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ABSTRACT

Orthogonal frequency division multiplexing (OFDM) provides an effective and low complexity
means of eliminating intersymbol interference for transmission over frequency selective fading
channels. This technique has received a lot of interest in mobile communication research as the
radio channel is usually frequency selective and time variant. In OFDM system, modulation may
be coherent or differential. Channel state information (CSI) is required for the OFDM receiver to
perform coherent detection or diversity combining, if multiple transmit and receive antennas are
deployed. In practice, CSI can be reliably estimated at the receiver by transmitting pilots along
with data symbols. Pilot symbol assisted channel estimation is especially attractive for wireless
links, where the channel is time-varying. When using differential modulation there is no need for
a channel estimate but its performance is inferior to coherent system.

In this thesis we investigate and compare various efficient pilot based channel estimation
schemes for OFDM systems. The channel estimation can be performed by either inserting pilot
tones into all subcarriers of OFDM symbols with a specific period or inserting pilot tones into
each OFDM symbol. In this present study, two major types of pilot arrangement such as block-
type and comb-type pilot have been focused employing Least Square Error (LSE) and Minimum
Mean Square Error (MMSE) channel estimators. Block type pilot sub-carriers is especially
suitable for slow-fading radio channels whereas comb type pilots provide better resistance to fast
fading channels. Also comb type pilot arrangement is sensitive to frequency selectivity when
comparing to block type arrangement. The channel estimation algorithm based on comb type
pilots is divided into pilot signal estimation and channel interpolation. The pilot signal estimation
is based on LSE and MMSE criteria, together with channel interpolation using linear
interpolation and spline cubic interpolation. The symbol error rate (SER) performances of

OFDM system for both block type and comb type pilot subcarriers are presented in the thesis.

iii
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1.1 INTRODUCTION

Radio transmission has allowed people to communicate without any physical connection for
more than hundred years. When Marconi managed to demonstrate a technique for wireless
telegraphy, more than a century ago, it was a major breakthrough and the start of a completely
new industry. May be one could not call it a mobile wireless system, but there was no wire!
Today, the progress in the semiconductor technology has made it possible, not to forgot

affordable, for millions of people to communicate on the move all around the world.

The Mobile Communication Systems are often categorized as different generations
depending on the services offered. The fist generation comprises the analog frequency division
multiple access (FDMA) systems such as the NMT and AMPS (Advanced Mobile Phone
Services) [1]. The second generation consists of the first digital mobile communication systems
such as the time division multiple access (TDMA) based GSM (Global System for Mobile
Communication), D-AMPS (Digital AMPS), PDC and code division multiple access (CDMA)
based systems such as IS-95. These systems mainly offer speech communication, but also data
communication limited to rather low transmission rates. The third generation started operations
on Ist October 2002 in Japan.

During the past few years, there has been an explosion in wireless technology. This
growth has opened a new dimension to future wireless communications whose ultimate goal is to
provide universal personal and multimedia communication without regard to mobility or location
with high data rates. To achieve such an objective, the next generation personal communication
networks will need to be support a wide range of services which will include high quality voice,
data, facsimile, still pictures and streaming video. These future services are likely to include

applications which require high transmission rates of several Mega bits per seconds (Mbps).

In the current and future mobile communications systems, data transmission at high bit
rates is essential for many services such as video, high quality audio and mobile integrated
service digital network. When the data is transmitted at high bit rates, over mobile radio
channels, the channel impulse response can extend over many symbol periods, which leads to
inter symbol interference (ISI). Orthogonal Frequency Division Multiplexing (OFDM) is one of
the promising candidate to mitigate the ISI. In an OFDM signal the bandwidth is divided into
many narrow subchannels which are transmitted in parallel. Each subchannel is typically chosen

narrow enough to eliminate the effect of delay spread. By combining OFDM with Turbo Coding



and antenna diversity, the link budget and dispersive-fading limitations of the cellular mobile

radio environment can be overcomed and the effects of co-channel interference can be reduced.
1.1.1 Digital Communication Systems

