaptive equalization.

Chapter Six: includes the conclusions from the work and gives suggestions for
future work.



CHAPTER TWO
Fading

2.1 Introductions

This chapter includes introductions to the fading and discusses the main reasons
which caused the inter symbol interference and classifies the types of fading
channel.

In most of the wireless communication environment, a signal exits a transmitter
split into wide directions and these rayed signals take many paths and arrive to the
receiver in different amplitude and different times, so that, the signal reaching to
the receiver is the composite of all the components. When the two signals get
combined the summation signal can be an attenuated signal or augmented signal
depending on nature of the two signals are combined constructively or
destructively.

In wireless communication environments, the signals copies became collective at
the receiver and some of them constructively combine and some of them
destructively combine[14].The final result of summation of all the received
signals become very complicated and the received signal becomes totally different
from the original signal transmitted from the input source. The quality of the
received signal at the receiver gets weaker than the transmitted signal. This type of
process of signal destruction by the multiple fading of a signal is called 'Fading'.
For more understanding of the fading, the below figures show a couple of different
aspects of fading which can be measured using various equipment’s. First,
compare between faded signals and non-faded signal using a power spectrum

scope. The two results show the high fluctuation in the faded spectrum.



Non-Faded Faded

Center =
2 000 000 000 Hz

Figure 2-1 Faded and non-faded signals on spectrum analyzer [14]

Figure 2-2 shows the signal constellation for the faded and non-faded signal and it
Is very clear that the non-faded constellation figure has symmetric poles and

without any impurities.

MNor-Faded Faded

Figure 2-2 Samples of constellation for faded and non-faded signal. [14]



2.2 Major Components of Fading

Fading is generated from many components or factors the list below gives the

major factors for fading:[14]
« Variation of the received signal power
« Fluctuations in signal phase
« Received power variation created by multi path
« Fluctuations of angle of arrival of received signal
« Path loss
« Frequency Shift(Doppler shift)

. Reflection and diffractions from various objects

The fading analysis requires brief explanation of each of these factors, Figure 2-3

represents the summation of three paths at the receiver end.
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Figure 2-3 The summation of three paths at the receiver end. [14]



Figure 2-3 shows the three paths behavior on transmission channel, the horizontal
axis represent the distance.

In the first section is the path loss decreases gradually but does not have any
fluctuation. In the second section, notice a low fluctuation of the signal over the
distance. In the third section, notice a high fluctuations of signal over the distance.

The fourth section (on the right side) is the summation of these three paths.

2.2.1 Fast Fading and Slow Fading

Fast fading is used to describe channels when the coherence time of the channel
less than the transmission symbol time. Fast fading describes a condition where the
time duration in which the channel behaves in a correlated manner is short
compared to the time duration of a symbol. Therefore, it can be expected that the
fading characteristic of the channel will change several times while a symbol is
propagating, leading to distortion of the baseband pulse shape. Analogous to the
distortion described as ISI, the distortion take place because the received signal's
components are not all highly correlated throughout time. Hence, fast fading can
cause the baseband pulse to be distorted, resulting in a loss of SNR that often
obtains an irreducible error rate. Such distorted pulses cause synchronization

problems [15].

Slow Fading is used to characterize channels when Coherence time of the channel
greater than the transmission symbol time. Slow fading describes a condition
where the time duration in which the channel behaves in a correlated manner is
long compared to the time duration of a symbol. So that can expect that the

channel status remains unchanged approximately during the time of transmitted a



symbol. The symbols will not suffer from the distortion in the pulse, the loss in

SNR is the primary degradation in a slow-fading channel [15].
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Figure 2-4 fading channel manifestations [29]

Figure 2-4 shows the structure of fading. The fading channel can be divided into

two main parts, large scale fading and small scale fading. The main reason for

large scale is the movement over the wide areas and this move causes attenuation

and fluctuations in the mean signal compared with distance.

The small scale part is caused by the low changes in location and this has effect on

the time spreading and time variance of the channel.

The phenomenon of flat and frequency selective fading come from the time

spreading of the transmitted signal as indicated in 11,12 blocks when working in




the frequency domain and from time delay domain as indicated in blocks 8,9 in
Figure 2-4. [29]

The fast and slow fading’s emerge from the Doppler shift factor and time variance
factor when working in time domain as indicted in blocks 14, 15, 16 and 17.

There are three basic phenomenon that affect signal propagation in a wireless
communication system:

* Reflection appears when a propagating wave hits a smooth surface with very
large volume compared to the RF signal wavelength ().

. » Diffraction which appears when the radio path between the transmitter and
receiver is blocked by a heavy form with large volume compared to A, causing
minor waves to be composited behind the heavy form.

« Scattering which appears when a radio wave hits either a large harsh surface or
any surface whose volume is on the order of A or less, causing the energy to be
spread out (scattered) or ray in different directions. an example is an urban
environment, perfect signal obstructions that produce scattering include foliage,

lamp posts, and street signs. [29]

2.2.2 LARGE-SCALE FADING: PATH-LOSS MEAN AND
STANDARD DEVIATION

For the radio wireless application, Okumura performed some measurements of the
path-loss for the heights of antenna and coverage. Hata [15] transformed
Okumura’s data into parametric formulas. For the mobile radio application, the

mean path loss, Zp (d) is a function of distance, d, between the transmitter and

receiver it is proportional to an n;,, power of d relative to a reference distance d-.

as shown below.



Lp (d) (apy= Ls(de) (apy+ 10 nlogio(d /d-) (2.1)

where d- is the reference distance, the value of d.[ is taken to be 1 km for large

cells, 100 m for microcells, and 1 m for indoor channels] [15]. Zp (d) is the
average path loss for a given value of d. Linear regression for a minimum mean-
squared estimate (MMSE) fit of Zp (d) versus d on a log-log scale (for distances

greater than d.) generates a slope equal to 10n dB/decade with straight line. (n)
value depends on the antenna height ,frequency, and propagation medium. In free

space, n = 2, as seen in equation 2. 1[15], when have a strong wave has guided
phenomenon (like urban streets), n can be lower than 2. The path loss L¢(d-) to the

reference point at a distance d-[from the transmitter is typically found through field
measurements or calculated using the free-space path loss given by equation
2.2].[30]

Lild] = (*22)° (22)

Thus, path loss L¢(d) can be expressed in terms of Lp(d) plus a random variable

Xo, as follows [3]:
L,(d) (dB) = Ls(d-) (dB) + 10nlog,, (d /d-) + x (dB) (2.3)

Where x, denotes a zero-mean Gaussian random variable (in decibels) with
standard deviation 6. X4 s site- and is distance-dependent. The choice of a value

for x5 is often based on measurements; it is not unusual for it to take on values as

high as 6-10 dB or greater. Thus, the parameters needed to statistically describe



path loss due to large-scale fading for an arbitrary location with a specific
transmitter receiver separation are: [29]

» The reference distance d-
* The path-loss exponent n

* The standard deviation ¢ of X .

2.2.3 SMALL-SCALE FADING: STATISTICS AND MECHANISMS

When the received signal is made up of multiple reflective rays plus a significant
line-of-sight (non fading) component, the envelope amplitude due to small-scale
fading has a Rician, and is referred to as Rician fading [15]. The non faded
component is called the specula component. As the amplitude of the specula

component approaches zero, the Rician approaches a Rayleigh, expressed as

fL exp [— 2—] forr=0 (2.4)

where 7 is the envelope amplitude of the received signal and 2 is a2 which is the
predilection mean power of the multipath signal. The Rayleigh fading component
Is sometimes called the random or scatter or diffuse component. The Rayleigh
results from having no specular component of the signal; thus, for a single link it
represents the pdf associated with the worst case of fading per mean received
signal power. For the remainder of this research, it will be assumed that loss of
signal-to-noise ratio (SNR) due to fading follows the Rayleigh model described. It
will also be assumed that the propagating signal is in the ultra-high-frequency
(UHF) band, encompassing present-day cellular and personal communications

services (PCS) frequency allocations — nominally 1 GHz and 2 GHz, respectively



[15]. As indicated in Figure2-4, blocks 4, 5, and 6, small-scale is fading which
manifests itself in two mechanisms:

 Time-spreading of the underlying digital pulses within the signal

* A time-variant behavior of the channel due to motion (e.g., a receive antenna on a

moving platform).
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Fig 2-5.Small-scale fading: mechanisms, degradation categories, and effects. [15]

The model treats signal variations arriving with different delays as uncorrelated. It

can be shown such a channel is effectively WSS in both the time and frequency

domains.
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For the mobile channel, Figure 2-6 contains four functions that make up this
model [15]. Starting with Figure. 2-6a and proceeding counterclockwise toward
Figure 2-6d. In Figure 2-6a a multipath-intensity profile, S(t) versus time delay T,
is plotted. Knowledge of S(t) helps answer the question “For a transmitted
impulse, how does the average received power vary as a function of time delay .
The term “time delay” is used to refer to the excess delay. It represents the signal’s
propagation delay that exceeds the delay of the first signal arrival at the receiver.
For a typical wireless radio channel, the received signal usually consists of several

discrete multipath components, sometimes referred to as fingers. For some



channels, such as the troposphere scatter channel, received signals are often seen as
a continuum of multipath components [15].

For a single transmitted impulse, the time, T,,, , between the first and last received
component represents the maximum excess delay, during which the multipath
signal power drop to some threshold level below that of the strongest

component.[30]

The frequency-selective fading happen when 7m > Ts. This condition appears
whenever the received components of a symbol expand after the symbol’s time
duration. Such multipath dispersion of the signal yields the same kind of inter

symbol interference distortion caused by an electronic filter. [29]

The flat fading happen when 7m < 7s. In this situation, all the received
components of a symbol reach within the symbol time duration; so that, the
components are not destroyed. Here, there is no channel-induced ISI distortion,
since the signal time spreading does not result in significant overlap among
neighboring received symbols. There are still performance fluctuations since the
irresolvable phasor components can be added up destructively to yield a substantial
reduction in SNR [29].



2.2.4 Channels with Multipath

The definition properties of the wireless channel are for reinforcement of a model
for the fluctuations of the channel strength over time and frequency.

