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ABSRACT

Wireless channel is unknown and inclined to time dispersion, which causes inter symbol
interference (I1SI) and fading. OFDM is one of the most capable core technologies in the fourth
generation of wireless communication systems. OFDM has the advantage over the conventional
single-carrier modulation schemes when the channel is frequency-selective fading and widely used
in current wireless networks. In this thesis work the performance of two pilot-based channel
estimation algorithms; namely, least square (LS) and Minimum Mean Square Error (MMSE) with
corresponding channel interpolation technique is investigated for digital communication systems.
Channel estimation is a technique that can be used to design a channel in a particular surrounding
based on known train symbols which is inserted in the input of transmitter end and tested at the
receiver end.

This thesis performs , analysis of channel estimation algorithms based on bit error rate (BER) and
signal to noise ratio (SNR) minimizing the error distance between the transmitted and received
data. To estimate the channel coefficients; The MATLAB plot can perform for QAM, 16QAM,
and 64QAM constellations. For different international telecommunication union (ITU) channel
models Such as, the portable outdoor (PO), portable indoor (PI), Rural Area six path (RA6),
Typical Urban six path (TU6), and Rayleigh channel models. Typical urban channel model has
better at higher order modulation. From the MATLAB results, LS and MMSE algorithms are
compared based on their pilot ratio and channel length. LS estimation has better at high SNR value

compared to MMSE estimation.
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Chapter One: Introduction
1.1. Background
In the recent time, the rapid development of wireless communication technology has carried great
convenience to people's lives and work. Digital communication technologies, especially mobile
communication technology, presents unprecedented development. The objective of fourth
generation mobile wireless communication system is to achieve ubiquitous, high-quality, high-
speed mobile multimedia transmission [1]. To attain this goal, several new technologies are
constantly being applied to mobile communication systems. OFDM is one of the most capable
core technologies in the fourth generation of digital communication system [2, 3].
OFDM is one of the most widely used Modulation technique for high-bit-rate wireless
communication. The Digital communication standards develop the prominence of OFDM shine
brighter, especially when we consider the usage of smartphones as receiver. Wireless application
corresponding High end Wireless local area network (HYPERLAN), Wireless Fidelity (Wi-Fi)
and International Interoperability for Microwave Access (WiMAX) and also for Digital video
broadcasting etc. Due to its high data rate transmission proficiency with high bandwidth efficiency
and robustness to multipath delay. OFDM is being used as a standard scheme for the fourth
generation of wireless communication systems [2].Wireless communication device are in rely on
multiple copies of the transmitted signals inward to the receiver through multiple paths [3, 4].
Channel estimation is used to obtain the channel state information to know the channel properties
using blind channel estimation and train symbol-based channel estimation [4]. This information
describes how a signal propagate from the transmitter to the receiver and represents the combined
effect of fading, scattering and power decay with distance. The Channel State Information (CSI)
makes it possible to adapt transmissions to current channel conditions, which is crucial for
achieving reliable communication. In this thesis, the block train symbol based channel estimation
technique is investigated. Channel estimation can be performed by either inserting train symbol
tones into all of the subcarriers of orthogonal frequency division multiplexing symbols with a
specific period or inserting train symbol tones into each orthogonal frequency division
multiplexing symbols [3, 4]. The block type train symbol channel estimation is developed under

the assumption of slow and fast fading channel.
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1.2. Statement of the Problem

The main challenges in modern wireless communication systems are signal fading, ISI and low
quality. Wireless communication introduced random and time varying channel. Due to multipath
propagation and mobility of the channel and the receiver, many copies of transmitted signal attain
at the receiver antenna at different instant of time with different attenuation and delay
characteristics. So, these delayed signal components are separated by more ISl and symbol
duration. Therefore, as a result of these distortions, wireless fading channels show dramatically
poorer BER performance. The effect of the channel on the transmitted signal should be estimated
correctly before equalization is made. The various techniques are compared using metrics such as
computational complexity and performance for various channel variations in time and frequency
domains. In choosing the proper channel estimation technique. The compared techniques, pilot
assisted channel estimation is the most common techniques used in wireless communication for
OFDM system.

To mitigate this challenging problem, wireless communication system designers employ digital
channel estimation techniques that can minimize those undesired and destructive ISI effects and
to improve low quality. Comparisons were focusing on optimal pilot ratio and channel lengths
and limited to lower-order modulation for different fading channel with OFDM systems. However,
investigating the performance of pilot-based channel estimation techniques for different pilot ratio
and channel length in OFDM. The need for further study to understand the performance of different
fading channel propagation effects in digital communication at higher order modulation schemes
that include 16QAM and 64QAM is the motivation of this thesis.
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1.3. Objective
1.3.1. General Objective

The main objective of this thesis is analysis of channel estimation algorithm in OFDM based on train
symbol method using LS and MMSE algorithms for wireless communication over fading channel.
1.3.2. Specific Objective
+ To analyze different channel model propagation performance for wireless network.
+ To investigate and performance evaluation of the LS and MMSE channel estimation
algorithms based on BER and SNR value.
+ To analyze and compare the train symbol ratio and channel length effect for channel
estimation techniques.
+ To analyze the frequency selective and flat fading methods that can be used to mitigate the
problem of I1SI and multipath propagation to evaluate the received and equalized random

data or image.
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1.4. Literature Review

Here we cite a few references of work done related to channel estimation in wireless
communication networks [5]. Evaluates the performance of channel estimation of LS and
LMMSE. Performance analyze different channel models Using QAM, 16QAM and 64QAM as
modulation schemes. It demonstrates performance of LS and LMMSE for wireless network
channel estimators. Simulation results show that, LMMSE’s performance for the same channel
depends on pilot ratio and channel length and modulation scheme. However, this work is limited
to pilot based channel estimation for slow fading channel.

In [6], the authors investigated the performance analysis of channel estimation using train symbol
method. The time spread among first and neighboring signal in a multipath channel is
called as multi path delay spread, which is seen by the receiver. This paper comprises of
the performance analysis of train symbol procedure methods which are block type and comb
type. At low and high SNR behavior of LS and MMSE are evaluated over AWGN channel for
BPSK modulation et al relay on AWGN and Modulation scheme BPSK .The gap of this paper
depends on those two channel models for AWGN and Rayleigh channel models. We analysis the
channel model typical urban area and typical rural area channel models and increasing the
modulation order to analysis the performance for wireless communication systems.

In [7], the authors investigated the correctness of channel estimation in OFDM system. CSI is
required for signal detection at receiver side. The detection of signal affects the performance of
system. Et al present, for lots of consistent communication it is important to enhance the channel
estimation. Due to its high date rate capacity and robust to propagation environments fading and
removing the ISI. In OFDM system, train symbol is inserted among subcarrier in transmitter side
with equal spaced distance by using sampling theory and for channel estimation LS and MMSE
technique is chosen. In OFDM frequency selective channels used which have appropriate
performance due to these motives it is widely chosen in the field of study. Adding a LMS repetitive
algorithmic rule to system, improves the channel estimation performance. Simulation results
established the acceptable BER performance of repetitive channel estimation algorithm that is
closed to the best channel. The low complexity projected receiver as well as LMS algorithmic rule
is higher potency than typical methods and MMSE and it can be add low quantity of SNR. In
adding to this work we investigates the channel models for wireless communication for

consideration of indoor and outdoor for portable channel model effect.
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In [8],the authors investigated estimation of channel in OFDM wireless channel using LS and
MMSE technique, et al paper addresses two things in this work the first part of et al paper can be
a comprehensive description of the system and a second part they describe the most applicable
simulation, laboratory and T2 field trial results. The TS format is going to be used, these options
should be selected, because in general no drawbacks are present. Sometimes padding could be
needed to adjust the input stream packets to the BB Frames. In review of the literatures it is clear
that various research mechanism has already been done on train symbol-based channel estimation
techniques. However, in this paper has done on joint channel estimation and channel equalization
do not clearly put channel estimation explicitly.

In [9], the authors investigated OFDM is a multi-carrier modulation scheme. Synchronization is
the major problems of the OFDM system. The power consumption is considering through a noisy
channel when an image frame is transmitted in the OFDM system. To support the work, many
structures is tested such as minimizing the complexity with FFT/IFFTm. The size of bandwidth
channel play the main role and how its effect on the transmission and how it’s related to the FFT
size (Nfft). The modulation type is also tested to see which one is the best for image transmitted.
These types are phase shift keying and quadrature amplitude modulation. In addition, signal to
noise ratio is one of the performances in OFDM system and consider one of the factors which
wireless communication depends on related with bit error rate. Another problem of the OFDM
system is PARR, therefore, the effect of N¢; on the PAPR has been tested with simulation results
in which AWGN and Rayleigh channel models had been used in the simulation. The result is also
a periodic variance of the coding error rates for several OFDM blocks. BER Vs SNR whereas
apply no channel estimation and by spread on LS and MMSE as result obviously specified that LS
methodology can be crack over higher signal to noise magnitude of intimate associate.in this work
gap the analysis when the SNR value increase and channel length change the estimation value
much difference so, not clearly put the result difference.

In [11], the authors investigated multiple signals are transmitted from different antennas at the
transmitter using the same frequency and separated space. Various channel estimation techniques
are employed in order to judge the physical effects of the medium present. In this paper, et al
analyze and implement various estimation techniques for MIMO Systems such as LS and MMSE
those techniques are therefore matched to successfully estimate the channel in MIMO System. The

results confirm that SNR required to support different values of bit error rate varies depending on
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different low correlation between the transmitting and the receiving antennas .In addition, it is
explained that when the number of transmitter and receiver antennas increases, the performance
of TBCE schemes significantly improves. The Same behavior is also observed for MIMO system.
The Presentation of both MMSE and LS estimation are the similar for all types of modulation for
different propagation environments for small value of SNR but in our work not only increasing
the SNR value by increasing channel length and pilot ratio we have seen significant difference.
The more we increase the SNR value also the more performance gap goes on increasing.