A digital communication system is often divided into several functional units as shown in Figure
1.1. The task of the source encoder is to represent the digital or analog information by bits in an
efficient way. The bits are then fed into the channel encoder, which adds bits in a structured way
to enable detection and correction of transmission errors. The bits from the encoder are grouped
and transformed to certain symbols, or waveforms by the modulator and waveforms are mixed
with a carrier to get a signal suitable to be transmitted through the channel. At the receiver the
reverse function takes place. The received signals are demodulated and soft or hard values of the
corresponding bits are passed to the decoder. The decoder analyzes the structure of received bit
pattern and tries to detect or correct errors. Finally, the corrected bits are fed to the source

decoder that is used to reconstruct the analog speech signal or digital data input.

This thesis deals with the three blocks to the right in Figure 1.1: the modulator, the
channel and the demodulator. The main question is how to design certain parts of the modulator
and demodulator to achieve efficient and robust transmission through a mobile wireless channel.
The wireless channel has some properties that make the design especially challenging: it
introduces time varying echoes and phase shifts as well as a time varying attenuation of the
amplitude (fade). This thesis focuses on the following parts in the modulator-demodulator chain.

Orthogonal Frequency Division Multiplexing (OFDM) has proven to be a modulation
technique well suited for high data rates on time dispersive channels [2]. There are some specific
requirements when designing wireless OFDM systems, for example, how to choose the
bandwidth of the sub-channels used for transmission and how to achieve reliable
synchronization. The latter is especially important in packet-based systems since synchronization
has to be achieved within a few symbols.

In order to achieve good performance the receiver has to know the impact of the channel.
The problem is how to extract this information in an efficient way. Conventionally, known
symbols are multiplexed into the data sequence in order to estimate the channel. From these

symbols, all channel attenuations are estimated with an interpolation filter.
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Figl.1: Functional Block in a Communication System

For mobile or wireless applications, the channel is often described as a set of independent

multipath components. The time varying impulse response can be described by [7]
M
h(t) =Y a,()5(z —7,(1)) 1.1
i=l1

Where a,(t) denotes the complex valued tap gain for path numberi,z,(¢) is the delay of tap 7 ,

and o is the Dirac delta function. Among the most important parameters when choosing the
modulation scheme are the delay and the expected received power for different delays. Large
delays for stronger paths mean that the interference between the different received signal parts
can severe, especially when the symbol rate is high so that the delay exceeds several symbols. In
that case one have to introduce an equalizer to mitigate the effects of intersymbol interference
(IST). Another alternative is to use many parallel channels so that the symbol time on each of the
channels is long. This means that only a small part of the symbol is affected by ISI and this is the
idea behind orthogonal frequency division multiplexing, OFDM.



1.1.2 Wireless Systems

Wireless Systems are operating in an environment which has some specific properties compared
to fixed wireline systems and these call for special design considerations. In a wired network,
there are no fast movements of terminals or reflection points and the channel parameters are
changing very slowly. In addition, time dispersion is less severe in a wired system, though it
might still be a hard problem due to high data rates. In a mobile system the terminals are moving
around, the received signal strength as well as the phase of the received signal, are changing
rapidly. Further, the signal transmitted over the radio channel is reflected by buildings and other
means of transportation on the ground, leading to different paths to the receiver, as shown in

Figure 1.2.

Recelvmg anténna

Fig. 1.2: Multipath Reception

If the length of the paths differ, the received signal will contain several delayed versions
of the transmitted signal according to the channel impulse response defined in Equation
(1.1).The delays make it necessary to use complex receiver structures. In a mobile wireless
system, the terminals are of course intended to be portable. This means that power consumption
is important since batteries sometimes will power the equipment. Therefore, low complexity and
low power consumption are properties that are even more desirable in wireless systems than in a

wired system.