A MS is connected with antenna of BTS receiver and there are a lot of obstacles or
buildings between the antenna of receiver and the MS. the receiver antenna would
receive the multiple copies of the same signal from MS because the same signal
can reach the antenna of receiver in multiple paths as shown in Figure 2-7. Let's
take example that has four different paths as shown in Figure 2-7. Two
characteristics are in this example, one is time delay and the other one is

attenuation. [14]

[ delay = 1,

Po| .
attenuation = a,

[ delay =1,

Py ;
attenuation = a:

[ delay = 7,

P .
attenuation = a,

[ delay =1,

P3| :
atienuation= a_:

Figure 2-7.Time delay and attenuation for four multipath channels.[14]
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Channel Model (Impulse Model)
a,d(t—1,)
alcﬁ'(r—amf[ a.8(t-1,)

r time

ayd(t—1,)

amplitude

Figure 2-9.Impulse Response for four multipath channels.[14]

h(t) = a-8(t — t-) + a;8(t — ;) + a,8(t — t,) + az8(t — t3)

Whereh(t) is the implse responce of the channl.

Figures 2-8 and 2-9 show the summation of four multipath channel and impulse
response for the these four multipath channels respectively at the receiver end,
each path has a different amplitude and phase and the red path represent the
summation of the four paths, when here is a larger gap in time between the paths
then the equalization process becomes very hard to recover the transmitted signal.



Figure 2-10 shows that the amplitude and phase get different from the transmitted
signal, but overall shape of the signal is the same as that of the transmitted signal.
It means that no distortion happen in by this multipath.

In this case you can suppose that a signal has six different multipath as shown in
part (1) (the upper part). The time delay is represented in horizontal axis and the
amplitude is represented by vertical axis. Parts (2) ~ (7) show the signal propagates
through each path till arrives to Rx antenna. Also it can noted the amplitude and
phase are different in each path. Part (8) indicates the summation of all parts from

(2) ~ (6), part (8) is the final signal the receiver will have treatment with.
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Figure 2-10.The amplitude and phase get different from the transmitted signal.[14]



2.2.5 Doppler Spread

Doppler shift is the famous phenomenon in the wireless communication fields, it
Is related to the motion of the transmitted signal and the receiver antenna. Doppler
shift causes the Doppler spread in the transmitted signal when passing through the

channel as shown in the below figure 2-11.

As shown, how much a frequency (f,) gets speeded by Doppler spread is indicated
byf,,. Figure 2-11 show another formula for representing f,,, it will be noticed f,,
Is determined according to the object velocity (relative velocity between
transmitter and receiver) and speed of light and (f.) is the carrier frequency.
Which is constant. Now the only variable is the moving speed (v). According to
this equation, f,,, and(v)are in proportional relation, meaning if (v) gets higher, f,,,
becomes larger and if (v)gets smaller, f,,, becomes smaller [14].

As shown in the below graph the width depends on f,, value.

D(J)

Figure 2-11 Doppler spread [14]



D(f) = —— 27)
1-(7)
fo =2k (28)

v is moving speed.

v.cos 8 is the relative velocity.
fp is the Doppler spread.

fc is the carrier frequency.

c is the speed of light in free space.

Doppler spread which affect the signal can be divided by two types, the wide
Doppler spread and the narrow Doppler spread, below the simulation results for
these two cases are shown in Figure 2-12 [14]. The lower part is for wide Doppler
spread the upper part is for narrow Doppler spread. Figure 2-12 shows a lot of
frequency energy fluctuations vs. time in wide Doppler spectrum compared with

narrow band.
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Figure 2-12 Narrow and wide Doppler spread [14]



CHAPTER THREE
Equalization
3.1 Introductions

As is explained briefly in chapter two fast fading channel has effect on transmitted
data and the distortion generated causes inter symbol interference (ISI) and the
additive noise (AWGN ) which already added to the transmitted signal during

passed through multipath channels.

This chapter will explain the solution that will decrease the effect of multipath
channel and ISI for fast fading channel and steps for equalization in OFDM system

to make equalization process before the FFT processing [2].

Equalization is the operation to clear ISI and the effect of noise from the
transmission channel. It is put in the receiver of the communication system. The
equalizer transfer function is reciprocal of the transfer function of the channel
Equalization involves many process of reducing the MSE between input response

and output.

Equalization methods are used by communication engineers to mitigate the effects
of the inter symbol interference. This thesis studies both inter symbol interference
and several equalization methods which amount to different structures for the
receiver box. The methods presented in this thesis are not optimal for detection, but
rather are widely used sub-optimal cost-effective methods that reduce the ISI.
These equalization methods try to convert a band limited channel with ISI into one
that shows less memory, hopefully synthesizing a new AWGN-like channel at the
receiver output. The designer can then analyze the resulting memory less, and the

equalized channel using the methods.
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Figure 3-1 the band-limited channel with receiver [16]

3.2 TYPES OF EQUALIZERS:

The equalizer types can be classified depending on the adaptation characteristics
and the algorithms which used the equalizers and they are grouped as shown below

Figure 3-2:

Equalizer
Linear Types Nonlinear
ML Symbol
DFE } Detector MLSE ,
- — _ = = — = = = = _— — — == = — —] — — 9
| Structures | |
] . Transversal
| Transversal Lattice Transversal Lattice Channel Est. |
R -7 I A A
Zero Forcing Gradient RLS LMS Gradient RLS LMS
LMS RLS RLS
RLS Fast RLS Fast RLS
Fast RLS Sq. Root RLS Sq. Root RLS
S5q. Root RLS Algorithms

Figure 3-2 structure of equalization types [16]



3.2.1 Zero Forcing (ZF)

The ZF-equalizer is designed using the peak-distortion criterion. It ideally
eliminates all ISI. The names zero forcing corresponds to bringing down inter-
symbol interference to zero in environment having noise. Zero-forcing equalizers
cancel the additive noise and may significantly amplify noise for channels with

spectral nulls.

The limitations of ZF Equalizer are:

1. When the impulse response of channel has finite length, the equalizer impulse
response needs to be infinitely long. [18]

2. When some weak signals is already received on the received side, to indemnity
magnitude of ZF equalizer grows so large. As a result, noise will added after the
received channel will take support by large factor and control overall SNR.
Furthermore the channel may have zeros in its frequency responses that cannot be
inversed at all.

The ZF Equalizer belongs to the class of preset linear equalizers and it uses the
Peak Distortion Criterion to evaluate the equalizer tap weights. Consider the

communication system block diagram (with an equalizer) given in Figure 3-3.

Transmit Receive
Input Filter Channel Filter Equalizer To
SYMbO|S m— Ho(F) [ H:(f) Ho (F) Hz(F) Detector

ﬂ

ni(t)

Figure 3-3 Block diagram of Zero forcing equalizer [18]



He(f) = {VHC(f ).eT B, s W (3.1)
0 fl =W

Hi(f) = H*(f)
He(F)-H (f)=|H +(P)|°

.t __1 —j6c(f) <
He (N Heh el € ) lfl<w (3.2)

Where Hg|(f)] is the channel distortion compensate.

Hi(F) is channel frequency response.
H*.(F) isinverse of the channel frequency response.

Hgq|(f)] is the equalized frequency response.

H.(f) isthe channel impulse response

To restore the transmitted signal, a zero-forcing equalizer is used that applies the
channel frequency response inverse. The combination of channel and zero forcing
equalizer output gives a flat frequency response with linear phase to obtain the

transmitted signal [16].

The equalizer has two input signals, the training symbols which are also used at the
transmitter side, and the received symbols. As indicated in Figure 3.4by selecting
column block, the received signal is divided into the training symbols and data
symbols. The channel estimation is done by dividing the received training symbols
by the true training symbols. This estimation is used for the zero-forcing equalizer.
The subsystem of the equalizer gains is shown in Figure 3.5.

The estimated channel is the input of the equalizer gain block and the output is the

inverse of the channel estimation. According to the zero-forcing equalizer



technique with combination of received data and zero forcing equalizer output
(inverse of channel estimation), the estimated signal before the channel can be
achieved.[17]
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Figure 3.4 Subsystem of equalizer [17]

@ [52x4 [dx53] [1152 = [ [1x52
[4152]

o2 [4:5 [1x52]

To 1x§2h Repeat| [20x5 [5212 -
1
Fd

ame 20
L El gains

[e52]

Figure 3.5 Subsystem of equalizer gains [17]

3.2.2 Adaptive Equalizer

An adaptive equalizer is an equalizer that can adapt automatically to fading
properties in wireless communication channel. In this research the equalizer is
implemented in a training mode. It can be implemented by performing the tap
weight adjustments continually by replacing the known training sequence with a
sequence of data symbols it can estimated from the output of equalizer and treated

as known data.



3.2.2.A Least Mean Square (LMYS)

Architecture of the adaptive equalizer is shown in Figure 3-6 below. The
coefficients of the filters are called weights of the system and are updated

according to the type of equalizer algorithm. The equalizer output is calculated as;

y () =XiZo u (0 — k)wi(n) (3.3)
The error signal is calculated as;

e (n) =d (n) -y (n) (3.4)

W /':w’(n)

u(n) — | Adaptive Filter .

(

p| Update algorithm

din)

Figure 3-6 Adaptive Equalizer [9]

Where, w: weight vector or coefficients

u: input vector

e: error signal
LMS equalizer is built around a transversal (i.e. tapped delay line) structure. The
LMS filter or equalizer employs the small step size u which provides a simple and
accurate representation of the filter transient behavior. Let W be the initial weight
then [17]:

G=ux*u(n—xk) (3.5)



Where UL is the step size of LMS algorithm.
Updated weights are calculated as;

Wk (n + 1)=Lfactor’" Wk (Tl) +G* e*(n) (3'6)

Where L¢,ctor 1S the leakage factor which is 1 for standard LMS algorithm [19].