In [12], the authors investigated predominantly, the global spectral efficiency (SE) of both systems
is investigated the partial spectral overlap between DVB and LTE signals occurs. Our contribution
lies in double. The interfering signal modification in each network is derived analytically
according to the frequency overlap while taking into account the difference between the
characteristics of LTE and DVB networks, specifically the OFDM subcarrier spacing and then the
OFDM symbol duration and SE is consequential with constant and non-uniform power distribution
between overlapped and non-overlapped subcarriers of the two networks. This derivation offers
an analytical evaluation of the effect of the spectral overlap ratio variation and diverse power
allocation scenarios and offers perceptive results on the teamwork between the two networks. The
gap of this paper, focus on fixed channel model type in our work considering mobility like that
of the typical urban area and typical rural area channel models are examined so, means that the
channel mobility consideration taken.

In [13], the authors investigated the AACE is an estimator which is established on the averaging
of the last N Scattered train symbol from the DVB-T2 model carried in the received OFDM
symbols. Et al proposed method to any pilot based estimator. The noise declared by the channel is
considered as Additive White Gaussian Noise with zero mean and thus an averaging procedure is
secondhand to eliminate it. The estimator adaptively follows the differences of the amplitude
envelope in the time domain and adapts the size of the buffer N, with respect to the coherence
time. Based on the averaged estimated channel, the LS or the LMMSE equalizer is applied to the
received signal in the frequency domain. Simulations visibly display that the performance of the.
Based on that AACE-LS is predictable LS estimator and is near to the performance of the MMSE
with no need of a prior knowledge of the statistics and the noise of the channel and thus if the
channel is unknown to the receiver, the AACE is a better choice conventional LS estimator and is

near to the performance of the MMSE channel estimator is mysterious to the receiver. The Doppler
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Spread introduced by the channel is a factor indicating the typical fading rate of the channel in the
time domain. In the rest of the paper the channel assumed as Rayleigh. In the Logarithmic
Envelope autocorrelation of the received signal is considered and a simple communication of the
estimated Doppler frequency is derived. On considering the envelope autocorrelation of the
received signal is considered and a simple expression of the estimated signal. In this thesis gap
channel estimation not consider the shifted phase and inter symbol interference to recover the

original data.
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1.5. Scope and Limitation

The scope of this thesis work is analysis of the performance non-blind channel equalizers such as,
LMS, LS and MMSE equalizers are to mitigate the flat fading and frequency selectivity effect.
The MATLARB result the performance analyses and recommendation are based on BER vs SNR
parameter using QAM and QPSK modulation. For MATLAB result, a random integer input
generated using MATLAB’s built-in function can be used for the BER comparison where stored
and image source signal can be used to test. The thesis work does not include the implementation

and analysis of blind and semi-blind types of equalization techniques.
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1.6. Methodology

There are a couple of phase are used to achieve the desired objectives of this thesis are as follows.
Literature review: The first phase encompasses the reviews and study of various related literatures
and e-books which help to understand the necessary theoretical background for research work
related to multipath propagation and channel estimation techniques (i.e., blind, non-blind and
semi-blind) and different channel estimation algorithms such as LS, LMS, RLS, and MMSE and
also interpolation technique.

System model: On the second phase, theoretical analysis is carried out. And a system model,
showing the processes using channel estimation algorithms for LS and MMSE for DVB-T2
system, showing their block diagram and description of block. Particularly when the train symbol
is inserted at the transmitted OFDM subcarriers by the transmitter. At the receiver, the signal is
detected, dividing it by the same channel response. Numbers of errors are calculated by comparing
the transmitted and the received data. Signal and Noise power are calculated which then help in
calculating the signal to noise ratio for the system.

Simulation: Simulating the modeled system using MATLAB software, performance comparison
of channel estimation algorithms. This is approximation communication system model show the
functionality test can be carried out with Generate arbitrary binary sequence of 1'sand 0's
mapping the binary sequence, multiply the symbols with the channel and then add white Gaussian
noise, At the receiver, divide the received symbols with the known channel, Perform robust
decision de mapping and sum of the errors and finally Repeat for multiple values of SNR and plot
the simulation.

Performance comparison: Include comparing the BER-SNR, performance, computational

complexity for the selected equalization techniques.

Analysis and interpretation of the results: Finally, the results are interpreted and conclusion is

based on the result obtained.
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1.7. Contribution of Thesis

In this research, the performance of wireless network communication system with QAM, 16QAM
and 64QAM modulations in 8K mode of OFDM has been evaluated for the signals transmitted
over the PI, PO, TU6, RA6 and Rayleigh fading channels. Some channel estimation approaches
are integrated into the OFDM system model and their performances are tested under some
situations. Comparing the performances revealed that the LS channel estimation method resulted
in an acceptable performance for QPSK techniques at 15dB but MMSE is not good enough at

15dB to transmit high quality frame image over wireless network at this situation for thesis work.
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1.8. Thesis Organization

This thesis contains five chapters; the first chapter contain an introductory which mainly consist
the background, goal and motivational aspects of the thesis. The second Chapter presents the
fading channel features and principle of OFDM transmission for wireless communication channels
considered for this piece of work. In chapter three deals with system model as well as further
mathematical detail description and for selected channel estimation algorithm. The fourth chapter
includes result and discussion. The last Chapter is the conclusion and recommendation part of the
thesis which tries to discuss the important conclusions drawn based on the results obtained from

the whole thesis work.
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Chapter Two: OFDM and Fading Channel

2.1. Introduction

Present day, OFDM is found in very contemporary and worldwide multimedia broadcast system
like Digital Video and Audio Broadcasting i.e. (DVB), (DAB) , it is further launch in many
dissimilarity wireless application corresponding High end Wireless local area network
(HYPERLAN), Wireless Fidelity (Wi-Fi) and International Interoperability for Microwave Access
(WIMAX) etc. OFDM is one of the special case of multi carrier transmission [13, 14].

2.2. General Block Diagram of OFDM Transmitter and Receiver

In the real implementation of OFDM, the combination of Fast Fourier Transform (FFT) and
Inverse Fast Fourier Transform (IFFT) has been used to correlate frequency domain [14]. The
correlation is just like mapping input onto sinusoidal basis function [14, 15]. In general by sending
data which is in frequency domain through OFDM transmitter, it is turn to the time domain by
IFFT block [15].

Time-Domain

Frequeency-Domain Frequency-Domain

QAM sum of Sinusoids

, Receiver
Transmitter FFT

IFFT

- ’ !

Mapping QAM source data onto N Summation of all

. . Recover mapped QAM
orthogonal subcarriers M subcarrier sinusoids e

source data

Figure 2.1: General Block Diagram of OFDM Transmitter and Receiver [15, 16]

2.3. Modulation and Demodulation

Major characteristics of the communication systems are which data lay on radio carriers.
Systems are used to make this aim are called modulation. Modulation can be divided into analog
and digital method; each of them has four dissimilar ways [14, 15]. In analog systems Amplitude
Modulation (AM)), and QAM can be used. In the other side, for the digital systems, Phase Shift
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Keying (PSK), Amplitude Shift Keying (ASK), and QAM can be used [17]. QAM is a
combination of ASK and PSK which is widely used in OFDM systems [14].

2.4. Transmitter Blocks of OFDM

The generic block diagram of an OFDM transmitter is represented in Figure 2.2 below. As it can
be seen, it is divided into four main parts; input processing, but not shown in the figure 3.2 input
processing includes input data and encoder part, bit interleaved coded modulation (BICM), frame
builder and OFDM generation [22,23]. The system inputs may be one or more High efficiency
transport streams and or one or more generic streams. The input Pre-Processor, which is not part
of the FFT system. It include a service splitter or de-multiplexer for FFT for separating the services
into the FFT system inputs, which are one or more logical data streams [23, 24]. To explain in

detail about the OFDM systems figure 2.2 below describe as follow [24].

Bit Interleaver coding and Modulation (BICM)

. - cell Time
Channel Bit Dermux Mip cells to Constelation s Interleave
) E P > _ . —® rotation and ¢ Interleaver ’
coding Interle bits to constellation i
| 1 ] oyclic
Frame builder miso OFDM (eneration.
; Guard interval

| Frequency MISO . Pilot . IFFT .

s Processing Insertion Insertion

Figure 2.2: Block diagram of an OFDM transmitter [24, 25]

Input Processing: the OFDM standard, allows the following input formats transport Stream (TS).
Stream with constant packet length, as in OFDM. Generic Encapsulated Stream (GSE) [25].
Constant or variable Length packets, where the format is known by the modulator. This format is
intended to broadcast IP content without using TS-MPE (Multi-Protocol Encapsulation)
[26].Generic Continuous Stream (GCS). Variable length packets. Modulator does not know the
actual length. Generic Fixed-length Packetized Stream (GFPS) [25, 26]. The input interface
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subsystem shall map the input into internal logical-bit format. The first received bit is indicated as
the Most Significant Bit (MSB). Input interfacing is applied separately for each single PLP [26].
CRC-8 encoding: CRC-8 is applied for error detection at UP level (Standard Mode and packetized
streams only). When relevant, the UPL-8 bits of the UP (after sync-byte removal, when applicable)
shall be processed by the systematic 8-bit CRC-8 encoder. The computed CRC-8 shall be appended
after the user packet [26, 27].