1.1.3 Packet-Based Versus Circuit-Switched Systems

A wireless system can either be packet-based or circuit switched. In a packet based system the
information bits are grouped and transmitted in packets, and transmission occur only when there
is a need for communication. These systems are suitable for bursty traffic conditions, such as
data communication. In circuit switched systems, a physical or virtual connection is established
and occupied as long as communication proceeds. Circuit switched systems are well suited for
real time traffic when delay is a limiting factor. In packet based systems, the receiver has to
achieve synchronization in a very short time. It is hard to track channel variations between the
packets, and therefore fast acquisition algorithms are required. In circuit switched systems, the
receiver needs to enter in acquisition mode more seldom due to transmission over steady
channels, therefore requirements on fast acquisition can be loosened in these systems. In circuit
switched systems, we also require continuous channel tracking. Today there is a trend towards
more and more packet based systems due to increased data traffic. For example, both the third
generation mobile systems based on W-CDMA and the HiperLAN/2 system based on OFDM

use packet-based communication for data traffic.
1.1.4 Coherent Versus Non-Coherent Systems

In general, coherent systems result in better detection performance compared to differential
systems, but these require channel estimation in order to form time and phase references for the
decisions. Differential schemes on the other hand require no channel estimation, but there is a

performance loss compared to coherent detection.

In coherent schemes, the channel estimates are often achieved by multiplexing known, so
called, pilot symbols into the data sequence and this technique is called Pilot Symbol Assisted
Modulation (PSAM). PSAM was introduced by Moher and Lodge [3] and analyzed by Cavers
[4] for single carrier systems. The receiver observes the influence of the channel on the pilot
symbols and uses interpolation to get an estimate of the channel impact on data symbols. The
receiver then removes that impact in order to make decisions. The pilot symbols transmit no data
and therefore there is a small overhead causing a bandwidth expansion and an energy loss. Both

these looses depends on the pilot-to-data symbol ratio.



1.1.5 Third Generation Wireless Networks

The expansion of the use of digital networks has led to the need for the design of new higher
capacity communications networks. The demand for cellular-type systems in Europe is predicted
to be between 15 and 20 million users by the year 2000, and is already over 30 million (1995) in
the U.S. [1]. Wireless services have been growing at a rate greater than 50% per year [2], with
the current second generation European digital systems (GSM) being expected to be filled to
capacity by the early 2000s. The telecommunications industry is also changing, with a demand
for a greater range of services such as video conferencing, Internet services, and data networks,
and multimedia. This demand for higher capacity networks has led to the development of third

generation telecommunications systems.

One of the proposed third generation telecommunication systems is the Universal Mobile
Telecommunications System (UMTS), with the aim of providing more flexibility, higher
capacity, and a more tightly integrated service. Other systems around the world are being
developed, however many of these technologies are expected to be combined into the UMTS.

The World Wide Web (WWW) has become an important communications media, as its
use has increased dramatically over the last few years. This has resulted in an increased demand
for computer networking services. In order to satisfy this, telecommunications systems are now
being used for computer networking, Internet access and voice communications. A WWW
survey revealed that more than 60% of users access the Internet from residential locations, where
the bandwidth is often limited to 28.8 kbps. This restricts the use of the Internet, preventing the
use of real time audio and video capabilities. Higher speed services are available, such as
integrated-services digital network (ISDN). These provide data rates up to five times as fast, but
at a much increased access cost. This has led to the demand of a more integrated service,
providing faster data rates, and a more universal interface for a variety of services. The emphasis
has shifted away from providing a fixed voice service to providing a general data connection that
allows for a wide variety of applications, such as voice, Internet access, computer networking,
etc.

The increased reliance on computer networking and the Internet has resulted in an

increased demand for connectivity to be provided any where, any time, leading to an increase in

the demand for wireless systems. This demand has driven the need to develop new higher

capacity, high reliability wireless telecommunications systems. The development and



deployment of third generation telecommunication systems aim to overcome some of the
shortcomings of current wireless systems by providing a high capacity, integrated wireless
network. There are currently several third generation wireless standards, including IMTS-

CDMA, IMTS-TDD, IMTS-TF etc.
1.1.6 Evolution of Telecommunication Systems

Many mobile radio standards have been developed for wireless systems throughout the world,
with more standard likely to emerge. Most first generations systems were introduced in the mid
1980s, and can be characterized by the use of analog transmission techniques, and the use of
simple multiple access techniques such as Frequency Division Multiple Access (FDMA). First
generation telecommunications systems such as Advanced Mobile Phone Service (AMPS), only
provided voice communications. They also suffered from a low user capacity, and security

problems due to the simple radio interface used.