3.2.2. B Recursive Least Square (RLYS)

The Recursive least squares (RLS) based adaptive filter algorithm recursively finds
the filter coefficients and minimize the weighted linear least squares cost function
associated with the input signals. RLS algorithm converges faster than other
methods but is computationally complex. The structure of the RLS algorithm is
similar to that of LMS as shows in Figure 3.6. The RLS algorithm uses covariance
matrix updating formula, which is used for automatics adjustment corresponding to

the estimation error. The initial inverse correlation matrix Delta is given as; [19]
p(0)=56"1I (3.7)

Where, p is the inverse correlation matrix and &1 is regularization parameter

instance n=1, 2,3.... which is positive constant for high SNR and negative for the

low SNR value. For any time instance n=1, 2, 3....

m(n) = p(n-1) «u(n) (38)
u(n—k) is the input factor.

(n)
A+ulH (n)*m(n)

u(n) =
A = Forget Factor.

(3.9)



Then priori estimation error is given by

e(n) =dn) —Won - 1)x(n) (3.10)

The updated weights are calculated as;

wr(m)=w, (n — 1) + u(n) xe* (n) (3.11)

The converges of LMS is slow compared with RLS and the algorithm updated is

slower in RLS than the LMS equalizer.

3.3 Superimposed Training Sequences

We specify the issue of fast fading channel estimation by using the superimposed
training sequence, the superimposed training sequence includes algebraic sum of
known and unknown sequence , the known sequence is usually identified by
research like pilots sequence which is used in communication system to reliable
wireless transmission channel .[20]

The researches performed a method which decreases the BER during channel
estimation. This method comprises the training sequence in the transmitter and
receiver in channel estimation steps to bring the superimposed received data
together with the input data, the cross-correlation role to take the received data
with an estimate time delay define by the rms delay spread of the channel, the
superimposed training sequence stored in a register on the receiver and it is the
same training e sequence which is added to the OFDM frame in the transmitter.

At the receiver end, the cross-correlated data proceeds over a length of custom of
samples that can be made long to use and compare the coherence time of the
channel and operates along with the stored values in the register of the inverse of

auto-correlation of STS so as to get a better channel estimate.



In this case and for better performance the OFDM system needs bandwidth
efficient channel estimation, training symbols known and stored in the receiver end
which are algebraic addition to the data, this method by adding that avoids using
additional time slots for training sequence, at the receiver the noise and unknown
data are used for channel estimation.

This method is featuring on the pilots sequence by bandwidth efficient so the
superimposed training sequence is used in modern communication system like 4G

and LTE to control the bandwidth and avoid inter symbol interference. [20]

S Parallel Guard X,
:> IDFT ::> o Interval [ ™
Serial

Figure 3-7 the block of the transmitter of a STS based OFDM system. [20]

Figure 3.7 will explain the method and location for adding the training sequence to
the OFDM system. Binary data is collected into symbols depending on the level of
modulation schema used. s, Vectors of such symbols are formed after those are
passed to the IDFT. Here k represents the OFDM symbol index. Some of values
entries are zero to meet the requirements of the spectral mask of the OFDM
system. The output of the IDFT is s, = FH5,, where F is the normalized NxN

DFT matrix with and FH is the complex conjugate transpose.
1
_2jmmn

VNe N
Here (m, n) is the mth row and nth column of the matrix. A multiplexing is added

F(m,n)= (3.12)

to the end of transmitter to convert from parallel to serial after exiting from IDFT.



A training sequence c is then algebraic is added to this IDFT output "with a

specific low training to data power ratio to get,

Xk=Sk+Ck (313)

The xy is the summation of the input data and training sequence are pass through
OFDM system this data will be modulated and occupy all sub bands of OFDM
system by components of matrix as written in equation (3.14) to protect them from
inter symbol interference.
.2km m
c(m) = &~ Gt (3.14)

where m th is the row of the vector. This sequence will be summed with guard
bands which are specified according to standard of OFDM system. In this case the
training sequence is given by

.2km m

¢, (m) = IDFTy {DFTN [elT(7+1)] X W(k)} (3.15)

Where W (k) is the frequency domain window function used to meet the

requirements of the spectral mask of the OFDM system. Here w; can be any
spectral mask including a rectangular function defined for 0 < k < N — 1 The

DFTy [X (n)] and IDFTy [X(K)] are defined as,[20]

DFTy[x()] = X(k) = V=2 x(n)e ) k=0,1,..N-1 (3.16)

.(znnk

IDFTy (0] = x(n) = 25822 x (e N ) n=01,.N1  @17)



In the guard band part, the cyclic prefix is add between OFDM symbol after IDFT,
the benefit from this addition is it decreases the inter block interference (IBI)
between IDFT output symbol and to make the equalization easy in the frequency

domain at the end of receiver.

1
E

—»  Channel

Figure 3-8 A block diagram of the equivalent baseband channel encountered in a

typical superimposed training based OFDM system.

In all the OFDM symbols are passed on the transmission channel after exiting from
the guard band, the situation will work for transmission channel type is the fast
varying time channel that is caused by multipath of three paths with different
power gains and time Daley and consider the OFDM symbol passed through
adaptive white Gaussian noise AWGN after being delivered for Rayleigh fading
channel.

This Rayleigh fading channel and the AWGN to add to the adaptive noise and
made distortion on the OFDM symbol which already passed through it and the
signal received by receiver antenna at the front of receiver includes the overall

channel properties as shown in Figure3. 9.
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Figure 3-9 A block diagram of the equivalent baseband receiver of the

superimposed training based OFDM system.

Figure 3.9 explains the receiver of the OFDM system with superimposed training
sequence. The received vectors which get it after guard band removal from the

OFDM symbols can be written as in following equation [20]
yszk(sk+Ck) + wy, (318)

Where wy is the AWGN with the k th vector and Hy is the channel matrix with

dimensions of NxN.

Depending on the fading nature of the transmission channel you can suppose that
the channel properties are closely the same for many OFDM symbols. Hence

Hy =H,K=0,1,...(T, — 1) where T, depends on the channel coherence time.

Equation 3 according to above fading nature can be written as following equation
[20],

Ykzhk(sk+ck) + Wi (319)



where s, and ¢, are Toeplitz matrices of the data and superimposed training
respectively having dimensions of NXLandhy=hK=0,1,...T, (T, -

1) isthe L X 1 length channel vector.[17]

3.4 The Conventional Training Sequence

The addition process for conventional training sequences is widely used in
communication systems because the key role it plays to recover the received
signal, according to this significant role, the global system for mobile
communication (GSM) set the standardization to add the training sequence like
other parameters such as frequency hopping, TDM and time slot, below is the
standardized TDM. [21]

Table (1) Training sequence of standardized TDM [21]

Bit Mumber Length Contents
=1 0] of field of field
o - 2 3 tail bits
3 - BO 55 encrypted bits (el .. e57)
B1 - 8B 26 training sequence hits
a7 - 144 55 encrypted bits (253 .. e115)
145 - 147 3 tail bits
(1453 - 156 825 guard period (bits)

And for physical channel they put standard for normal burst and for guard band

Table (2) Training sequence standards in normal burst [21]

Bit Mumber Length Contents
(BN of field of field

g - 2 3 tail bits
3 - &0 55 encrypted bits (el .. e57)
B1 - &b 2b training sequence bits
g7 - 144 55 encrypted hits (eS8 . e115)
145 - 147 3 tail bits
(143 - 15b 8 .25 guard period (bits)

The GSM slots are the small specific time period that is found in all mobiles.
Different types of data and information are required to be used in mobiles as

trainmaster or receiver so that they have defined format. There are shorted



transmission frames, the slots are normally used for transmitting 148 bits of data
information. This data can be used for carrying voice data, internet, video call, and

control and synchronization data.

This structure of GSM is not simultaneous and has time offset and this time offset
Is very useful to make the mobile transmitter or receiver at the same time and this

will reduce the cost by decreasing the using of expansive filters.

3.4.1 GSM Burst

The GSM transmission can implement several of functions. Some GSM bursts are
used for transceiver of data and others are occupies for control information. So the

GSM bursts can be divided into different types as shown below;.

« Normal burst uplink and downlink
« Synchronization burst downlink
« Frequency correction burst downlink

« Random Access (Shortened Burst) uplink



3.4.2 GSM normal burst

This GSM burst is used for the standard communications between the base station

and the mobile, and typically transfers the digitized voice call.

The template of the normal GSM burst is accurately defined and follows a Formula

canonical as shown in figures 3-11. [22].

e 3 tail bits: These tail bits at the start of the GSM burst give time for the
transmitter to ramp up its power

e 57 data bits: This block of data is used to carry information, and most often
contains the digitized voice data although on occasions it may be replaced
with signaling information in the form of the Fast Associated Control
Channel (FACCH). The type of data is indicated by the flag that follows the
data field

e 1 bit flag: This bit within the GSM burst indicates the type of data in the
previous field.

e 26 bits training sequence: This training sequence is used as a timing
reference and for equalization. There are a total of eight different bit
sequences that may be used, each 26 bits long. The same sequence is used in
each GSM slot, but nearby base stations using the same radio frequency
channels will use different ones, and this enables the mobile to differentiate
between the various cells using the same frequency.is used to adopt the
parameters of the receiver to the current path propagation and to select the

strong signal in case of multipath propagation.



e 8.25 bits guard time, at the end of the GSM burst there is a guard period.
This is introduced to prevent transmitted bursts from different mobiles

overlapping, as a result of their differing distances from the base station.

3.4.3 GSM synchronization burst

T Info F|{Training|F Info TIGP

Bits: 3 a7 1 26 1 a7 3 8.25
Figure 3-10 GSM Normal Burst

The purpose of this form of GSM burst, this is to provide synchronization between
the MS and BTS in time [22].

e 3 tail bits: Again, these tail bits at the start of the GSM burst give time for
the transmitter to ramp up its power

e 39 bits of information:

e 64 bits of a Long Training Sequence:

e 39 bits Information:

e 3tail bits Again these are to enable the transmitter power to ramp down.

e 8.25 bits guard time to act as a guard interval.

T| Info Lotig training sequence Infa |T|GP

Bits: 3 39 64 39 3 8.25

Figure 3-11 GSM synchronization burst



3.4.4 GSM frequency correction burst

With the information in the burst all set to zeros, the burst essentially consists of a
constant frequency carrier with no phase alteration to allow the MS to correct the

local oscillator to avoid the interference with neighboring channel.

e 3 tail bits: Again, these tail bits at the start of the GSM burst give time for
the transmitter to ramp up its power.

e 142 bits all set to zero:

e 3tail bits Again these are to enable the transmitter power to ramp down.

e 8.25 bits guard time to act as a guard interval.