Baseband Header (BBHEADER) Insertion: A digital data receiver practices baseband (BB) frames
at both a base band (BB) block level and a terminal block level. At the BB block, the Digital
receiver synchronizes BB frames from synchronization information inserted in the BB frame
headers [27]. The BB block configures the error indicator based on whether an error is detected in
the BB frame. Stream adaptation: Stream adaptation module takes a baseband header checked by
a data field and sort by baseband frame. It include of three sub-modules: scheduler, Padding
insertion and BB scrambling. Since our focus is on mode is skip the scheduling part [27, 28].
Padding insertion: When the baseband frame has insufficient data to fill it up or has the requirement
to have an integer number of user packets, then padding is used to append zero bits after the data
field to fill the frame [28]. BB scrambling: The main purpose of baseband scrambler is to ensure
that the complete baseband frame is randomized and synchronization between the randomization

sequence and the baseband frame [27, 28].

2.4.1. Bit-Interleaved Coding and Modulation
BICM module takes a baseband frame as input and produces an output for the next frame mapper.
To carry out this task, the BICM shall perform outer coding (BCH), Inner Coding (LDPC), bit

Interleaver and Demux for mapping bits to QAM constellation cells [28, 29].

2.4.2. FEC Channel Encoding

The purpose of the channel encoder is to introduce redundancy in the information sequence that
can be used in the receiver to improve the effects of noise and interference, therefore improving
the transmission reliability. LDPC is inner code which works well only for randomly distributed
bit errors used to avoid regular patterns of errors and bursts of errors [28, 29]. BCH is outer code

is included as an insurance against unwanted error floors at high C/N ratio [29].
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2.4.3. FFT-Frame Length of OFDM

TheT2-frame length is significant to boost the bit rate and the interleaving depth. The T2-frame
length, or frame duration, depends on the FFT size, guard interval, and number of OFDM data
symbols. It’s a configurable parameter that is limited to a maximum value of 250 milliseconds
[30].To identify how the FFT-frame length disturbs the capacity and interleaving depth we have
to look at the anatomy of the OFDM signal. The central building block of an OFDM system is
called a Super Frame and be made up of number of FFT-frames, where each FFT-frame in turn
consists of a number of OFDM-symbols. The P1 symbol is then followed by at least one P2 symbol

that is used for signaling and data transmission [30, 31].

Super Frame Super Frame Super Frame Super Frame Super frame

FFT Frame FFET Frame see FFT Frame

P ) Data Diata ata
Pl = see P2 symboll |symbol2 | #** symbol

Figure 2.3: Physical frame structure of OFDM [31]

One can simply trust that a longer T2-frame length is result in an increase of whole bit rate due to
the fact of the overhead associated with the preamble symbols P1 and P2 [29, 30]. To achieve the
highest possible bit rate the number of dummy cells therefore need to be minimized a consequence
of increasing the number of data symbols is of course that the number of OFDM cells per
transmitted frame also increase[30,31]. This is because the FDM cells are now separated into one

additional time interleaving block while the frame duration is increased only marginally [31].

2.5. OFDM Symbols Generation

OFDM Generation, The last block of the COFDM transmission chain is the generation of the
OFDM symbols [32]. Six FFT sizes, 1K, 2K, 4K, 8K, 16K and 32K. Six channel bandwidths.
1MHz, 5 MHz, 6 MHz, 7 MHz, 8 MHz and 10 MHz Seven Guard interval fractions: 1/128, 1/32,
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1/16, 19/256, 1/8, 19/128 and 1/4.For the 8K, 16K and 32K FFT sizes the extended carrier mode
allows the use of large number of carriers per symbol which consequently improve the data
capacity [31, 32].Train Symbol Insertion Mechanism:-Train symbols are inserted in to encoded
data cells. Which has known amplitude and phase that are used by the receiver to remove the ISI
and compensate/equalize for channel impairments as the channel changes in frequency and in time
[30]. The train symbols can be used for frame synchronization, frequency synchronization, time
synchronization, channel estimation, transmission mode identification and can also be used to
follow the phase noise [32]. Since OFDM is used as the modulation technique, so this sub-module
performs IFFT in the transmitter to convert signal data from frequency domain to time domain
[32, 33].

OFDM signals suffer from high Peak to Average Power Ratio (PAPR). OFDM provides two
complementary techniques for reduction of PAPR ACE and Tone Reservation. One or both
technique can be used simultaneously [33]. A channel estimation provides significant reduction in
PAPR for lower order constellations (especially QPSK) while tone reservation provides greater
benefit for higher order constellations [32]. A channel estimation increases the noise level that the

receiver sees while transmission rate decreases but increases the throughput [32, 33].

2.5.1. Lines of Transmission in OFDM

Traditionally, all communication systems involve some core elements in order to operate and
propagate the signal. Once all procedures that are necessary are completed, a mode of transmission
is selected to feed the signal into the channel [32, 33]. The OFDM standard offered only the option
of the SISO transmission of signals using a transmitting antenna on the provider's end and a
receiving antenna on the receiver of the signal end [33]. OFDM standard steps forward to
implement added modes of transmission. The system output that is typically transmitted over a
radio frequency channel can support multiple output signals over multiple antennas. Thus, the new
standard implements SISO, SIMO, MISO and MIMO transmission modes [33, 34].

2.5.2. Parameters in OFDM

There are a number of methods configuring an OFDM system. In this subsection we see the factors
affecting the superior of each of the main parameters in turn [33]. The superior of the OFDM size
depends on the application and expected channel Characteristics, so FFT gives the content
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distributors a wide range of possible parameters to adapt to the desired behavior and expected

channel suppositions [34].

2.5.3. Guard Interval

OFDM offers a wide range of possible guard intervals in order to support a range of transmission
and broadcasting needs. We should distinguish between guard-interval duration TG; and guard
interval fraction GIF= TG/ TU [47]. Assuming the channel extent for a particular transmission
scenario is known, it is then a simple matter to choose a TG that suffices to match or exceed it [34,
35]. Note that this choice also require consideration of the FFT size. The greatest capacity is given
by minimizing the GIF, which thus implies maximizing TU [33]. However, there are other
constraints on the choice of FFT, concerning the degree of Doppler effects to be expected in the

scenario of interest. These may set a limit to the FFT size (and thus TU) that can be chosen [35].
Transmitted OFDM signal waveform generated with CP is expressed as [33, 34]:

t-1' +TG

S(t) = 7= Yz Sl Xy [lle oL s [T 2.1)

Wireless communication networks are OFDM-based systems but with different physical
characteristics and different parameters such as different subcarrier spacing and sampling
frequency [34]. Let as define S (t) the transmitted signal T, T;, N Transport streams (Ts) of OFDM
symbol, the cyclic prefix (CP) durations and the number of OFDM subcarriers systems
respectively.

Received Signal: In the wireless communication network, the signal received by Rx can be written
as: [35]:

t— T~ lT+TG

r(t) =J%zl,ezzﬁ;10 L X [Uhye x [I[(———) (2.2)

Where r (t) received, [I'] the ODFM complex symbol of the I — th OFDM data block over the

.k
]ZnT—S(t—an)

k' — th OFDM subcarrier h,,, is the Tx-Rx complex Gaussian distributed channel coefficient and

its frequency response on the k' — th subcarrier is given [50-51]

!

.k
EIED N WER P (2.3)

17 |Page



The discrete signal is the projection of the received analog one on its waveform basis functions,
i.e., OFDM waveform. Hence, the received signal at Rx on the p’ — th OFDM subcarrier and over
the m’ — th OFDM data symbol is given by [33, 34]:

Xy [,r(®©0, . (Hdt = (2.4)
Where 2’ ,(t) is the reception filter defined by?
b m

t—-m/IT

ol
(Dp/'m:(t):\/%e ]ZnTS eTIe Ts ) (25)
TS
Transmitter and Receiver are perfectly synchronized, the received OFDM signal can be written
as [33, 34]:

[m'] = X, [m']H

p[m'] (2.6)

2.5.4. Train Symbol Pattern

Superior of scattered train symbol pattern depends on guard interval and FFT size [33, 34]. There
are exchange between the bandwidth efficiency and channel estimation accuracy regards the
number of train symbols. The number of train symbols are reduce the bandwidth efficiency and
channel estimation accuracy, it is very important that pilot pattern should be chosen carefully in
OFDM system [35, 36]. The operator should choose a pilot pattern considering the expected
channel for the type of usage that it is desired to support, and being aware of the trade-off between

capacity and performance[35, 36].

2.5.5. Time Interleaving Factors

The sets of number of FFT blocks per interleaving frame depends on two factors. Increasing the
number of FFT blocks for a given frame duration reduces the interleaving time, so reducing the
time diversity and therefore the system's resistance to impulsive interference and fast time-varying
channels [35, 36]. On the other hand, increasing the number of FFT blocks increases the maximum

data rate for a PLP, since the maximum number of cells in a FFT block is fixed [36, 37].

2.5.6. Superior of Code Rate, Block Length and Constellation

The performance of LDPC codes is significantly better than convolutional codes used in OFDM
system [37]. Consequently, the SNR requirement for a given LDPC code-rate is lower than for a
convolutional code with the same code rate. Conversely, at a given SNR, a higher code rate can
be used and therefore a higher data rate achieved [37, 38]. However, they can be used for low-bit-
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rate applications requiring shorter latency. Alternatively, if long blocks are used for low-data-rate
services, a user could choose either multi-frame interleaving (giving greater time diversity) or
frame skipping (giving potential for power-saving); both options would entail a greater latency
[38].

2.6. Block Diagram of OFDM Receiver

The main part of this thesis work i.e. channel estimation can be explain in the next chapter. The
receiver comprises the above blocks in Figure 2.2 Most simply implement the reverse of the
corresponding transmitter module [38, 39].Three reverse of transmitter blocks are perform before
channel estimation. The first block is P1 extraction used to removes and discards the P1 preambles.
This module also removes and discards any FEF parts. The considerations for the use of the FFT
algorithm in a receiver are essentially the same as those for the use of the IFFT in the modulator.

We need to convert the time domain signal to frequency domain at the receiver [39].