Second generation systems were introduced in the early 1990s, and all use digital
technology. This provided an increase in the user capacity of around three times [1]. This was
achieved by compressing the voice waveforms before transmission.

Third generation systems are an extension on the complexity of second generation
systems and are already introduced. The system capacity is expected to be increased to over ten
times original first generation systems. This is going to be achieved by using complex multiple
access techniques such as Code Division Multiple Access (CDMA), or an extension of TDMA,
and by improving flexibility of services available.

Figure 1.3 shows the evolution of current services and networks to the aim of combining
them into a unified third generation network. Many currently separate systems and services such
as radio paging, cordless telephony, satellite phones, private radio systems for companies etc,
will be combined so that all these services will be provided by third generation

telecommunications systems.
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1.1.7 Fourth Generation Wireless Systems

Although carriers are reluctant to discuss 4G, vendors are always mapping future of 4G systems.
It is still a decade away (at least), but 4G is already a big topic of discussion behind closed doors.
Main advantages of 4G are its spectrum optimization, network capacity and faster data rates,
however, carriers are still reluctant to discuss 4G, either because they refuse to take a public
position on it when 3G roll-outs still are unfulfilled, or because they are in denial. But carriers
soon will find that 4G is not going away. 3G systems are not enough for many services like data
transfer between wireless phones or multimedia. Equipment vendors are coming together to

speed the adoption of OFDM, which will be part of the 4G set of standards.

Orthogonal Frequency Division Multiplexing OFDM [2] is a multicarrier transmission
technique, many carriers, each one being modulated by a low rate data stream share the
transmission bandwidth. OFDM is similar to FDMA in that the multiple user access is achieved
by subdividing the available bandwidth into multiple channels, that are then allocated to users.
However, OFDM uses the spectrum much more efficiently by spacing the channels much closer
together. This is achieved by making all the carriers orthogonal to one another, preventing
interference between the closely spaced carriers.

In FDMA each user is typically allocated a single channel of certain bandwidth, which is
used to transmit all the user information. The allocated bandwidth is made wider than the
minimum amount required to prevent channels from interfering with one another. This extra
bandwidth is to allow for signals from neighboring channels to be filtered out, and to allow for
any drift in the center frequency of the transmitter or receiver. In a typical system, up to 50% of

the total spectrum is wasted due to the extra spacing between channels.



TDMA partly overcomes this problem by using wider bandwidth channels, which are
used by several users. Multiple users access the same channel by transmitting in their data in
time slots. Thus, many low data rate users can be combined together to transmit in a single
channel which has a sufficient bandwidth so that the spectrum can be used efficiently.

There are however, two main problems with TDMA. There is an overhead associated
with the change over between users due to time slotting on the channel. This limits the number of
users that can be sent efficiently in each channel. In addition, the symbol rate of each channel is
high (as the channel handles the information from multiple users) resulting in problems with
multipath delay spread.

OFDM overcomes most of the problems with both FDMA and TDMA. OFDM splits the
available bandwidth into many narrow band channels (typically 100-8000 Hz). The carriers for
each channel are made orthogonal to one another, allowing them to be spaced very close
together, with no overhead as in the FDMA example. Because of this there is no great need for
users to be time multiplexed as in TDMA, thus there is no overhead associated with switching
between users.