T| Allbits zero in frequenicy cotvection bust (T(GP

Bits: 3 142 3 §.25
Figure 3-12 GSM frequency correction burst [22]

Pericdic Training

Supermpoesd Training

Figure 3-13 Differences between the periodic training and superimposed training

Sequence



3.5 Methods for Adding Training Sequences

Super imposed training sequence can be used with OFDM system to prevent the
inter symbol interference which appears in fading channels as a result of multipath
fading , this sequence is a random sequence which does not have any information

which added to the frame of data after passed through modulation mapped.

We have two methods to add the training sequence, the first one is the direct sum
with the input data (algebraic summation) after added process is completed, the
compacted signal enters the OFDM modulation and is transferred into channel, at
receiving end the equalizer is used to remove the effect of training sequence and
used as the desired input to equalized the received signal, method is defined as

Superimposed training sequence [20].

o o LW -
Random | Rectangular — R'_E';':I;i:_:_lﬂh
Integer 16-0aM g
Random Integer Rectangular CAM Mialipeth Flayigh
Gensrstr Medulatar Fading C hannel
Baseband >

Inpurt
Equalizad [»
Dresired

—

training sequesnce

¥

FLS Linear
Equalizer

Figure 3-14 Algebraic summation between input data and superimposed training

sequence

The second method is defined as conventional training sequence, it uses Matrix

Concatenate to add the training sequence, the benefit of this method is to isolate



the data frame form the affecting area during the transmutation time and make the

insulator between the data frames.

At ™ LT 10, e
Random | Rectangular > Rayleigh
Integer 18-0uAM | > Fading

L 1
Random Integer o
Generator Rectangular QAR Mat i : :
Modulstor Concatenate Multip-ath Rayleigh
Baseband Fading Channel

IInipust

Equalzad [»

¥

Diesired

Ot
RLS Linear

training sequesnce
Equalizer

Figure 3-15 Matrix concatenate to collect the input data and ST

In this case, so far the conventional training sequence is similar to the cyclic prefix
work but the training sequence has space more than the prefix, in the receiving end
the demax tools are used to divided the received signal and terminate the training

sequence frame to make the demodulation process more smooth.



CHAPTER FOUR
OFDM System

4.1 Introductions

this chapter introduces the main concepts of the OFDM communication system and
discusses the addition parts that improve the work of OFDM system, The structure
of the OFDM communication system is explained briefly; emphasis is being placed
on how to implement it using Fast Fourier Transform (FFT) technique. The direct-
conversion receiver architecture (which will be used later in this work) is also
studied as related to OFDM system. The problem of wireless channel is the

multipath fading which cause the fast varying in time and frequency domain.

4.2 Concepts of OFDM Communication System

OFDM is a special case of multicarrier transmission, where a single data stream is
transmitted over a number of lower rate subcarriers. The basic principle of OFDM
Is to split a high data rate stream into a number of lower rate streams that are
transmitted simultaneously over a number of subcarriers. One of the main
advantages of using OFDM is to increase the immunity against frequency selective
fading [19].[The word "orthogonal” indicates that there is an accurate
mathematical relationship between the frequencies] which are carried to the
subcarriers in the OFDM system, which ensures that the integral of the product of
any two adjacent subcarriers is equal to zero. In a normal Frequency Division
Multiplexing (FDM) system, the subcarriers are spaced apart in such a way that the

signals can be received and demodulated. In these receivers, guard bands are



introduced between the different subcarriers in the frequency domain which results
in a lowering of spectrum efficiency. However, it is possible to arrange the
subcarriers in an OFDM system so the sidebands of the independent subcarriers
overlap, as shown in Figure 4.1. The signals in OFDM receiver are still received
without adjacent carrier interference. To do this, the subcarriers must be
mathematically orthogonal. To maintain orthogonal between subcarriers, it is
necessary to ensure that the symbol time contains one or more multiple cycles of
each sinusoidal carrier waveform [20]. In the case of OFDM, the sinusoids of
subcarriers will satisfy this requirement since each is a multiple of a fundamental
frequency. Orthogonality is critical since it prevents ICI. ICl occurs when the
integral of the carrier products are no longer zero over the integration period, so
signal components from one subcarrier cause interference to neighboring

subcarriers.
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Figure 4-1 Concept of the OFDM signal orthogonal [19]
(a)Non-orthogonal subcarriers (b) orthogonal subcarriers.

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. In

continuous-time notation, the k;, OFDM symbol is written as [17]



where

SRFk

1dke
t=E

1
b
fe Trre

Srrklt — kT] = {Ro {W(t — k)Y,

(tkT)}}
(4.2)

kT"'thn - Tguara

RF received signal
index on transmitted symbol
OFDM symbol duration.
FFT time: effective part of the OFDM symbol
duration of the cyclic prefix
window interval

center frequency of the occupied frequency spectrum

. frequency spacing between adjacent SCs

number of OFDM subcarriers

complex symbol modulated on the i, SC of the k3, OFDM symbol

Serial to .
Parallel IFFT | — N
(QAM Data _ OFDM Signal
Y (S/P) Unit >
Converter |~

Figure 4-2 OFDM modulator [19]



The real and imaginary parts correspond to the in phase and quadrature parts of the
OFDM signal respectively. They have to be multiplied by a cosine and sine of the
desired frequency to produce the final OFDM signal. Equation (4.1) represents the
general form of complex baseband OFDM signal. Figure (4-2) shows the block
diagram for the OFDM modulator. The complex baseband OFDM signal, defined
in equation (4.1), is the inverse Fourier transform of L QAM input symbols. The
discrete time case is the Inverse Discrete Fourier Transform (IDFT). In practice,
this transform can be implemented very efficiently by the Inverse FFT (IFFT). The
IFFT drastically reduces the amount of calculations by exploiting the regularity of

the operations.

4.3 OFDM Transceiver

Figure 4-3 shows the general OFDM transceiver system. In OFDM system design,
the series and parallel converters are considered to realize the concept of parallel
data transmission. In a conventional serial data system, the symbols are transmitted
sequentially, where the frequency spectrum of each data symbol allow occupying
the entire available bandwidth. When the data rate is sufficiently high, several
adjacent symbols may be completely distorted over frequency selective fading or
multipath delay spread channel. In the parallel data transmission system, the
spectrum of an individual data element normally occupies only a small part of
available bandwidth. Therefore, because of dividing an entire channel bandwidth
into many narrow sub bands, the frequency response over each individual sub
channel is relatively flat. A parallel data transmission system offers possibilities for
alleviating this problem encountered with serial systems. The signal mapped

converts the bits on each sub channel to their corresponding constellation; for



example, one of the signal mapped types used in this thesis is the 16QAM

modulation.

In OFDM modulator, it is necessary to predetermine the number of sub symbols to
be available simultaneously at the inputs of the IFFT unit. For this reason the
sequentially received data are temporarily stored, until the required number of sub
symbols for parallel transmission has accumulated, and then they read out in
parallel. After the IFFT unit, Parallel to Serial (P/S) converter converts the signal
from the parallel form to the serial form. After that a Guard Interval (GI) will be
added to the data sequence [25]. At the receiver side, the inverse operations are

performed in the reverse order to produce the received bit stream.

4.3.1 Source

as described in the standard [17], the information bits must be randomized before
the transmission. The randomization operation is used to reduce the potential of
transmission of non-modulated subcarriers. The process of randomization is
implemented on each burst of data on the downlink and uplink, and on each
allocation of a data block (sub channels on the frequency domain and OFDM
symbols on the time domain). In our case, instead of performing a randomization
process, a binary source that produces random sequences of bits is used. The
number of bits that are generated is specified to be frame-based and is calculated
from the packet size required in each situation. The packet size depends on the
number of transmitted OFDM symbols and the overall coding rate of the system,
as well as the modulation alphabet. Equation (4.2) calculates the number of
transmitted OFDM symbols in one frame. It depends on the total number of

transmitted symbols,[Ngym], which also includes the symbols used for the

preamble, specified by Ni.,in:[17 and 25]



Nofdm = NTsym — Ntrain (4.2)

Furthermore, the total number of transmitted symbols is defined as

T rame
Norm = : (4.3)

In the formula, Tsyy,is the OFDM symbol time, and Tg.,me denotes the frame
duration. The expression that defines Ty, as well as the possible values specified

for the frame duration can be found in trainmaster part. Once the number of OFDM

symbols is known, the number of bits to be sent by the source is calculated:
S packet =N¢qm RNgataMa- (4.4)

Here, R represents the overall coding rate, Ny, 1S the number of used data
subcarriers, and M_,defines the modulation alphabet, which is specified by the

number of transmitted bits per symbol.
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4.3.2 Convolution Encoder

The data bits are encoded by a binary convolution encoder after the RS encoding

process. The polynomial generated to derive its two input code bits, denoted X and

Y, is specified in the following expressions:[25]

Gl = 1710CT for X

GZ = 133OCT forY

Figure 4-3 OFDM transceiver.[23]

(4.5)

(4.6)




A convolution encoder accepts messages of length k. bits and generates
codeword’s of n. bits. Generally, t is made up of a shift register of L segments,
where L denotes the constraint length. The binary convolution encoder that
implements the described code is shown in Figure 4.4 A connection line from the
shift register feeding into the adder means a "one™ in the octal representation of the

polynomials; ng4 no connection is represented by a "zero".

an D Y = 13300t
1 ( 1 1 () 1 1

Figure 4-4: Convolution encoder of binary rate 1/2. [17]
4.3.3 Puncturing Process

The process of puncturing is used to create the variable coding rates needed to
provide various error protection levels to the users of the system. Puncturing is the
process of methodology which removes bits from the output stream of a low-rate
encoder in order to decrease the volume of data to be transmitted, thus forming a
high-rate code for the OFDM system. The bits are removed according to a

perforation matrix.