Pl Gl FFT Channel Pilot Channel

—* extraction removal OFDM estimation remaoval equalization
Freg.de- Frame Time de- Cell de- Constellation Cell=bit mux
Interleaver extraction Interlaaver Interleave de-map
Stream Adapter ECH Decode LDPC Decode Bit de-
Interleaver

Figure 2.4: Block Diagram of OFDM Receiver [39, 40]

Frame extraction also reverse of frame builder; the receiver currently only processes one PLP, so
this module only extracts the cells of this one PLP to feed to subsequent modules. The
compensation of the channel effect is done at the receiver adjacent by applying synchronization,
channel estimation and channel equalization [39, 40]. The main focus of our thesis work is
implementation of channel estimation technique train assisted [40]. The detail of channel

estimation techniques and algorithms for OFDM can be given in the next chapter
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2.7. Multipath Propagation

The main features of wireless mobile channel are multipath propagation. The signal transmitting
via the mobile channel from transmit antenna to mobile station antenna are not from a single path,
but a number of different paths of many reflected waves [40, 41]. Because the path of

electromagnetic wave, distance of transmission, emission coefficient of the launch point are
different [40].
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Figure 2.5: Multipath scattering of the signal [41, 42]

2.7.1. Fading Channels

When signal transmitted through the mobile wireless channel, signal fading features are
determined by the transmitted signal and channel appearances [41]. Time dispersion and frequency
selective fading are caused by multipath time delay spread, and frequency dispersion and time
selective fading are caused by Doppler frequency spread [41, 42]. According to the frequency

selectivity of channel, the channel can be divided into flat fading channels and frequency selective
fading channel [42].
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2.7.1.1. Large-Scale Fading

Large-scale fading happens as the mobile moves through a large distance and generated by path
loss of signal as a function of distance and shadowing by large objects such as buildings,
intervening terrains, and vegetation [42, 43]. Shadowing is a slow fading process described by
variation of median path loss between the transmitter and receiver in fixed locations. In other
words, large-scale fading is characterized by average path loss and shadowing [43]. Large-scale
fading propagation models are used at the physical layer to expect the mean signal strength for a
random transmitter-receiver departure distance. The free-space propagation model and the
lognormal one are two generic propagation models that are often used as a basis for specific models
[43, 44].

2.7.1.2. Lognormal Path Loss Propagation Model

A lognormal distributed random variable can be used to characterize the shadowing effects that
occur with mean value determined by the transmitter and receiver separation distance [44]. A radio
propagation model, also known as the Radio Wave Propagation Model or the Radio Frequency
Propagation Model, are an empirical mathematical formulation for the characterization of radio
wave propagation as a function of frequency, distance and other conditions [44].

2.8. Small Scale Fading Channels

The next classification of fading channel are Small-scale fading or basically fading which are used
to describe the rapid fluctuations of the amplitude, phases, or multipath delays of a radio signal
over a short period of time or portable distance, so that large-scale path loss properties ignored
[44, 45].Based on the relation between the signal parameters and the channel parameters (RMS
delay spread and Doppler spread), we have different cases of fading [45]. Fading might have a

time varying or frequency varying attenuating power on the Transmitted signal.

2.8.1. Small scale Fading Effects due to Multipath Time Delay Spread
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Small scale fading

(Based on multipath time delay spread)

Flat fading frequency selective fading
1. BW of signal =<BW of channel 1. BW of sibual =BW of channel
2. Delay spread <symbol period 2. Delay spread =symbol period

2.8.1.1. Flat Fading

Small scale fading is distinctive as being flat or non-selective if the received multipath
components of a symbol do not range elsewhere the symbol’s time duration [44] .If the delay of
the multipath components with respect to the key component are smaller than the symbol’s time
duration, a channel is said to be matter to flat fading [44,45]. In this fading channel Inter symbol
interference (1SI) is absent; therefore, such a channel has a constant gain and a liner phase response
over a bandwidth that is greater than the bandwidth of the transmitted signal [45].In a flat-fading
channel, the spectral characteristics of the transmitted signal are well-preserved at the receiver,
and the channel does not cause any non-linear distortion due to time dispersion. However, the
strength of the received signal generally changes slowly in time, due to the slow gain fluctuations

caused by multipath. [45].

2.8.1.2. Frequency Selective Fading

Is a radio propagation anomaly caused by partial cancellation of a radio signal by itself the signal
arrives at the receiver by two different paths, and at least one of the paths is changing (lengthening
or shortening) [45]. This typically happens in the early evening or early morning as the various
layers in the ionosphere move, separate, and combine. The two paths can both be sky wave or one
be groundwave [44, 46].As the carrier frequency of a signal is varied, the magnitude of the change
in amplitude also vary, the coherence bandwidth measures the separation in frequency after which

two signals are experience uncorrelated fading [46].
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2.8.2. Based on Doppler Effect

The reason for the Doppler Effect are that when the source of the waves are moving towards the
observer, each successive wave crest are emitted from a position closer to the observer than the
previous wave. Therefore, each wave takes slightly less time to reach the observer than the
previous wave [46, 47].

Small scale fading

(Based on Doppler spread) |
Fast fading slow fading
1. High Doppler spread 1.low Doppler spread
2. Coherence time <symbol period 2. Coherence time >symbol period
3. Channel variation faster than baseband 3. Channel variation slower than baseband
Signal variations signal variations

Fast fading: occurs when the coherence time of the channel is small comparative to the delay
requirement of the application. In this case, the amplitude and phase change compulsory by the
channel varies considerably over the period of use. In a fast-fading channel, the transmitter take
advantage of the variations in the channel conditions using time diversity to help increase
robustness of the communication to a temporary deep fade [47, 48].

Slow fading: Slow fading can be caused by events such as shadowing, where a large obstacle such
as a mountain or large erection complicates the main signal path between the transmitter and the
receiver. The received power change caused by shadowing is often modeled using a log-normal

distribution with a standard deviation according to the log-distance path loss model [49].

2.9. Channel Models for Orthogonal Frequency Division Multiplexing system

When evaluating the complete performance of such communication systems, different channel
models are used to model different transmission and reception scenarios [47, 48]. The frequency
transfer function of a multipath fading channel are examined in terms of its effects on digital radio
signals. The transfer function are expanded into a power series about the channel center frequency
and the factor of related to the multipath model. Commonly used channel models are AWGN,

Rayleigh, Rican, RA6, Portable indoor, portable outdoor and TU6 [48]. However, since each of

23| Page



the models simulate a specific reception scenario, it are difficult to ascertain the realistic overall
performance of the system [48]. As shown in the figure 2.6 below the received signal is attenuated

by the fading coefficient and contaminated by noise.

o] 0|
| |

Figure 2.6: Channel model with fading coefficient and noise [47, 48]

The received signal of this channel model is given by:

y=h*x+n (2.7)
Where Y is received signal, X is transmitted signal, h are a new fading coefficient and n are
background noise or AWGN effect at the receiver that combines both the large-scale fading and
flat fading [48]. The main job of channel estimation is to estimate the fading coefficients using
appropriate channel models. There are many models that describe the phenomenon of small scale
fading. Out of these models, AWGN, Rayleigh fading, Rician fading and COST 207 groups
namely TU6 and RAG6 [47,48].

2.9.1. AWGN Channel Model

The simplest radio environment in which a wireless communications system or a local positioning
system or proximity detector based on Time of-flight have to operate are the AWGN environment.
AWGN are the commonly used to transmit signal while signals travel from the channel and

simulate background noise of channel [48].

channel

v
+
L

-

Figure 2.7: AWGN channel model [47-48]

The mathematical expression in received signal
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R(t) = S(t) + n(t) (2.8)
That passed through the AWGN channel where, the transmitted signal s (t) and received n (t) are
background noise. An AWGN channel adds white Gaussian noise to the signal that passes through
it. The basic communication channel model and used as a standard channel model. The transmitted
signal gets disturbed by a simple additive white Gaussian noise process [48, 49].

2.9.2. Rayleigh Fading Channel

Rayleigh fading is considered as the most effective model for tropospheric and ionospheric
signal propagation, as well as the effect of heavily built up urban environment on radio
signals. Rayleigh fading is considered when there is no line of sight communication between the
transmitter and receiver [47, 48]. If there is much scatter in the environment that scatter the radio

signals before it arrives at the receiver, then in this case central limit theorem holds.  Let

{X,i=12.... n} be iid zero mean Gaussian random variables such that X ~ N(O,az) Vi [48].

Then X = / ?leiz is defining as a generalized Rayleigh random variable when n = 2 in the

equation, we get the Rayleigh distribution. Its PDF, CDF, MGF, raw moments, mean and variance
are given in table 2.1 Rayleigh distribution is used to model small-scale fading in wireless
communication channel when the channel is characterized by a large number of scatters and there
iS no dominant path or a line of sight connection. For instance, urban areas in mobile

communication mostly have this kind of channel [47, 48].
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Table 2.1: characterization of Rayleigh distribution [47, 48].

fx(x) = {G— et x>0 (2.9)
0 x<0
Fy(X) = { 1—ex? x>0 (2.10)
0 x<0

E[XK] = (202)zr (G+1) (2.12)
Mx(s) =M (1,%,%0252) + gcse§6252 (2.12)
E[X] = o( E) (2.13)
VAR[X] = (£7) 0? (2.14)

2.9.3. Rician fading channel
Rician fading model is applicable most when in addition to scattering there is a strongly dominated
signal seen at the receiver, usually caused by line of sight. During such random process,

mean does not longer be zero [48]. In this case mean can vary around the power level of the

dominant path. Let {X,i=12....n} be independent Gaussian random variables with same
variance but different mean such that ~N(0,02) ,Vi [47,48]. Then X = / n X% is defined as
a generalized Rician random variable. When n = 2 in the equation, we get the Rician distribution.