The orthogonality of the carriers means that each carrier has an integer number of cycles
over a symbol period. Due to this, the spectrum of each carrier has a null at the location of each
of the other carriers in the system. This results in no interference between the carriers, allowing
them to be as close as theoretically possible. This overcomes the problem of overhead carrier
spacing required in FDMA. Each carrier in an OFDM signal has a very narrow bandwidth
(i.e.1kHz), thus the resulting symbol rate is low. This results in the signal having a high tolerance
to multipath delay spread, as the delay spread must be very long to cause significant inter-symbol
interference (e.g. > 500 psec). We will discuss these aspects of OFDM system, in much detail, in

Chapter 2.
1.2 LITERATURE SURVEY

The first OFDM scheme was proposed by Chang [2] in 1966 for dispersive fading channels,
which has also undergone a dramatic evolution due to the efforts of [5]. Recently OFDM was
selected as the high performance local area network transmission technique. A method to reduce
the ISI is to increase the number of subcarriers by reducing the bandwidth of each subchannel
while keeping the total bandwidth constant .The ISI can instead be eliminated by adding a guard

interval at the cost of power loss and bandwidth expansion. These OFDM systems have been



employed in military applications since the 1960’s, for example by Bello [6], Zimmerman [7]
and others. The employment of discrete Fourier transform (DFT) to replace the banks of
sinusoidal generators and the demodulators was suggested by Weinstein and Ebert [5] in 1971,
which significantly reduces the implementational complexity of OFDM modems. Hirosaki [8§],
suggested an equalization algorithm in order to suppress both intersymbol and intersubcarrier
interference caused by the channel impulse response or timing and frequency errors. Simplified
model implementations were studied by Peled [9] in 1980. Cimini [6] and Kelet [10] published
analytical and early seminal experimental results on the performance of OFDM modems in

mobile communication channels.

Most recent advances in OFDM transmission were presented in the impressive state of art
collection of works edited by Fazel and Fettweis [11]. OFDM transmission over mobile
communications channels can alleviate the problem of multipath propagation. Recent research
efforts have focused on solving a set of inherent difficulties regarding OFDM, namely peak-to-
mean power ratio, time and frequency synchronization, and on mitigating the effects of the
frequency selective fading channels.

Channel estimation and equalization is an essential problem in OFDM system design.
Basic task of equalizer is to compensate the influences of the channel [3]. This compensation
requires, however, than an estimate of the channel response is available. Often the channel
frequency response or impulse response is derived from training sequence or pilot symbols, but it
is also possible to use nonpilot aided approaches like blind equalizer algorithms [12]. Channel
estimation is one of the fundamental issue of OFDM system design, without it non coherent
detection has to be used, which incurs performance loss of almost 3-4 dB compared to coherent
detection [13]. If coherent OFDM system is adopted, channel estimation becomes a requirement
and usually pilot tones are used for channel estimation.

A popular class of coherent demodulation for a wide class of digital modulation schemes
has been proposed by Moher and Lodge [14], and is known as Pilot Symbol Assisted
Modulation, PSAM. The main idea of PSAM channel estimation is to multiplex known data
streams with unknown data. Conventionally the receiver firstly obtain tentative channel estimates
at the positions of the pilot symbols by means of remodulation and than compute final channel
estimates by means of interpolation. Aghamohammadi [15] et al. and Cavers [16] were among
the first analyzing and optimizing PSAM given different interpolation filters. The main

disadvantage of this scheme is the slight increase of the bandwidth. One class of such pilot

10



symbol assisted estimation algorithms adopt an interpolation technique with fixed parameters
(two dimensional and one dimensional) to estimate the frequency domain channel impulse
response by using channel estimates obtained at the lattices assigned to the pilot tones. Linear,
Spline and Gaussian filters have all been studied [17].

Channel estimation using superimposed pilot sequences is also a completely new area,
idea for using superimposed pilot sequences has been proposed by various authors for different
applications.In [18], superimposed pilot sequences are used for time and frequency
synchronization. In [19], superimposed pilot sequences are introduced for the purpose of channel
estimation, and main idea here is to linearly add a known pilot sequence to the transmitted data
sequence and perform joint channel estimation and detection in the receiver.