4.3.4 Modulation mapper

Once the signal has been coded, it enters the modulation block. All wireless
communication systems use a modulation scheme to map coded bits to a form that
can be effectively transmitted over the communication channel. Thus, the bits are
distributed to a subcarrier amplitude and phase, the (IQ) vector is complex in phase

and in quadrature phase which represents the distributed bits.

The 1Q figure for a modulation scheme explains the transmitted vector for data
word group. Gray coding is a method for this specific figure as below so that
modified points in the constellation only differ in one single bit. The Gray coding
supports reducing the totally BER as it reduces the possibility of multiple bit errors
that appear from a single symbol error. 2-PAM, 4-QAM, 16-QAM, and 64-QAM
modulations are supported by the system. The support of the last one, the 64-QAM
modulation, is optional for license-exempt bands. The constellation maps for 2-
PAM, 4-QAM, and 16-QAM modulations are shown in Figure 4-5.

< @
1101 1001 0001 0101
1 (W] - - 34 - -
- - s
1100 100 0000 0100
- - L - -
3 1 1 3 I
o 1110 1010 0010 0110
10 00 - - =i - -
- i -
-1 1 Vs
1111 1011 0011 0111
11 01 L ] - -
- -1 -
"

Figure 4-5: 2-PAM, 4-QAM and 16-QAM constellation maps. [24]



All points in the constellation are multiplied by right factor C,,, to normalize and
achieve equal average power symbol. Table 1 shows the values of C,,, factor which
achieves equal average symbol power, the constellations described above are
normalized by multiplying all of their points by an appropriate factor Cm. Values
of this factor C m are given in Table 1 represents the coordinate points in the

constellation map of the symbol alphabet and is defined in Table 1.

Table 4-1: Modulation alphabet for the constellation map. [25]

Modulation scheme | Normalization constant for
unit average power
2-PAM Cm=1
4-QAM Co = 1/V/2
16-0AM Cw = 1//10
64-QAM Cm=1/v42
Modulation Symbol
scheme alphabet
Z-PAM A, =1(1,-1)
4-QAM A =(1+jl1=j=14j=1=3j)
16-C0AM A=1(.35-1.-3i)
A=(A+1,A+3,A-1,A-13)
G4-C)AM A=1(131557T5 =1 =34, =55, =T§)
A=A+1LA+3A+5A+7TA-1A-3A-5A-T)

Furthermore, an adaptive modulation and coding mechanism is supported in the
downlink with the purpose of allowing the number of transmitted bits per symbol
to be varied depending on the channel conditions. A more detailed explanation of
adaptive modulation as well as a description of how it is implemented in the

simulator is given in Chapter 5.



4.3.5 Pilot Symbols

Pilot sequence can be used to implement frequency offset on the receiver end.
Additionally, as recent results showed [23], the pilots sequence is used especially
for fast fading channel. This kind of mapping is given by the operations 1 — 2wy,
where wy is the sequence produced by the PRBS generator, and wy denotes the
binary inversion. The indices represent the subcarrier numbers where the pilots are

going to be inserted:

P-gg = P-38 = P63 = Pgg = 1 — 2wy (4.7)

P-63 = P-13 = P13 = P3g = 1 — 2wy (4.8)

The initialization sequences for the PRBS generator vary depending on the
direction of transmission, i.e. the downlink or the uplink. A sequence of all "ones"
is used in the downlink while a sequence of alternated "ones™ and "zeros", being

the first bit equal to "one™, is used in the uplink.

4.3.6 Guard Interval

One of the significant properties of OFDM transmissions is the solidity against
multipath delay spread. In order to eliminate the Inter Symbol Interference (1SI)
almost completely and to preserve the orthogonality among subcarriers, a guard
interval which is known as "Cyclic Prefix" is introduced for each OFDM symbol
[17, 25].



Figure 4-6 shows the cyclic prefix location, it is described as a mirror, for a part of
the end of the symbol waveform is put at the start of the symbol as the guard
interval. This effectively extends the length of the symbol, while confirming the
orthogonality of the symbol waveform. This cyclic extended symbol is used to
meet the requirements to perform the FFT that can take any location over the

frame length of the symbol.

N\

Gl

Figure 4-6 Symbol extension with guard interval.[25]

Another type of the guard intervals is zero padding [25]. In zero padding, a number
of zero samples are added to the front of each symbol to combat ICI. The number
of these zero samples depends on the channel delay of each symbol. Other types of
guard intervals are possible. One type is to have half of the period in a cyclic prefix

symbol, as in cyclic prefix type, and the other half is zero padded.

4.3.7 Assembler

OFDM system specifies for the 64-point FFT three types of subcarriers; data, pilot
and null, as shown in Figure 4-7. 52 of the total 80 subcarriers are used for data
and pilot subcarriers, of which pilots are permanently spaced throughout the
OFDM spectrum. The remaining 16 active carriers take up the data subcarriers.
The rest of the potential carriers are nulled and set aside for guard bands and

removal of the center frequency subcarrier.



Data subcarriers DC subcarrier Pilot subcarriers

'/\ . . ¢ . ‘_._._._______.----':----..________------lmI

- -
- Guard band Channel Guard band -%

Figure 4-7: OFDM frequency description.[25]

In order to construct an OFDM symbol, a process to rearrange these carriers is
needed. for this purpose, the assembler block is inserted in the simulator. It
performs this operation in two steps by first inserting the pilot tones and the zero
DC subcarrier between data with a process of vertical concatenation, and then
appending the training symbols at the beginning of each burst in a horizontal way,
as shown in Figure 4.7. It is shown that while the first step performs a

concatenation in the frequency domain, the second step does it in the time domain.



4.4 Transmission Channel:

¢ Importance of multipath delays

Data is already transmitted in the time domain as a sequence of symbols. Each

symbol has a set duration, for example at 1 Mbaud, each symbol lasts 1 uS.

B | 2 [ [ Transmitted data

e —
Symbaol
duration

BN | N [ Received data
+ BB | [Nl B (tricky to decode)

0 | I T [ Inter-symbol interference

Figure 4-8: Data frame structure [21]

Delay spread causes the Bit error rate which decreases with increased SNR. Also

the increase in power will increase the error rate.

The standard of error in digital system in general is about 10712 or more ,and this
system can achieve the error rate by using the digital coding techniques and using
other techniques to prevent the inter symbol interference I1SI and channel

distortion in case of having fast varying time channel [23].

o The tapped delay line model

In general when work is on multipath channel, the sequence of delayed amplitude

will represent the model of multipath.



Gain
function for
each tap

Power combiner

Figure 4-9: Taps delay diagram [27]

All the taps are uncorrelated. The delays 7, &7,&, &T5 ... &T, are not constant,

but function in correspondence to the delay spread.[27]

L
- - -

| = |_,y{e)

ut) — haE. 2 — vy

Figure 4-10: Impulse response diagram [27]

The impulse response h(t, t) is defined as the delay spread function

y(©) = u(t) * h(t,7) = [ h(t,Dult —1).dr 19



e Defining delay spread

Figure 4.11 shows a set of definitions of power gain and the relationship with time

delay.
Power, P _rms delayh
P,
- ! ! - Py
mean delay
total delay
| | .
Delay, 7
‘T1 TZ ’?'3 T4

Figure 4-11: Power VS time delay [25]
The received signal, p(t) is made up of N taps p, (t)to py (t)
Excess delay IS the delay of tap relative to the first tap.
Total delay IS the delay difference between first and last tap.
Total power IS the sum of all the tap powers.

Pr=YN.P (4.10)

Mean delay, IS the average delay weighted by power

1
— N P (4.11)

~
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The rms delay spread

_ 1 N 2 2

In many environments the rms delay spread is already found. Almost all modern
demodulators can de-spread, cancel and make control of the multipath components

in the input signal. RAKE receivers are an example of this techniqus16].
o Delay spread Example

The table below gives some typical values at 1-2 GHz for GSM mobile systems.
ISI occurs when the symbol duration is similar to delay spread. For reference, the
Urban and Hilly environment has long time delay so all systems very careful when

the communication system is designed in this area.

Table (4.2) rms delay spread for varies environments

Environment rms delay spread (uS)
Indoor 0.01-0.05
Mobile satellite 0.04-0.05
Open area <0.2
Suburban microcell <1
Urban microcell 1-3
Hilly area microcell 3-10




e Small scale fading due to multipath.

A. Spreading in Time: Different paths have different lengths;

~ iy
Transmit Receive

x(1)=08(1—1,)

Figure 4-12 the multipath components [27]
Example of 100m path difference we have a time delay

100 10% 1
T T 3x108 3 M

B. spreading in frequency: motion causes frequency shift (Doppler)

Figure 4-14 The frequency spreading on multipath [27]



y(t) = Re {3 apx(t — 1;)e2PFRtAF(T=TIL  (4.13)

Where A is the attenuation.
T is the shiftin time

AFk is the shift in frequency

e This causes small scale time variation

y(t) = Re {(Z a,, eJ2TAFkt = J2m(Fe+AFI Tk y (¢ — Tk)) ejZnFCt}

= Re {r(t)e/*™et} = 1,(t) cos(2nF,t) — 1, (t) sin(2nF,t)
Where 1;(t) cos(2mF.t) Represent the in phase components

1 (t) sin(2mF,t) Represent the in quadrature components

r(t) = 1(t) + jro(t) = Z a;, e/2mAFt @=j2n(FetAF)(Tite) x(t — 1)
5

Assume x(t) = x(t — &)
Leading to r(t) = C,(t)x(t — T))
C; (t) = Zk Ay gJ2mAFt e_jzn(Fc+AFk)(Tk+ek) (4.14) random, time varying

Statistical model for the time varying coefficients

v

j21r/1 cos Oyt e—j2n(F6+% cos Bk)(rl+ek)

_ M
a(t) = Xk=1axe
By the CLT ¢;(t) is Gaussian with

E{c;(t)} =0 Since B} random uniformly distributed [0,27]

M o
E{ciDci(t+ A0} = | 0y P e PRt
k=1
P

Assume E{|a,|*} = i



* P g v
E{c/(D)ci (¢ + At} = SL g, e /2macos fut

- PE {e—j2nicos GkAt} (4.15)

Each coefficient ¢;(t) is complex, Gaussian, WSS with autocorrelation

E{c;(t)c(t + At)} = Py J.(2mFpAt)

2P, 1
Sl(F) = {nFD,/l—(F/FD)Z |F| < Fp (4.16)

where Fj, is the maximum Doppler shift.