In what follows, we denote a = / ™ . X;* The Rician distribution descriptions are given in Table

2.2 Rice process is chosen as a suitable model of wireless channel when there is a dominant path
or line of sight connection between the transmitter and receiver. Rural areas in mobile
communication, for instance, usually possess this kind of channel. In the presence of a dominant
or line-of-sight component, we get the sum of the scattered components and line of sight

components at the receiver [48].
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Table 2.2: Characterization of Rician Distribution [47, 48]

£ () = { %e—_ng_za I, (ﬂ) x>0 (2.15)
0 x<0 "’
Fy(x) = { 1-%(5) x>0 (2.16)
0 x<0
E[X*] = (Zgz)ge%r (1 + g) M (1 + g 1%) (2.17)
E[X?] = 20% + a? (2.18)
EX] = a [2M(-3,1,5%) (2.19)
VAR[X] = E[X?] — (E[X])? (2.20)

According to central limit theorem the baseband equivalent of the sum is a complex Gaussian
process. Furthermore due to the dominant path, the mean of the real part is different from zero. So
the envelope of the impulse response is a Rice process [47, 48]. The situation is similar with a
sinusoidal wave plus random noise which has been treated by Rice. In addition, the analysis based
on experimental data in shows that Rician distribution is more accurate than Rayleigh distributions

in modeling the signal statistics in rural or urban areas [50].

2.10. Fixed Reception

Receiver with a fixed rooftop antenna is called fixed reception which the antenna can be changed
into two different usages. This outdoor antenna first can be set to receive the direct signal or in the
worst case it can be set in order to receive the signal which has been reflected by different obtrusive
objects such as buildings, hills or cars [51]. In the last stage, this antenna can reduce the echo of
received signal and determine the main signal from distorted one [51, 52].

2.10.1. Portable Indoor (PI) and Portable Outdoor (PO)

Portable are specified to devices moving from one point to another. In this scenario, the reception
does not moving very fast and the speed are assumed to be 3km/h. Wing-TV project has developed
Pl and PO channel models to define the slowly moving hand [52,53]

P1 propagation environments: The power delay spectral density portable indoor for environments are

given as [53]
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=T

Cprets, 0<t<5us

S:(1) = {CPI%Q(SJS), 5us < T < 10us (2.21)
0, else

Where, Criis a real valued constant coefficient given by:

2

PI=30_0"5) (2.22)

The delay spread for PI propagation.

PO propagation environments [53]: the power delay spectral density for Portable Outdoor

environments are given as:
Croe s, 0<7t<2us

5:(T) =9 €pp0.1e5~ /19, 15us < 7 < 10us (2.23)
0, else

Where, Cpois a real valued constant coefficient given by:

_ 2
Cro = 30505 (2.24)

The PO propagation, the power delay profile of each of the above propagation environments. The
COST 207 models also specified four different Doppler spectra. These are; Jakes, GAUSE |,
GAUSE Il and RICE spectra [53, 54]. For any wireless communication system, non-line of sight
components always present, as the signal are reflected from objects on the way from the transmitter

to receiver.
2.11. COST 207 Channel Models

The COST 207 channel models for mobile radio is standardized to enable different
communications designers to simulate their systems using a common set of channel models. Two
propagation models are defined: (typical rural area —phath6 (RA6), Typical urban area path6 (TU6)
[54, 55]. Rural Area (RA) reception and typical urban (TU) reception. In addition to these models,
a Rayleigh channel which is a theoretical channel with 6 paths reflected signals with no speed and
fixed receptions using a rooftop outdoor antenna is employed [55].

2.11.1. RA6 and TUG6 Propagation Environments

The mobile receptions bring high-speed propagation above 50 km/h. Mobile receptions are

suffering from the factors such as AWGN, multipath propagation, narrowband interferers, and
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impulse interferes [54, 55]. Following the channel variation, in time and frequency, in addition to
noise handling needs strong synchronization [55].

The power delay spectral density for RA environments is given as:

—-9.27
S.(1) = {CRAe /“S, 0<1t<0.7ps (2.25)
0, else
Where, CRA is a real valued constant coefficient given by:
Cp a2 (2.26)
The delay spread for RAG.

Typical urban area propagation environments [55]:
Whereas, the power delay spectral density for TU environments is given as:
-1
S.(1) = {CTUe /us 0<tT<7ps (2.27)
0, else

Where, CTU is a real valued constant coefficient given by:

1
Cry =——
TU 1-e~7

(2.28)
The TUG6 propagation can be the focus of this thesis work.TU6 and RA6 propagation channel
models reproduce the wireless communication propagation effects.in an urban area and rural area
respectively [54, 55]. The TUG6 has been defined by COST 207 as a typical urban profile and are
made of 6 propagations paths having wide dispersion in delay and relatively strong power [55].In
OFDM developments the TU6 propagation model is used for modeling mobility of the receiver
[55].

The COST 207 models also specified four different Doppler spectra. These are; Jakes, GAUSE I,
GAUSE Il and RICE spectra [53, 54].

Jakes: The classical Jakes spectrum occurs only in the case of path delays less than 500ns, i.e.,t <

0.5us and given by [53, 54];

Suun(f) = ———=—=1f1 < fa (2:29)
SR PR
Where fd represents the maximum Doppler frequency and the Doppler spread is B; = f/—%

GAUS I: GAUS I is the sum of two Gaussian functions, occurs only in the case of path delays in

the range of 500us to 2us i.e. 0.5us < 7 < 2us and is given by [52, 53]

Sun(F) = G(Ay, — 0.8£1,0.05f4) + G(*1/1, 0.4, 0.1f) (2.30)
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~(=f1)?
Where G (4;f;S;) is defined as A(A,, f1,S;) = A;e 251° (2.31)

The value of 4, ishyisgivenby A; = &S, lare the values of the second and third terms

50
Nl
of the Gaussian functions in Eq. (2.31) respectively. The Doppler spread for this case is given by
B; = 0.45f,; (2.32)
GAUSE Il: GAUSE Il is the sum of two Gaussian functions, occurs only in the case of path delays

greater than2us, i.e.,t > us and is given:

Aq

Suu(f) = G(A2,0.7f4,0.1fy) + G(5k5, 0.4f4, 0.151,) (2.33)

—(f-f2)*

Where G (A,f,S3) is given by G (A,f,S;)=A,e 2522 and the value of A, is given by
101>

A2 -
\/ZTL'[w/ (10+0.15)f 4]

(2.34)

Ones again, f, & S, are the values of the second and third terms of the Gaussian functions in Eq.
(2.30) respectively. The Gaussian functions in Eq. (2.34) respectively.

The Doppler spread for GAUSE 11 spectrum is 0.25f,

RICE: Rice Doppler spectrum is obtained by combining the Jakes Doppler spectrum with and
LOS component path. It is given by [53, 54].

1

Sy, = ———=+0910(f — 0.7, If| < f4
o fq ’1—(f/fd)2

(2.35)
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Table 2.3: wireless communication channel profile [51, 52]

Profile | Features Path Receptio
n

Rayleig | Rayleigh fading without Doppler shift 6 all is randomly realized | Fixed
h with exponentials power

delay profile with a

dynamic range of 20dB
Pl Direct path echoes with Doppler shift speed 3k/h | 12 all pure Doppler Portable
PO Direct path echoes with Doppler shift speed | 12 all pure Doppler portable

3km/h

TU6 Rayleigh fading Urban area-speed 50 km/h 6 Rayleigh Mobile
RAG Rician fading Rural area- speed 100 km/h 1 Rician and 5 Rayleigh | Mobile
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Chapter Three: System Model

3.1. Channel Estimation

In a wide sense, channel estimation defines any signal processing method used at the receiver to
recover the fading channel, scattering dispersion and ISI problem is triggered by delay spread.
Especially higher data-rate applications are more sensitive to delay spread signal and need high-
performance channel estimation at the receiver or other I1SI mitigation methods to be used at the
transmitter side to make the signal less inclined to delay spread [56, 57].The response of the
channel at each subcarrier can be estimated from side to side at different interpolation methods
which are based on known symbols are inserted at the transmitter part [57]. These symbols are
called train symbols. The train symbols are inserted in to the OFDM subcarriers in different way.
For this thesis we focus on the block type arrangements for slow channels to analysis frequency
selective channel estimation using LS and MMSE algorithms. For different application wireless

network communication system in the following sections [56, 57].

3.2. Block Type and Comb Type Train Symbol Arrangements

The block type train symbol insertion the time domain is technique applied. Figure 3.1 is the period
of pilot tones which is applied on the time axis. In other words, estimation error has been reduced
while each block is constant and it is the result of using all the subcarriers as pilots [57, 58]. The
first one, block-type pilot channel estimation, is developed under the assumption of slow fading
channel, and it is performed by inserting pilot tones into all subcarriers of OFDM symbols within
a specific period. The second one, comb-type pilot channel estimation, is introduced to fulfill the
need for equalizing when the channel changes even from one OFDM block to the subsequent one
[58].