In [20], expectation maximization (EM) algorithm was proposed, and in [21] EM
algorithm was applied on OFDM systems for efficient detection of transmitted data as well as for
estimating the channel impulse response. Here, maximum likelihood estimate of channel was
obtained by using channel statistics via the EM algorithm. In [22], performance of low
complexity estimators based on DFT has been analyzed. In [23], block and comb type pilot
arrangements have been analyzed.

There are some other techniques, proposed for channel estimation and calculation of
channel transfer function in OFDM systems. For example, the use of correlation based estimators
working in the time domain and channel estimation using singular value decomposition [24]. Its
basically based on pilot symbols but in order to reduce its complexity, statistical properties of the
channel are used in a different way. Basically the structure of OFDM allows a channel estimator
to use both time and frequency correlations, but particularly it is too complex. In [24], they
analyzed a class of block oriented channel estimators for OFDM, where only the frequency
correlation of the channel is used in estimation. Whatever, their level of performance, they
suggested that they may be improved with the addition of second filter using the time correlation.
In [25], they proposed a channel estimation algorithm based polynomial approximations of the
channel parameters both in time and frequency domains. This method exploits both the time and

frequency correlations of the channel parameters.

Use of the pilot symbols for channel estimation is basically an overhead of the system,
and it is desirable to keep the number of pilot symbols to a minimum. In [26], Julia proposed a
very good approach for OFDM symbol synchronization in which synchronization (correction of

frequency offsets) is achieved simply by using pilot carriers already inserted for channel
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estimation, so no extra burden is added in the system for the correction of frequency offsets.
Similarly in [27], it has been shown that the number of pilot symbols for a desired bit error rate
and Doppler frequency is highly dependant on the pilot patterns used, so by choosing a suitable
pilot pattern we can reduce the number of pilot symbols, but still retaining the same
performance. Most common pilot patterns used in literature are block and comb pilot
arrangements [23], [28]. Comb patterns perform much better than block patterns in fast varying

environments [23].
1.3 MOTIVATION

The focus of future fourth-generation (4G) mobile systems is on supporting high data rate
services and ensuring seamless provisioning of services across a multitude of wireless systems
and networks, for indoor to outdoor, from one interface to another, and from private to public

network infrastructure.

Higher data rates allow the deployment of multi-media applications which involve voice,
data, pictures, and video over the wireless networks. At this moment, the data rate envisioned for
4G networks is 1 GB/s for indoor and 100Mb/s for outdoor environments. High data rate means
the signal waveform is truly wideband, and the channel is frequency-selective from the
waveform perspective, that is, a large number of resolvable multipaths are present in the
environment. Orthogonal frequency division multiplexing (OFDM), which is a modulation
technique for multicarrier communication systems, is a promising candidate for 4G systems

since it 1s less susceptible to intersymbol interference introduced in the multipath environment.

It is not possible to make reliable data decisions unless a good channel estimate is
available. Thus, an accurate and efficient channel estimation procedure is necessary to coherently
demodulate the received data. As we mentioned earlier that although differential detection could
be used to detect the transmitted signal in the absence of channel estimates, it would result in
about 3-4dB loss [2] in signal to noise ratio compared to coherent detection. Moreover, as
opposed to former standards using OFDM modulation, the new standards rely on QAM
modulation and thus require channel estimation. Hence, the complexity of channel estimation is
of crucial importance, especially for time varying channels, where it has to be performed
periodically or even continuously. Several channel estimation techniques related with OFDM
systems have been proposed in literature [29]. Number of pilot symbols for a desired error rate

and Doppler frequency is highly dependent on how we transmit pilots [27] in OFDM systems.
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Rearrangement of pilot symbols, in some cases, can handle 10 times higher Doppler frequencies
alternatively reduce the needed pilot symbols the same amount, still retaining the same bit error

rate [27].
1.4 OBJECTIVE AND OUTLINE OF THESIS

In this work, channel estimation in OFDM systems is investigated. The main objective of this
thesis is to investigate the performance of channel estimation in OFDM systems and study

different patterns of pilot symbols which already have been proposed in literature.