T

Figure 4-15 Modulation of multipath channel components [27]



Parameters for a Multipath Channel {No Line of Sight]):

Time delays: [1'1 1'2 I‘L] sec

Power Attenuations: [P] Pz v PL dB

Doppler Shift: I Hz

The following Matlab program explains the difference between the flat fading
channel and frequency selective channel and compares between them in terms of

signal constellation and frequency spectrum:

i o O T TR -
Bernculli | Rectangular —F-D—’ H:;L?,‘-,ih

Binary A

Spechrum

Bernculli Binary Recangular @AM TiuTpath Rayisigh
Anahzer

Geener ator
Modulstor Fading Channel
Baseband

Dis crete-Time
Scatter Plot
Scope

Figure 4-16: flat fading channel simulink
Case one: Flat fading

Channel properties:



Time delays T=[0 10e ~®15e~°] sec
Power P=[0,-3,-8] dB
Symbol Rate FS= 10 kHz

Doppler Fd = 0.1 Hz

ttttttttttt

In-phase Srmplitude

Figure 4-17: Very low inter symbol interference

k“ P u Ll Ll i {; i i ~/

Figure 4-18 Channel spectrum: fairly uniform

Case two: Frequency selective fading

Channel properties:
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Power P=[0,-3,-8] dB
Symbol Rate FS= 1 MHz

Doppler Fd = 0.1 Hz
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Figure 4-19: Spectrum with deep variations
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Figure 4-20: High ISI for frequency selective channel




o Configure channel objects

In Rayleigh fading channel , there are three topics which specify the behavior of
the channel and specify the type of this channel, so any researcher will set the

values he needs by more care to show the channel properties . The topics are:[26]

e Path Delays

By standardization, the first time delay is typically set to zero. The first delay

represents the first path reached to the receiver. [26]
For indoor area, path delays after the first are between 1 ns and 100 ns.

For outdoor area, path delays after the first are typically between 100 ns and 10 ps

.such as the areas surrounded by mountains.

The ability of a signal to resolve paths depends on its bandwidth. If the difference
between the largest and smallest path delays is less than 1% of the symbol period,

then the signal experiences the channel as if it had only one discrete path.[26]

e Average Path Gains

The average path gains in the transmission channel parameters indicates the
average power gain of each fading path., the computer standard model uses
average path gains between -20 dB and 0 dB to represent the different path gains..

The dB values in a vector of average path gains often slope linearly as a function

of delay, and delay depends on the propagation environment.[27]



e Maximum Doppler Shifts

In GSM systems standard, Doppler shifts is a term of the speed of the mobile. If
the mobile moves at speed v (m/s), then the Doppler shift is calculated as shown in

Equation 2.6.

When the car moves in the open area it might represent a maximum Doppler of
about 80 Hz, when the transmitter moves by it will represent about 4 Hz. A 0
value of maximum Doppler shift represent a constant channel that comes from a
Rayleigh .[29]

o 4.4.2 Work with Delays and Channel Properties

In the next page one Matlab code will write be implanted to explain the channel
parameters after modify the channel properties to explain the effect of multipath

when set the values for fast fading channel.

For example, the code below shown a random signal passing through a three-path

Rayleigh channel:

% Three-Path Rayleigh channel

h = Rayleigh chan (1/100000, 130, [0 1.5 ~©3.2e ], [0, -5, -8]);
tx = randi([0 1],500,1); % Random bit stream

hmod = comm.DBPSKModulator; % Create DBPSKModulator
dpskSig = step(hmod, tx); % DPSK signal

h.StoreHistory = true; % Allow states to be stored

y = filter(h, dpskSig); % Run signal through channel



e Impulse Response (IR).

Figure 4-21  shows the magnitude of two impulse responses: the multipath

response (three peak bandwidth) and the band limited channel response.
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Figure 4-21: Channel impulse response

Each multipath component is represented by stems of the smallest delay value
represented by red color and the biggest is represented by blue and the middle

value is represented by rose color and the band limited channel response is

represented by the green color curve.

The convolving result of multipath response is shown in Figure 4.17 above with a

sinc pulse of period, (T), which is equal to the input signal sample period.

The output of the channel filter is the convolution of the input signal (sampled at

rate 1/T) with this discrete-time channel filter response .The solid green circles



represent the channel filter response sampled at rate (1/T). For computational

speed, the response taken capture for a period of time.[26]

The hollow green color circles represent sample values not captured in the channel

filter response that is used for processing the input signal.
e Frequency Response (FR).

Figure 4-22 shows the magnitude of the frequency response of the multipath
channel over the signal bandwidth.
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Figure 4-22: Frequency response

Many fluctuations appear in the above plot and these fluctuations decrease with
change in the channel parameter to slow fading or change in the environments to

open areas.



e |IR waterfall

Bandlimited impulse response

Time offset (3) N 0 \ HE 10 15

Figure 4-23: IR waterfall response

Figure 4-23 shows the development of the magnitude impulse response over period
of time, the darkest part represents the current response and 10 captures represent

the band limited channel impulse response within the last frame.



e Multipath Gain.

Figure 4-24 shows the total Bandwidth gains for the three multipath channel
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Figure 4-24: Multipath gain

A total gain is the sum of three component magnitudes, as explained in the

discretion below:

Narrowband fading envelope is represented by magenta color, current signal
bandwidth by (dashed blue line): This is the summation of the magnitudes of the
channel filter samples (the solid green). This curve represents the maximum signal
energy that can be captured in the receiver. Its value like as BER, is derived from
its Infinite bandwidth represented by solid red line, this is the total magnitudes of

the multipath fading component gains.

In general, the relationship between the multipath gain and the bandwidth is
reciprocal, the fading gain decrease when bandwidth is increased,. If the signal
bandwidth curve strongly follows the narrowband curve, you might describe the
signal as narrowband. The wideband fading can be obtained when the signal

bandwidth curve directly follows the infinite bandwidth curve.[26]



e Doppler Spectrum
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Figure 4-25: Doppler spectrum

Figure 4-25 shows the two Doppler spectrum , the first one is explained by dashed
red which represents the theoretical values of Doppler response used in fading
channel , the second one is explained by blue dots and it represents the
measurement value of Doppler spectrum , the advantage of these measurements

appear only when enough path gains generated.

Jakes spectrum was used in the plot of theoretical spectrum and the total power is 1
after normalizing the Doppler spectrum and the capture is taken after the program

code is paused to shows the figure.

The best results can be achieved when very near approximation value is used for
Doppler spectrum to the theoretical values, in the case the channel model has
generated fading gains to allow to represent the channel properties with good
representation especially multipath fading channel, such as BER which can give
accurate measurements when the specific values an used for maximum Doppler

shift and processed enough samples to obtain good results.



4.5 Receiver

As shown in Figure 4-25, the typical receiver implements the opposite operation of
the transmitter, a channel estimation is necessary to discover the unknown channel
coefficients. This section explains the different steps implemented by the receiver

to recover the transmitted bits.

The first step is the cyclic prefix in which removed and received signal is
converted to the frequency domain. After that the received signal passes through
dissembler to remove the guard band, Zero DC and pilots sequence and prepare the
signal for the demodulation, the training sequence is used in the channel estimator
with equalizer to calculate the channel coefficients. The channel coefficients can be
used in the damper to implement equalization of the data, and so, indemnity the

frequency selective fading of the multipath fading channel.
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Figure 4-27: Receiver of the OFDM system.[25]



4.5.1 Fast Fourier Transform Algorithm

The IFFT algorithm represents a rapid way for modulating a group of subcarriers
in parallel. Either the FFT or the IFFT is a linear pair of processes, therefore the

FFT is necessary to convert the signal again to the frequency domainl.
4.5.2 Removing the Guard Bands

When removing the subcarriers that corresponds to the guard bands, the frequency
structure has to be taken into account. Although zero padding acting as guard band
iIs appended at the end of the subcarrier structure at the transmitter, a
rearrangement of this subcarriers is performed when doing the IFFT operations

which removed from the center of the OFDM symbol.

4.5.3 Dissembler

When the received signal comes out from the OFDM demodulation, the data is
separated by Dissembler into two parts: desired data, training sequence, the
superimposed training sequence can be used into two parts: desired data and pilots

sequence when pilots sequence are used.
4.5.4 De-maping

At the receiver, the de-maping provides the interface between the transmission
channel and the functions that compute and deliver estimates of the transmitted
data bits to the user. Furthermore, the de-maping operates on the waveform that is
received in each separate transmission symbol interval and produces a number or a

set of numbers that represent an estimate of a transmitted binary or M-ary symbol.



Thus, the de-mapped methods are used for decision metrics with the aim of making
a decision about which bit, "zero" or "one", is transmitted. This decision metric can
be as simple as hard decision, or more sophisticated, being then a soft decision.
Hard de-mapped methods output a hard decision as a function of the input, and this

form of output is application-dependent. [27]
4.5.5 Bit Error Rate

The error rate calculation block calculates the bit error rate, by comparing the

received data with transmitted data.

It has three inputs, Tx and Rx ports that are used to accept transmitted and received

signals and the third port is used to indicate the related frame for computation.



CHAPTER FIVE
Simulation and Results

5.1 Introduction

This chapter gives the simulation results and evaluation of tests on the effect of
superimposed training sequence in OFDM systems. The adaptive algorithm of a
Recursive last sequence estimation, least mean square and training sequence in
OFDM system, introduced in chapter three and four is implemented here using
MATLAB environment. Because the parameter estimation depending on structures
of the received signals (such as, conventional training sequence), this technique is
applicable to a wide range of present and future OFDM based communications
standards. The accuracy of the OFDM parameter estimation and consequently the
performance of the compensation an arbitrarily scalable, allowing for a flexible
tradeoff between performance, computational effort and measurement time. The
performance of the simulated systems is evaluated for three modulation techniques
BPSK, QPSK and 16QAM. The simulation results are performed using MATLAB
(R14). The results are documented for four scenarios; the first is the OFDM with
and without equalization, the second is the conventional training sequence with
adaptive equalizer, and the third is superimposed training sequence with adaptive

equalizer.