32| Page



Pilot insertidh

>

pe— Block

[3|

o
0
o]
0

O Comb type
0

E T 7 7 77 ¥]
o .. ™

Time Time

Q00000000

e Pilot
o Data

Frequency
Freguency
o o of®#]o o ofe]
OO O|e|l0 O O]e
OO0 Oo|eo O O|e
OO0 oo O O|e
OO O|e|o O O)e
QO O|e|0 O Ole

XXX EEEXEE N

00000000
O00OO0O0O0O0OO0O
Q00000000
O0O0OO0O0QO0OOOO

Figure 3.1: Block and comb type train symbol arrangement [58, 59]

The block-type train symbol arrangement are suitable for frequency-selective channels
because train symbol tones are inserted into all subcarriers of train symbols with a period
in time. For the fast fading channels, however, it might increase considerable overhead to
track the channel variation by reducing the train symbol period [59].The second comb type,
the period of train symbol of tones in frequency, the train symbols must be placed as
frequently as coherent bandwidths in order to track the frequency-selective channel
characteristics. The coherence bandwidth is calculated by an inverse of maximum delay

spread

3.3. Mathematical Framework of Train Symbol-Based Channel Estimation

For channel estimation, there have been a variety of algorithms with dissimilar optimization
criteria and levels of numerical complexity [59]. The most common train symbol-based channel
estimation algorithms are LMS, RLS, LS and MMSE. lterative channel estimation algorithms
LMS and RLS are suitable further down fast fading channels [58-59].But these algorithms are
commonly used for joint channel estimation and channel equalization our assumption are all
subcarriers are orthogonal. The representation of the diagonal matrix of training symbols for N
subcarriers are as follows.

X@©0) 0 0
x= 0 X 0 (3.1)
0 0 X(N-1)

Where [k] denotes a pilot tone at the Kth subcarrier, with

{[k]}=0and {[k]} =0:% k=0,1,2... N— 1. (3.2)
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By assumption all the subcarriers are orthogonal, X is a diagonal matrix. Representing the
channel gain by [k] for each subcarrier k, the train symbol of the received signal

[k] Can be represented in equation 3.2.

Y=HX+Z (3.3)
Where H is the channel vector given as H = [H(0), H(1), .......H(N — 1)]T and Z is noise
vector givenas Z = [Z(0),Z(1), ... ... ... ,Z(N — 1)]Twith E{Z(k)} = 0 andvar{Z(k)} =

02 k=01,..,N—1. (3.4)

The main objective of thesis is estimating the channel coefficient A using known pilot symbols.
It can be discussed on the most common pilot based channel estimation algorithms, LS, MMSE
in the following sections.

Y[0] H[0]

x[o] - 0 Z[0]

Y] £

= + (3.5)

viv—1 law—ull o xwv—1l lziv— 1)

3.3.1. Least Square Channel Estimation Algorithm
The goal of the channel least square estimator is to minimize the square error distance between the
received signal and the original signal. Denoting the channel estimate by H the Least Square

Channel estimation technique becomes the channel estimate by minimizing the following cost [60,
61].

—~ ~112
J(H) = Iy — x| (3.6)
~\H —~
(Y —XH) (Y —XxH) (3.7)
=yHy —YHXH — AHXHy + AxX"XH
In order to minimize we set the derivative of the function with respect to A zero, i.e.

AW = 2(xHYy+2(X"XH) = 0 (3.7)

Computing Equation 3.7 we get, X“XH = X"y and from this we get the solution to the LS

channel estimation as:

Hs=Xix"1ly =y (3.8)
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Denoting each component of the LS channel estimate A, ¢ byH,s[K], where K=0, 1........ N-1
based on the assumption of orthogonality i.e. ICI free mode, the Least square channel estimate
H, ¢ can be written for each sub carrier as the following equation:

Y[k]
X[K]

—

HLS[K] =

where K=0, 1,2 ...N-1 (3.9

After having H, ¢ the LS channel estimate, we can calculate the Mean Square Error (MSE) of the

LS channel estimation technique by

MSE,s = E{(H - Hy5)" (4 - Ays)) (3.10)
=E{(H - X")¥(H — X~1Y)}

E{(X12)H(X~1Z)} (3.11)

=E{ZH(XX")"1Z}

2

== (3.12)

O'ZX

As shown in Equation 3.8 the MSE of LS channel estimation is inversely proportional to Signal to
Noise Ratio (SNR) Zz—z it implies that it is subject to noise enhancement, especially when the
X

channel is in a deep null. Although LS technique has the above problem, as a result of mathematical

simplicity it has been widely used for channel estimation [60].

3.3.2. Minimum Mean Square Channel Estimation Technique
Take the Least Square solution in the Equation 3.9 A, = XY 2 { and using a weight matrix

W, define H 2 W H which corresponds to MMSE [60].
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Figure 3.2: Minimum Mean Square Error channel Estimation [60, 61-62]

From the Figure 3.2 we can see that MSE of the channel estimate H is given by

—~ ~112
J(#) = EQleN® = E{||n - A"} (3.13)
From this the MMSE channel estimation process finds a better estimate in terms of W in such a
way that the MSE in Equation 3.13 is minimized. The orthogonality principle states that the

estimation error vector e = H — H is orthogonal to H such that

E{ed"} = E{(H — H)H"} (3.14)
E{(H —wH)H"} (3.15)
= E{HHA"} - WE{HH"}

Ry —WRgg =0 (3.16)

Where Ry, is the cross correlation matrix of N x N matrices H andH (i.e.?Rygz = E[HH"]), and

H is the Least Square channel estimate given by
H=X'Y=H+X'Z (3.17)
Solving Equation 3.10 for W results

W = RygRag ! (3.18)



Where Rj5 is the auto correlation matrix of H given by

Rum = E{HH"} (3.19)
=E{X"lY(X~1)H}

E{(H+ X 12)(H + X 12)1} (3.20)
=E{HH" + X71ZH" + HZH (X "HH + X~1Z2ZH (X~ 1)H}

=E{HH"} + E{X~1ZZH(X"1)H}

E(HH"} + 21 (3.21)

And Ryg is the cross-correlation matrix between the true channel vector and temporary channel

estimate vector in the frequency domain. From the Equation 3.21, the MMSE channel estimate

solved as:
H=WH (3.22)
=RupRan H
2
Rung(Ryy + ;—il)"lH‘l (3.23)

The elements of R,z and Ryy in the above equation 3.20

Where:Ry,, = E{HHT} is the autocorrelation matrix of the

2
Channel, 8 = {|X|?}E {|1/Xk|} is a constant related to the chosen QAM constellation diagram

2
(for 16-QAM, £=17/9), the SNR is expressed as SNR = E{1X] }/52 and 62 denotes the
n
variance of noise E{|n,|?} The Mean Squared Error in case of MMSE is given in 3.24
—~ H —~
MSEyuse = (H - HMMSE) -(H - HMMSE) (3.24)

E{hy h"k',1'} = E{hy 1 h" o 1,} = 15[k — k']r [1 — 1'] (3.25)
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Where K and 1 denote the subcarrier frequency index and OFDM symbol time index, in that
order. In a practical system, the channel autocorrelation and SNR can be set to known factors at
the receiver in advance. The channel autocorrelation calculation and SNR estimation affect the
performance [61, 62]. Compared with the LS method, MMSE method this is improved but extra
complex because this must estimate the inverse of the channel estimation matrix therefore more
calculations. Additionally, MMSE algorithm requires knowledge of channel covariance and noise
variance, which are assumed to be known as a priori knowledge. The LS algorithm does not need

any knowledge about the channel autocorrelation [62].

3.3.3. LMS Based Channel Estimation

Reminder that the steepest-decent algorithm can be implemented only if the correlation
matrix and the cross-correlation vector are known. Although this can be achieved by
estimating through time averaging, this is a cumbersome procedure. In this way, the true
gradient is replaced with a so-called random process or noise gradient [62].Defines the so-
called LMS adaptive filter. Remark that the filter coefficients (also called filter weights)
are updated by adding a term to WKk[n] is proportional to the current error output e[k] and
to the delayed filter input X [k—n] [62, 63]

The LMS is a search algorithm in which an interpretation of the gradient vector
computation is made probable by appropriately modifying the objective function. The LMS
algorithm, as well as others related to it is widely used in various applications of adaptive
filtering due to its computational simplicity [63].

The block diagram of adaptive LMS algorithm is given below.

d[k]

ya .

k
Xk] —| Adaptive filter FR Wy In]  |Y1<

Figure 3.3: the block diagram of adaptive LMS algorithm is given below [62, 63].

— e[k]
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For a real-time implementation in total N+1 memory cells are needed for the filter weights,
. The block
processing delay of the (N) LMS adaptive filter is typically one sample. The LS algorithm

N cells for past inputs x[k—n], and about 4 cells for e[K], d[K], X[K], W, ...

does not need any knowledge about the channel autocorrelation [63].

3.3.4. RLS Based Channel Estimation

The Recursive Least Squares (RLS) adaptive filter is an alternative to the LMS algorithm.
It can be derived by minimizing the following deterministic cost function. The minimum
of the cost function is found by setting the gradient to zero. Given that a matrix inverse is
involved the required number of arithmetic operations rises with N3 [63]. The idea behind
the RLS adaptive filter is to compute the optimal weights Wi+1 starting from W rather than

computing from scratch.

Table 3.1: Computational complexity analysis [61, 64]

Algori Advantages Disadvantages Comments

thms

LMS Easier to Require Commonly used for
implement straining joint channel estimation
than RLS Sequence. And Equal.

RLS Always Requires Commonly used for
converges training joint channel estimation
faster than sequence, and Equalization.

LMS computationally
complex

LS Very easy Doesn’t Can be used for explicit
to correlate  with channel estimation
implement noise

MMS Fast Very high Can be used for explicit

E convergence Complexity i.e. channel estimation
than LS Requires matrix

Inversion.
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Since the objective of this thesis is for extracting the channel coefficients independently the

simulation concentrates on LS and MMSE channel algorithms only.

3.4. Channel Interpolation Techniques

The channel estimation based on comb type train symbol insertion, an interpolation
technique is necessary in order to estimate channel at data sub-carriers by using the channel
information at train symbol sub-carriers [62,63].train symbol data symbols are inserted at
a regularly Interval in actual block of data. According to the pilot allocation scheme the
train symbols can be inserted in the time or frequency domain to estimate the channels for
a particular time instant or subcarriers. However, the channels for data symbols are
unknown to the receiver except the train symbol channel estimates [63]. The interpolation

techniques are needed to estimate the channels between subcarriers or time slots.