The main objectives of this thesis are: (1) Investigate the effectiveness of Orthogonal
Frequency Division Multiplexing (OFDM) as a modulation technique for wireless radio
applications. Main factors affecting the performance of an OFDM system are multipath delay
spread and channel noise. The performance of OFDM is assessed using computer simulations
performed using Matlab. It was found that OFDM performs extremely well, providing a very
high tolerance to multipath delay spread and channel noise. (2) In pilot assisted channel
estimation, we study different pilot arrangements, and investigate how to select a suitable pilot

pattern for wireless OFDM transmission..

This thesis is organized as follows: In Chapter 2, characteristics of mobile radio channels
and the basics of OFDM are presented. In Chapter 3, the description of OFDM system (base
band) based on pilot estimation is given. In Chapter 4, an overview of different approaches of
channel estimation in OFDM systems is presented. We also discuss different channel estimation
and interpolation techniques in Chapter 4. Chapter 5 demonstrates Simulation Results and
Discussion of Basic OFDM System employing a single antenna under AWGN, a 2-ray static
multipath channel and rayleigh fading channel. Chapter 6 concludes the thesis and areas for

future work are also suggested.
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CHAPTER 2

CHARACTERISTICS OF
MO®BILE RADIO CHANNELS

AND BASICS OF OFDM



In this chapter the propagation characteristics of mobile radio channels and basics of OFDM are
presented. Radio channel is the link between the transmitter and the receiver that carries
information bearing signal in the form of electromagnetic waves. The radio channel is commonly
characterized by scatterers (local to the receiver) and reflectors (local to the transmitter). Small
scale fading, or simply fading, is used to describe the rapid fluctuations of the amplitude of a
radio signal over a short period of time or travel distance, so that large scale path loss effects
may be ignored. Characteristics of radio channel and a basic of OFDM such orthoganality

principle, use of IFFT and DFT in OFDM, history of OFDM etc are described in below.

2.1 PROPAGATION CHARACTERISTICS OF MOBILE RADIO
CHANNELS

In an ideal radio channel, the received signal would consist of only a single direct path signal,
which would be a perfect reconstruction of the transmitted signal. However, in a real channel the
signal is modified during transmission. The received signal consists of a combination of
attenuated, reflected, refracted, and diffracted replicas of the transmitted signal. On top of all
this, the channel adds noise to the signal and can cause a shift in the carrier frequency if either of
the transmitter or receiver is moving (Doppler Effect). Understanding of these effects on the
signal is important because the performance of a radio system is dependent on the radio channel

characteristics.

Attenuation

Attenuation is the drop in the signal power when transmitting from one point to another. It can be
caused by the transmission path length, obstructions in the signal path, and multipath effects.
Any objects which obstruct the line of sight of the signal from the transmitter to the receiver, can
cause attenuation. Shadowing of the signal can occur whenever there is an obstruction between
the transmitter and receiver. It is generally caused by buildings and hills, and is the most
important environmental attenuation factor. Shadowing is the most severe in heavily built up
areas, due to the shadowing from buildings. However, hills can cause a large problem due to the
large shadow they produce. Radio signals diffract off the boundaries of obstructions, thus
preventing total shadowing of the signals behind hills and buildings. However, the amount of
diffraction is dependent on the radio frequency used, with high frequencies scatter more than low

frequency signals. Thus high frequency signals, especially, Ultra High Frequencies (UHF) and
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microwave signals require line of sight for adequate signal strength, because these scatter too
much. To overcome the problem of shadowing, transmitters are usually elevated as high as
possible to minimize the number of obstructions.