By using a simulation program in MATLAB 2014b (R14), the effect of the
superimposed training sequence and conventional training sequence parameters
will be discussed by employing the signal constellation diagrams, Bit Error Rate
(BER) characteristics and the power spectrum for the transmitted and received

signals.



Table 5.1 Parameter values used in the simulation of IEEE 802.11a

Parameter Specifications

FFT Size 64

Number of Subcarriers 52

Pilot Ratio 12

Training Sequence 26 and 52

Guard Length 25% (16 samples)

Guard Type Cyclic Extension

Wireless Channel Rayleigh Fading Channel + AWGN

Signal Constellation BPSK,QPSK and 16-QAM

Equalizer Types Adaptive Equalizer (LMS)
Adaptive Equalizer (RLS)

Table (5.1) shows the parameter values which a used in OFDM system according
to IEEE 802.11a standards. The model supports all of data rates. The model
implements adaptive modulation and coding over dispersive multipath fading

channels. Note that the model uses an artificially high channel fading rate to make



the data rate change further rapidly and thus make the imagining more animated
and useful.

The model includes components that model the important features of the WLAN
802.11a standard, the right side row of blocks comprises the transmitter
components though the left side comprises the receiver components. The
communication system in this model performs these tasks: Generation of random
data at a bit rate that varies during the simulation. The varying data rate is
completed by enabling a source block periodically for a period that depends on the
favorite data rate. Coding and modulation using one of numerous systems specified
in the standard BPSK, QPSK, and 16-QAM modulation. OFDM (orthogonal
frequency division multiplexing) carries out transmission using 52 data subcarriers,
training sequence, 64-point FFTs, and a 16-sample and cyclic prefixes, dispersive

multipath fading channels and receiver equalization and Viterbi decoding.



5.2 OFDM System Without Equalization
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Figure 5-1 The OFDM system without equalization

The first simulation represents the OFDM system without equalization, this system
includes the transmitter block in the top row and the received blocks in the down

row and the transmission channel in the middle of it.

The communication system in this model performs these tasks: Generation of
random integer data and modulation using one of numerous systems specified in
the standard. BPSK, QPSK, and 16-QAM modulation .OFDM (orthogonal
frequency division multiplexing) transmission using 52 data subcarriers, training
sequence, 64-point FFTs, and a 16-sample and cyclic prefixes and. Dispersive
multipath fading channels. At the receiver, this system includes the OFDM

demodulation block and demodulation blocks to demodulate the received signal

and Error rate block to accommodate the difference between input/output.



This model will be considered as the reference model in this research, the results
obtained here will be compressed with results after adding the new blocks to
improve the model performance.

Three modulation techniques are implemented in these models (BPSK, QPSK and
16QAM) and the results show the signal constellation and power spectrum for the

transmitted and received signals without using equalization algorithms

(a) (b)

Figure 5-2 OFDM system without equalization of the signal constellation for

BPSK modulation technique. (a) transmitted (b) received



(@) (b)

Figure 5-3 OFDM system without equalization of the signal constellation for

QPSK modulation technique. (a) transmitted (b) received

(a) (b)

Figure 5-4 OFDM system without equalization of the signal constellation for 16

QAM modulation technique. (a) transmitted (b) received



As showing in above figures of signal constellation, when implement the OFDM
system without using equalizer in the receiver end and without any techniques for
reducing the inter symbol interference ISI that is caused by multipath fading
channel, the received constellation is very distorted in the three cases of
modulation and it is clear that cannot be recovered the received signal and the BER
is around 0.6.

The below figures show the power spectrum of the transmitted and received signal

for three modulation techniques. Also it is found the received power spectrum has

high fluctuation.
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Figure 5-5 OFDM system without equalization signal constellation for three
modulation techniques. (a) Transmitted (b) received BPSK (c) received QPSK (d)
received 16QAM



5.3 Adaptive Equalization with Conventional Training Sequence.

a. Conventional training sequence with OFDM system by using

LMS equalizer.
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Figure 5-6 The OFDM system with LMS equalizer and conventional training
sequence



Figure5-6 is illustrates the OFDM system diagram when using adaptive
equalization (LMS) in the receiver end and adding the same training sequence in

transmitter and receiver.

The training sequence is stored in register on receiver end and the proposed for this
store to makes good synchronisation between the transmitter and receiver when the
integer data generation starts generating the input data, it is considered the

additional work for training sequence.

The LMS equalizer is in set in receiver end and it uses the training sequence to
estimate the coefficients of received signal, it has three inputs, the first input is the
main input and the received signal enters this equalizer from this pin, the second
input is the desired pin and this input is used to receive the training sequence and
the third one is the mode pin and this pin is specific to the equalizer and works as
training mode or decision directed mode. LMS equalize has two output ports, the
first one is the equalized port and the demodulation blocks receives the data from

this port and the second is the weight error port.

By using matrix concatenate tool the training sequence is added to the OFDM
frame in the transmitter end before passing the channel the power of this training

sequence is set to minimum value to decrease the effect on the bandwidth.

The figures below show the signal constellation for the transmitted and received

signal for three modulation techniques.
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Figure 5-7 OFDM system with LMS equalization and conventional TS signal constellation

for BPSK modulation technique. (a) Before equalizer (b) after equalizer

Equalized Signal

Figure 5-8 OFDM system with LMS equalization of conventional TS signal constellation for

QPSK modulation technique. (a) Before equalizer (b) after equalizer



Figure 5-9 OFDM system with LMS equalization of conventional TS signal constellation for
16 QAM modulation techniques. (a) Before equalizer (b) after equalizer

Figure 5-7 shows the difference in signal constellation between the received
signals before equalization and after equalized, the equalized constellation shows
clearly the role that equalizer plays in improving the received signal by two clear
amplitudes in phase amplitude, moreover Figures 5-8 and 5-9 show the signal
constellation of QPSK and 16 QAM respectively

The figures below show the power spectrum of the transmitted and received

signals for three modulation techniques.
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Figure 5-10 OFDM system with LMS equalizer and conventional TS power
spectrum of three modulation techniques. (a) Before equalizer (b) equalized BPSK
(c) equalized QPSK (d) equalized 16QAM

Figure 5-10 explains the power spectrum of OFDM system with LMS equalizer by
using conventional training sequence when applied to three types of modulation
techniques, Figure 5-10(a) for BPSK shows the high fluctuation on frequency



axis and the amplitude (dB axis) continuously moving from -60dB to -10dB,
compared with Figure 5-10(B) the fluctuation is reduced and the moving on dB
axis also reduces and becomes around -20 to zero. Figure 5-10(c) & (d) represents

the power spectrum of QPSK and 16 QAM after passing from LMS equalizer.
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Figure 5-11 BER for OFDM system with LMS equalizer by using conventional

training sequence.

The figure above explains the BER values of three types of modulation techniques,
as shows Figure 5-11 the best BER values can be achieved in OFDM system with
LMS equalizer when using BPSK modulation schema and it’s about 10 when
applied to range on E} / N. starting from 0 to 50 dB and this value can decrease

more when the number of multipath on the channel decrease.



b. Conventional training sequence with OFDM system by using

RLS equalizer.
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Figure 5-12 The OFDM system with RLS equalizer and conventional training
sequence



Figure5-12 illustrates the OFDM system diagram when adaptive equalization
(RLS) is used in the receiver end and the same training sequence is added to

transmitter and receiver.

The RLS equalizer is set in receiver end and it uses the training sequence to
estimate the coefficients of received signal, it has three input, the first input is the
main input and the received signal enters this equalizer from this pin, the second
input is the desired pin and it uses this input to receive the training sequence and
the third one is the mode pin and this pin is specific to the equalizer works as
training mode or decision directed mode. RLS equalizer has two output ports , the
first one is the equalized port and the demodulation blocks received the data from

this port and the second is the weight error port.

The figures below show the signal constellation for the transmitted and received

signal for three modulation techniques.

Received Signal

(a) (b)

Figure 5-13 shows OFDM system with RLS equalization and conventional TS signal

constellation for BPSK modulation technique. (a)Before equalizer (b) after equalizer



Equalized Signal

In-phase

(a) (b)

Figure 5-14 OFDM system with RLS equalization and conventional TS signal constellation

for QPSK modulation technique. (a)Before equalizer (b) after equalizer

Received Signal Equalized Signal

In-phase In-phase

(@ (b)
Figure 5-15 OFDM system with RLS equalization and conventional TS signal constellation

for 16 QAM modulation techniques. (a)Before equalizer (b) after equalizer

Figure 5-13 shows the difference in signal constellation between the received
signals before equalizer and after equalization, the equalized constellation shows

more clearly the role of that equalizer plays in improving in the received signal by
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(d)

Figure 5-16 OFDM system with RLS equalizer and conventional TS power
spectrum for three modulation techniques. (a) Before equalizer (b) equalized BPSK
(c) equalized QPSK (d) equalized 16QAM

The figures above show the power spectrum for the transmitted and received
signals of three modulation techniques, Figure 5-16 (a) explains the power
spectrum for the received signal before the RLS equalizer passes, the work of the
RLS equalizer is to equalize and improve the received signal as shown in the
Figure 5-16 (b) and(c) and (d) the fluctuation decreases and the movements on dB
axis are less that of LMS equalizer as showed before in Figure 5-10. The spectrum

shows approximately satiable on zero values.

Form of signal constellation and power spectrum were presented before, the best
results are found when the Binary Phase Shift Keying (BPSK) is used after that the
quadture phase shift keying (QPSK).
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Figure 5-17 BER for OFDM system with RLS equalizer by using conventional

training sequence.

Figure 5-17 explains the BER values of three types of modulation techniques, as
shows in the above figure, the best BER values can be achieved in OFDM system
with LMS equalizer when using BPSK modulation schema and it’s about 107

when applied in the range E, / N- starting from 0 to 50 dB.



5.4 Adaptive Equalization with Superimposed Training Sequence.

a. Superimposed training sequence with OFDM system by using

RLS equalizer.
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Figure 5-18 The OFDM system with RLS equalizer and superimposed training
sequence

Superimposed training sequence can be used with OFDM system to prevent the
inter symbol interference ISI which appears in fading channels as a result of

multipath fading , this sequence is a random sequence and does not have any



information which is added to the frame of data after passing through modulation

mapping.