3.4.1. Piecewise Constant Interpolation and Linear Interpolation

We call it piecewise constant interpolation (or nearest neighbor interpolation). It allocates
same train symbol values to near data subcarriers [64]. The optimal number of train symbols
for a given BER can be determined in advance for OFDM systems with numerical
evaluation as in [61, 64]. The channel estimation at the data subcarrier is obtained by
estimation of response of two end-to-end train symbol sub-channels. But the requirement
is linearity of transmitted functions of adjacent sub-channels. The linear interpolation is

shown as below:
H(k)y=H(mN; + 1) = (Hp(m +1) - Hp(m)) Nf + Hy(m),m=01...N, -1 (3.26)

In Equation 3.16 above, in the linear interpolation estimation only first two nearest data
points are interpolated this train symbol interpolated data points used estimate the channel

this very simple method [63].

3.4.2. Second-Order Interpolation
Second order interpolation is better than linear interpolation, where the channel estimation at the

data subcarrier is calculated by used linear combination of three adjacent train symbols [63].

40| Page



Theoretically, high order interpolation yields enhanced channel estimation because of using more
train symbols. And the channel estimation can be close to the true channel response. But
computation complexity is increased as increasing of order [63, 64]. The channel estimation of
second order interpolation is given by:

H(k)=H(mN; + 1) = c;H,(m — 1) + ¢coH,(m) + c_;H,(m1),m = 0,1, .....N, — 1
(3.27)

The coefficients are defined as

_a(a-1)
T2

C1 (3.28)

Where  Coe_(a— D(a+ 11, a = Nif

3.4.3. Cubic Spline Interpolation
The cubic spline interpolation method produces a smooth and continuous polynomial fitted
to given data points [63, 64]. The fundamental idea behind spline cubic interpolation is

based on draw smooth curves through a number of points [64], which is given by:

H(k) = H(mN; + 1) = ayH,(m + 1) + agH,(m) + Nya,H ,(m + 1) —
NragH',(m),m =0,1.....N, — 1 (3.29)

Where H'(m) is the first derivative of H(m) and

@ _3Wf-D? 2(Nf-D)?

Nf2 Nf3
a 3[2 le (3-30)
N N

Although cubic spline interpolation with higher order interpolation can be used for better

interpolation accuracy, the performance improvement is not obviously proven [64].

3.4.4. DFT-Based Interpolation
The DFT-based interpolation technique is the output of the Fourier transform of the channel

impulse response. The DFT-based interpolation effectively removes the effects of noise
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outside the maximum channel delay spread or the length of multipath channel. The
implementation of the DFT-based interpolation is also straightforward compared to the
linear or second-order interpolation, but the length of multipath channel must be known to
the receiver [64, 65]. DFT based interpolation technique individual requires FFT and IFFT
computation as well as the length of multipath, so it is a very common approach used in

channel estimation for OFDM systems [64].

3.4.5. MMSE Interpolation Technique

Compared to other interpolation techniques, MMSE interpolation can be the most real way
to estimate the channels between train symbols with the aid of statistical information [64].
The channels such as, the channel correlation and SNR have been additional computation
of the matrix inversion. However, it can be achieved an admirable performance as

compared to linear, second-order and DFT-based interpolation [65].

3.5. Blind Channel Estimation Techniques

Blind channel estimation technique method is provide a route for every individual symbol of
OFDM for channel estimation. In this algorithm complexity is the one of the maximized issue
introduced and their required the additional train symbol to complete a recovered phase. To cope
with this problem of complexity a modification is applied in maximum likelihood method
described in [65].

In maximum likelihood method to indecision the phase indistinctness in the adjacent subcarriers
different modulation schemes applied. Related to mutually the techniques, later you've high
complexity, which can increase since the constellation order increase. How much, load capacity is
reduced as the numbers of pilots are increased [65, 66]. As the train symbols are used for channel
estimation, by associating pilot sequence at the receiver side can be find the channel state. The
train symbols are transmitted with the payload symbol with time domain it cost and count as the

overhead in transmission system [67].

3.6. Semi-Blind Channel Estimation Techniques

Semi-Blind system require less computational complexity than blind methods and rarer
training symbols than training-based methods, making them attractive for practical

implementation [67]. Semi-blind algorithms can recover the performance of blind
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algorithms by exploiting the knowledge of both known symbols and possessions of the
transmitted signals. The objective of semi-blind channel estimation algorithm is to get
better performance than blind algorithms although requiring rarer known symbols than
training based channel estimation algorithms [68].

3.7. Selection Criteria of Channel Estimation Algorithms

For one estimation technique, there may exist several adaptive algorithms that could be
used to estimate the weight vector. The optimal of one algorithm over another is
strongminded by several issues which include [67, 68]:

Rate of convergence: - This is defined as the number of iterations required for the
algorithm, in response to stationary input, to converge to the optimum solution [67].
Computational complexity: - refers to the number of operations multiplications, divisions,
and additions/subtractions) required to update the filter from one time instant to the
subsequent [67].

Numerical properties:-The numerical accuracy and stability of the algorithm refers to
error minimization capability of the algorithm [67, 68].

Miss adjustment:-For an algorithm of interest, this parameter provides a quantitative
measure of the amount by which the final value of the MSE [68].

Analysis summary

Table 3.2 shows the complexity analysis of all estimators: After analysis the complexity
evaluation it can be established that LS estimator stretches the lowest complexity because
it consists of only one multiplication and one inverse operation and the MMSE estimator

gives the highest computational complexity [68].
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Table 3.2: Computational complexity analysis [67, 68]

Estimation scheme | Number of| Complexity Comments
operations
needed
LS estimator nn+1) Lowest Simple matrix multiplication and

inverse operation

MMSE estimator n?(2n + 3) Very High Large number of matrix

multiplications

LMS 2n+1 LOW Doesn’t require matrix inversion
RLS 4n? High More complex than LMS but easier
than MMSE
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Chapter Four: Result and Discussion

4.1: Channel estimation simulation diagram and channel model parameters

In this chapter, MATLAB results and discussions are based on the obtained results.

MATLAB-based plot is used to investigate the performances of different channel models

with different modulation order and comparison of LS and MMSE channel estimation

algorithms. In this thesis performance analysis of channel coefficients using LS and MMSE

algorithms in frequency selective channels and adjust the shifted phases using LMS

algorithm in flat fading channels. The simplified channel estimation simulation diagram of

OFDM system for different application of wireless network communication systems. In

Figure 4.1 below, the complete OFDM system model is very challenging. In the goal of

this analysis with complex simulation model with reduced complexity. From the below

simulation diagram figure 4.1 the entire system includes transmitter, channel and receiver

diagram.
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Figure 4.1: Channel estimation simulation diagram
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The transmitter simulation diagram includes source encoder, train symbol generator and
modulator, the input is encoded before train symbol insertion and modulation. Each
complex data-valued complex symbol is allocated to a data subcarrier location. Complex
symbols train symbols are generated and inserted at the kept train symbol subcarrier
location for channel estimation and channel interpolation tenacity. In this thesis block type

train symbol procedure is used and tested in %4, 1/8 and 1/16 the data of train symbol ratio.

Source: - Two data types are used for the MATLAB result namely a randomly generate bits
and an image files. Before encoding and modulation the image file is converted to data
using image to data converter MATLAB function. The channel:-The medium from
transmitter to receiver is expressed as multipath fading unknown channel. In this thesis we
consider frequency selective and flat fading channels further corrupted by an AWGN.
Channel estimation: in frequency selective channel using LS and MMSE algorithms
channel is estimated. Channel interpolation:-after channel estimation the channel factors

are interpolated at the data using interpolation techniques.

Table 4.1: Channel model parameters

Parameters Value used
Modulation/Demodulation QAM, 16QAM, 64QAM
Number of carriers 256

SNR 24dB

Channel model P1,PO,RAB, TUG,Rayleigh
Channel BW 8MHZ

4.2. Results and Analysis

The MATLAB results for different channel models and modulation using the above listed
parameters are given in the following section in the form of figures. The main purpose of
channel model is to extract the channel factor and knowing the performance and to use wireless

network communication systems.
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4.2.1. Performance comparison of different channel models
Performance Comparison of Different Channel Models for QAM, 16QAM, 64QAM constellation

Different Channel Models for QAM Modulation Different Channel Models for 16QAM Modulation
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Figure 4.2: Different Channel Model for QAM Figure 4.3: Different channel model for 16QAM

Different Channel Models for 64QAM Modulation
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Figure 4.4: Different Channel model for 64QAM
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From shown figure 4.2, 4.3, 4.4 that different channel models for different modulation order
for QAM, 16QAM, 64QAM respectively. Pl channel model which is the worst performance
between all 5 channels at QAM constellation points. PO channel model is good
performance at SNR of greater than 14dB for QAM constellation. The difference between
Pl and PO channel model are the length of the impulse response and the delay of output
path. Channel models TU6 and RAG6 are almost the same performance at all SNR levels for
QAM. Similar to the system with QAM, we have almost the same performance both in
Rayleigh and RAG6 channels. It could be concluded that improvement obtained from having
even one direct path to the receiver is much more effective than the distortions caused by
the Doppler shift. The channel model system with 64QAM in the absence of direct path,
using fixed receiver in TU6 channel is made the performance best among channels but still
worst performance at this SNR value. We conclude that increase the SNR value to
overcome the performance for TU6 channel model. Depending on channel characteristics,
results in each channel have a different speed in their improvement this can be seen in
difference of slopes. Smoother improvements in QAM, 16QAM, and 64QAM for different

channel models.