The addition of training sequence is the direct sum with the input data (algebraic
summation) after adding process is completed, the compacted signal enters the
OFDM modulation and is transferred into channel, at receiving end the equalizer
used to remove the effect of fast fading channel of training sequence which is used
as the desired input to equalize the received signal, is the method defined as

Superimposed training sequence.

The training sequence is stored in register on receiver end and the proposal for this
store is make good synchronisation between the transmitter and receiver when the
integer data generation starts generating the input data, it is considered additional

work for training sequence.

The LMS equalizer is set in receiver end and it uses the training sequence to
estimate the coefficients of received signal, it has three input, the first input is the
main input and the received signal enter this equalizer from this pin, the second
input is the desired pin and it uses this input to receive the training sequence and
the third one is the mode pin and this pin is specific to the equalizer works as
training mode or decision directed mode. LMS equalize has two output ports, the
first one is the equalized port and the demodulation blocks receive the data from

this port and the second is the weight error port.

The below figures show the signal constellation for the transmitted and received

signal of three modulation techniques.



(a) (b)
Figure 5-19 OFDM system with RLS equalizer and STS signal constellation for BPSK modulation
technique. (a)Before equalizer (b) after equalizer

Received Signal Equalized Signal

Quadrature

Ready T=777.400

() (b)
Figure 5-20 OFDM system with RLS equalizer and STS signal constellation for

QPSK modulation technique. (a)Before equalizer (b) after equalizer



In-phase In-phase
(a) (b)
Figure 5-21 OFDM system with RLS equalizer and STS signal constellation for 16 QAM modulation
techniques. (a)Before equalizer (b) after equalizer

Figure 5-19 shows the difference in signal constellation between the received
signals before equalizer and after equalization , the equalized constellation shows
more clearly the role that the equalizer plays in improving the received signal by
two clear amplitudes in phase amplitude, moreover Figures 5-20 and 5-21 show

the signal constellation of QPSK and 16 QAM respectively.

The below figures show the power spectrum for the transmitted and received

signal of three modulation techniques
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The above figures show the power spectrum for the transmitted and received
signals when using superimposed training sequence for three modulation
techniques. Figure 5-22 (a) explains the power spectrum for the received signal
before passing the RLS equalizer, the work of the RLS equalizer is to equalize and
improve the received signal and show the Figure 5-16 (b) and (c) and (d) show the
fluctuation decreases and the movements on dB axis is about -10 to 5 as showed

before in Figure 5-22. The spectrum shows approximately satiable zero values.
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Figure 5-23 BER for OFDM system with RLS equalizer by using superimposed

training sequence.



Figure 5-23, shows the Bit error rate (BER) of BPSK,QPSK and 16-QAM
modulation techniques compared for RLS adaptive block equalizers. The
simulation is performed on MATLAB software. The various input parameters used
for the simulation are given in Table 1. In this research the channel is modeled
with normalized Channel Impulse Response (CIR). The above figure compares the
BER performance of the RLS equalizers respectively for BPSK,QPSK and QAM
modulation.

It is found that using superimposed training sequence improves the performance of
equalizers significantly. It is found that RLS equalizers can achieve minimum BER
of order of10~*. Channel Normalization produces the smooth BER curves and also
reduces the error probability.

The BER performance of the different M-PSK with M =4, 16, is, compared for
RLS equalizer under the frequency selective fading channels It can be observed
that up to around 16 dB the proposed system with normalized CIR performs

approximately similar for all PSK sizes.

The method that is used in this research is Monte Carlo in Bit Error rate analysis
tool the MATLAB 2014b (R14) by choosing the range on E, / No and choosing
the Simulink program to implement BER calculation for it. This method supports
the dots plots to plot the BER results after that the line between BER values can be
plotted, so the BER figures have some disconnect in the lines which hasn’t smooth

lines.

Typically, a number of error values of at least 100 produce an accurate error rate.
The number of bits value prevents the simulation from running too long, especially
at large values of E;, / N.. However, if the number of bits value is very small that
the simulation collects many errors, the error rate might not be accurate, also

confidence intervals can be used to size the accuracy of the error rates that



simulation produces; the larger the confidence interval, the less accurate the
calculated Bit error rate.

b. Superimposed training sequence with OFDM system by using

LMS equalizer.

i

e [y
Randam —b
nleger [z

Fatdom iteger Gl 0AN
Generair WoduEtr
Basetand
OFDM demad
] B2l

ot . (RS

[s2d]]

Gah

Tahngsaene

Cavin et Cotuae Sl
BER Results @*’ RLS Linear Equalizer
[‘ﬁ I 02087 7
wihr ﬁn pd :
[52(1 coneal l |5, EUTRE i 13l ﬁ;;mma;n
= o~ |4 b
[am]ﬂ AN g | Calouttion |5 FR Tralting Made
GarealCAN Eurfate Caaetn
Demoduor e
E’ - , PiEmekrs
B BER —
— !
T Wongmee

Figure 5-24 The OFDM system with LMS equalizer and superimposed training
sequence
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Figure 5-25 OFDM system with LMS equalizer and STS signal constellation for BPSK modulation
technique. (a)Before equalizer (b) after equalizer
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Figure 5-26 OFDM system with LMS equalizer and STS signal constellation for QPSK

modulation technique. (a)Before equalizer (b) after equalizer
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Figure 5-27 OFDM system with LMS equalizer and STS signal constellation for 16QAM modulation

technique. (a)Before equalizer (b) after equalizer

Figure 5-25 shows the difference in signal constellation between the received
signals before equalizer and after equalization , the equalized constellation shows
clearly the role that equalizer plays to improving the received signal by two clear
poles amplitude in phase amplitude, moreover the Figure 5-26 and 5-27 show the

signal constellation of QPSK and 16 QAM respectively.

As comparison with RLS equalizer , the results achieved in RLS are better than of
LMS when employing Superimposed training sequence for the constellation
resolution and the distance between poles , for the power spectrum figures , the
RLS results is better than that of LMS in terms of the fluctuations and the

movement along the dB axis and the stability on zero axis.
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Figure 5-29 BER for OFDM system with LMS equalizer by using superimposed

training sequence.

In Figure 5-29, the Bit error rate (BER) of the BPSK, QPSK and 16-QAM
modulation techniques are compared for LMS adaptive block equalizers. The
simulation is performed on MATLAB software. The same training is appended in
the transmitter and receiver. The various input parameters used for the simulation
are given in the Table 1. In this research the channel is modeled with normalized
Channel Impulse Response (CIR). The above figure compares the BER
performance of the RLS equalizers respectively for BPSK, QPSK and QAM

modulations. The best BER results achieved are between 10~2 and, 1073.



It is found that using superimposed training sequence improves the performance of
equalizers significantly. It is found that RLS equalizers can achieve minimum BER
of order of 1073. Channel Normalization produces the smooth BER curves and
also reduces the error probability.

The BER performance of the different M-PSK with M = 4, 16, is, compared for
RLS equalizer under the frequency selective fading channels respectively It can be
observed that up to around 16 dB the behavior of proposed system with

normalized CIR is approximately similar for all PSK sizes.

From the above results you can compared your BER results when STS is used with
RLS equalizer with the another public work for using the superimposed pilots
sequence with RLS equalizer when using the BPSK modulation techniques [6]. At
30 E, /N. values, the BER value achieved in two figures is 1073 and
approximately all the results are similar with anther values of E, / N. . on the
other head , the multipath channel used in this research is more complex and
dispersive it include three multipath with highest power gain and time delay than

the channel used in [6].



Table 5: the BER and power spectrum range values

BER 0.6 0.6 0.7
dBrange | -50to -10 | -50to -10 -50to0 -10
BER 1072 1071 0.5
dB range -5t05 -5t05 -10to 0
BER 1072 10715 0.3
dBrange | -15t05 -15t0 5 -20to 5
BER 1072 1071 0.4
dBrange | -15to0 -20to 5 -20to 5
BER 1074 1073 1072
dBrange | -15t00 -15t05 -10to 5




CHAPTER SIX
Conclusions and Suggestions for Future Work
6.1 Conclusions

In this work, the objective is to present the superimposed training sequence instead
of the conventional training sequence which is applied to OFDM system to resolve
the fast fading channel difficulties and to provide better BER performance and
reduce the effect of inter symbol interference (ISI). This job is accomplished in
three types of modulation techniques: BPSK, QPSK and 16 QAM and with two
adaptive equalizers: least mean square (LMS) and recursive least square (RLS) on

the multipath channel which consist of Rayleigh fading channel and AWGN.

From the simulation results we can concluded that the superimposed training
sequence is the best method can used in channel estimation process compared with
conventional training sequence when we used complex multipath channel
(Rayleigh fading channel) with RLS adaptive equalizer especially when used
BPSK modulation techniques which can achieved 10~* BER value and show the
stability of the frequency spectrum along the Zero value in dB axis with small
fluctuations with values between -5 to Zero appears when using superimposed

training sequence with RLS equalizer.

From the above safely reasons the high advantage can be achieved from the
proposed superimposed training sequence on OFDM system and the good results
for obtained when use RLS equalizer is used in the receiver end to serve the

channel estimation.



6.2 Suggestions for Future Work

1-

2-

Applying the same proposed modulation schemes to MC-CDMA systems.
Using Forward Error Correction (FEC) codes, such as Reed-Solomon codes,
Low Density Parity Check (LDPC) codes, trills code or Turbo codes. These
codes give the receiver the ability to detect and correct some errors which
occur at the transmission and; therefore, decrease the BER levels.

Applying the Bi-directional LMS algorithms instead of the adaptive
equalization algorithms to equalize the received signal and analyze the
weight updated and LMS equalizer convergence.

Implementing the superimposed training sequence on MIMO OFDM
systems.

Changing the type of the training sequence from random integer to anther
data like, PN sequence or chirp sequence and making analysis of the system
performance and BER values.

Using modulator bank block including different modulation techniques to

increase the data rate at which you want to transmit through the channel.
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