4.2.2. Channel estimation parameter for LS and MMSE

The parameters used for channel model MATLAB are summarized in Table 4.4 below. The
OFDM standard are presented in Chapter two. Besides the requirement of OFDM standard
before extraction of the channel factor. From the different performance comparison the
optimum values are selected for the implementation of channel model as listed in the table

below.
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Table 4.2: channel estimation parameters

Parameters Value used
Modulation/Demodulation QPSK
Modulation order 4

Input Format TS

Estimation algorithm LS and MMSE
Number of carriers 256

Pilot ratio 1/ of the data
Pilot arrangement Block type
SNR 15dB

Channel model TUG6

Number of channel taps 6,16

Channel interpolation cubic spline
Channel BW 8MHZ

LMS step size 0.01
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4.5. SNR VS BER performance comparison of LS and MMSE

SNR vs BER performance comparison of LS and MMSE
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Figure 4.5: BER vs SNR plot of LS and MMSE channel estimators for QPSK modulation
From figure 4.3 show that the LS estimator is higher BER than MMSE estimators at low
SNR value. the MMSE estimation techniques better than at LS estimator at lower SNR
value up to SNR 11 dB and the result shown that at crossing point both value are equal so,
we can both estimator at this point but after SNR 11dB LS estimator better BER value. The

MMSE complexity is higher due to the channel correlation and the matrix inversion lemma.
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4.5.2. Performance analysis of MMSE and LS channel estimation in different pilot size

SNR vs BER
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Figure 4.6: Performance comparison of LS and MMSE for different pilot sizes and CL

Table 4.3: Performance comparison of LS and MMSE

SN. LS=1/4CL=6 |LS=1/8CL=6 | LS=1/16 MMSE=1/4 | MMSE=1/8 | MMSE=1/
CL=16 CL=6 CL=6 16 CL=16

0 6.1 x 1071 9.95x 1071 1.00 6x10°° 1x107? 1x1072

4 1x 1072 5.5 x 1072 6.05x102 2.25x10 5x10* 1x10°

8 4x 107% 1x1073 1.15x10% 6x10° 7.15x10° 8.5x10*

12 7.5x 107° 3x1075 1.05x1072 2.25x10° 2.25x10° 7.5x10*

16 1.05 x 1077 7.5x 1077 1.05x107 1.5x10° 1.5x10° 7.5x10™

20 6.05 x 107° 1.05x 1078 1.05x107 1x10°® 1x10°® 7.5x10™

There is always trade-off between the bandwidth efficiency and channel estimation

accuracy regards the number of pilot symbols. The estimation becomes better when pilot

size increases at the expense of bandwidth. As we can see from Figure 4.4 above using

51| Page




MMSE algorithm we can achieve at lower SNR value the MMSE better performance but
for higher SNR value and channel length lower LS channel estimation better performance
and also channel length increase LS estimator poor BER value. Estimator becomes worst.in

this thesis work for extract the channel coefficients 1/8 of the data pilot is used.

Table 4.4: channel estimation parameters

Parameters Value used
Modulation/Demodulation QPSK
Modulation order 4

Input Format TS

Estimation algorithm LS and MMSE
IFFT/FFT size 1k

Number of carriers 256

Pilot ratio 1/8 of the data
Pilot arrangement Block type
SNR 15dB

Channel model TUG6

Number of channel taps 6

Cyclic prefix length 4

Channel interpolation cubic spline
Channel BW 8MHZ
Sampling Fre. 10000Hz

LMS step size 0.01

Source image size 450 x450 pixels
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4.6. Transmitted Original Image
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Figure 4.7: transmitted original image
In this work, two types of data are used to test the randomly generate bits and an image files.
Obtained from the simulation experiment. The comparison results, obtained by using AWGN
channel plus, flat and frequency selective channel are also included together with the main target
which is frequency selective channel. To transmit and testing the image file of Figure 4.7 by
considering the above table 4.4 parameter values and the image size taken to be 450x450 file is
converted to digital data so, after gray coding and QPSK modulation the resulting signal is passed

through AWGN and Frequency selective fading channels which results in the following results.
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4.7. Constellation Plot in Flat Fading channel

received constellation without estimationfdjusted constellation{with phase estimation)

*

2 * 1 2
5 * o 5 o
w 0 O & w Op + & O -
[ [
£ < . E <

2 * 1 -2

*
2 0 2 - I 2
ploting 519 coherence time, adjusted phase = -143 degree Tpan

with AVYGH and without estimation with AWYGH and with estimation

5 » 5 -»
5 ' o & e
o o
o 0 o o o O} 4% © o
[yu] [3s]
: ° @ | o

2 -2

» Py
2 a 2 -2 a 2
real part real part

Figure 4.8: received and estimated constellation plot
In flat fading channel since there is no ISI the phase shifted can be adjusted using channel
estimation. The Figure 4.8 above shows the received constellation is adjusted by 148 degree

using channel estimator.
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4.8. Constellation plot in frequency selective fading channel
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Figure 4.9: Constellation plot of MMSE equalizer at 15 dB SNR
Figure 4.9 show that, Red Cross are used to represent wrongly received bits while blue one is used
to represent correctly received bits. From the first figure it is shown that the BER performance
before equalization are 0.81 which means out of the transmitted 100 bits 81% is received wrongly.
The second constellation plot shows the equalized constellation plot after passing the received
constellation through MMSE equalizer. The training method used. In this plot the equalizer
weights are complex valued numbers in which blue lines are used to represent their real values
while magenta colored lines are used to represent the imaginary values of each equalizer weights.
Here it is shown that the original QPSK constellation are recovered successfully after passing the
QPSK demodulated signal through MMSE equalizer. Its BER performance is shown to be 0.00013
so, MMSE is does not support for high quality frame image transmission for wireless network
communication systems at SNR 15dB for this work. To reduce BER increase the SNR value more

than 15dB to overcome the performance of MMSE algorithm.
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Figure 4.10: Constellation plot of MMSE equalizer at 15 dB SNR
Figure 4.10 it is shown that the BER performance before equalization are 0.99 which means out
of the transmitted 100 bits 99% is received wrongly. The second constellation plot shows the
equalized constellation plot after passing the received constellation through LS equalizer. In this
plot the equalizer weights are complex valued numbers in which blue lines are used to represent
their real values while magenta colored lines are used to represent the imaginary values of each
equalizer weights. Here it is shown that the original QPSK constellation are recovered successfully
after passing the QPSK demodulated signal through LS equalizer. Its BER performance is shown
to be zero percent to reduce which are better for frame image transmission for high quality video

transmission for terrestrial wireless network communication systems.
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4.8.1. Received image comparison for MMSE and LS Channel estimation Algorithm

50 100 150 200 250 300 350 400 420 50 100 150 200 €0 300 F0 40 450

A) Received Image for MMSE B) Received image for LS

Figure 4.11: Received image comparison for MMSE and LS 15 dB
Figure A and B shows the images received MMSE and LS estimation respectively considering the

above table 4.4 parameter value. The received image are very erroneous and difficult to identify

4.8.2. Equalized image comparison for MMSE and LS Channel estimation Algorithm

50 100 150 200 250 300 350 400 450

A) Equalized Image for MMSE B) Equalized image for LS
Figure 4.12: Equalized image for MMSE and LS at 15dB
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Figure 4.12 A and B shows that equalized image for MMSE and LS after equalization
respectively. Considering the above table 4.4 parameter value. The equalized image for LS
is almost the same as the original transmitted image but MMSE does not show better
improvement but as the signal power increases a better performance improvement is

achieved.
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Chapter Five: Conclusion and Future Work

5.1. Conclusion

In this thesis, a review of pilot-based channel estimation techniques for wireless network
communication systems are given. Firstly, the general structure of channel estimation technique is
taken by inserting the train symbol at the OFDM subcarriers and also channel estimation
algorithms are revised. The MATLAB plot perform for QAM, 16QAM, and 64QAM
constellations for different ITU channel models such as in PIl, PO, RAG six path, Rayleigh and
TUG six path channel models. Transmission and response result is shown that by increasing the
number of constellation point, BER performance gets worse. It is caused by loss of orthogonality
of the OFDM subcarriers. Due to the fast varying multipath path fading channel conditions at high

data rates.

The performance of LS and MMSE are compared based on their channel length and pilot ratio
performance of LS and the MMSE estimators and computational complexity are compared. Based
on the performance analysis the MMSE estimator has better than LS estimator at the low SNR
value. MMSE estimator aches from high computational complexity due to this factor at the
expense of bandwidth low performance at higher SNR compared to LS estimator. The use of a
channel estimation techniques appears to play a significant role in clearing the raster in the received
picture by removing the noise and ISI in the received signal. From the simulation results, the LS
equalizer in frequency selective channel needs to recover corrupted image signal successfully.
Which is the BER performance is found to better performance at 15dB SNR, this BER performance
is sufficient for high quality frame image transmission for wireless terrestrial network
communication systems in TU6 path channel model.in the other hand MMSE channel estimator is
not good enough at 15dB for frame image transmission so, to overcome MMSE estimator is

increase SNR value more 15dB for this work.

5.2. Future Work

There are a few open areas for future works for wireless network communication for OFDM
systems, in this thesis the analysis is on train symbol-based channel estimation techniques, which
is bandwidth inefficient. Semi-blind channel estimation techniques can improve the band width
efficiency since it requires less train symbol length than non-blind techniques and have better
performance than totally blind channel estimation techniques. Therefore, performance of semi-
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blind channel estimator could be one area of future study. In this analysis, all channels is assumed
to be slow-fading. In a case of fast fading channels and channel fading coefficients vary within a
symbol assumption does not hold. Therefore, performance of channel estimator in fast fading
channel environments could be one area of future study. In this thesis all the train symbols are
assumed as orthogonally arranged which is appropriate for one dimensional channel estimators i.e.
frequency selectivity taken in this thesis time selectivity not considered. But two dimensional
(doubly selective) estimations techniques that can be implemented using basis expansion model
(BEM) and are more efficient one of the feature work.
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