Multipath Effects

Rayleigh Fading

In a radio link, the RF signal from the transmitter may be reflected from objects such as hills,
buildings, or vehicles. This gives rise to multiple transmission paths at the receiver. Figure 3.2
shows some of the possible ways in which multipath signals can occur. The relative phase of
multiple reflected signals can cause constructive or destructive interference at the receiver. This
is experienced over very short distances (typically at half wavelength distances), which is given
the term fast fading. These variations can vary from 10-30dB over a short distance. The Rayleigh
distribution is commonly used to describe the statistical time varying nature of the received

signal power. It describes the probability of the signal level being received due to fading.
Frequency Selective Fading

In any radio transmission, the channel spectral response is not flat. It has dips or fades in the
response due to reflections causing cancellation of certain frequencies at the receiver. Reflections
off near-by objects (e.g. ground, buildings, trees, etc) can lead to multipath signals of similar
signal power as the direct signal. This can result in deep nulls in the received signal power due to
destructive interference. For narrow bandwidth transmissions if the null in the frequency
response occurs at the transmission frequency then the entire signal can be lost. This can be
partly overcome in two ways. By transmitting a wide bandwidth signal or spread spectrum as in
the case of CDMA, any dips in the spectrum only result in a small loss of signal power, rather
than a complete loss. Another method is to split the transmission up into many carriers carrying

low rate data, as is done in a COFDM/OFDM
Delay Spread

The received radio signal from a transmitter consists of typically a direct signal plus signals
reflected off object such as buildings, mountains, and other structures. The reflected signals
arrive at a later time than the direct signal because of the extra path length, giving rise to a
slightly different arrival time of the transmitted pulse. The signal energy confined to a narrow

pulse is spreading over a longer time. Delay spread is a measure of how the signal power is
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spread over the time between the arrival of the first and last multipath signal seen by the receiver.
In a digital system, the delay spread can lead to inter-symbol interference. This is due to the
delayed multipath signal overlapping symbols that follows. This can cause significant errors in
high bit rate systems, especially when using time division multiplexing (TDMA). As the
transmitted bit rate is increased the amount inter symbol interference also increases. The effect

starts to become very significant when the delay spread is greater then 50% of the bit time.
2.2 INTRODUCTION TO OFDM

OFDM is simply defined as a form of multi-carrier modulation where the carrier spacing is
carefully selected so that each sub carrier is orthogonal to the other sub carriers. Two signals are
orthogonal if their dot product is zero. That is, if you take two signals multiply them together and
if their integral over an interval is zero, then two signals are orthogonal in that interval.
Orthogonality can be achieved by carefully selecting carrier spacing, such as letting the carrier
spacing be equal to the reciprocal of the useful symbol period. As the sub carriers are orthogonal,
the spectrum of each carrier has a null at the center frequency of each of the other carriers in the
system. This results in no interference between the carriers, allowing them to be spaced as close

as theoretically possible. Mathematically, suppose we have a set of signals y then

Jv,tw,=k for p=gq

=0 for p+#gq 2.1
Where v, and y, are pth and qth elements in the set. The signals are orthogonal if the

integral value is zero. where T is a symbol period. Since the carriers are orthogonal to each other
the nulls of one carrier coincides with the peak of another sub carrier. As a result it is possible to
extract the sub carrier of interest OFDM transmits a large number of narrowband subchannels.
The frequency range between carriers is carefully chosen in order to make them orthogonal one
another. In fact, the carriers are separated by an interval of 1/T, where T represents the duration
of an OFDM symbol. The frequency spectrum of an OFDM transmission is illustrated in Figure
2.1. Each sinc of the frequency spectrum, in the Fig 2.2 corresponds to a sinusoidal carrier
modulated by a rectangular waveform representing the information symbol. One could easily
notice that the frequency spectrum of one carrier exhibits zero-crossing at central frequencies

corresponding to all other carriers. At these frequencies, the intercarrier interference is
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eliminated, although the individual spectra of subcarriers overlap. It is well known, orthogonal
signals can be separated at the receiver by correlation techniques. The receiver acts as a bank of
demodulators, translating each carrier down to baseband, the resulting signal then being
integrated over a symbol period to recover the data. If the other carriers all beat down to
frequencies which, in the time domain means an integer number of cycles per symbol period (T),
then the integration process results in a zero contribution from all these carriers. The waveform
of some carriers in a OFDM transmission is illustrated in Fig 2.1. The figure indicates the
spectrum of carriers significantly over laps over the other carrier. This is contrary to the
traditional FDM technique in which a guard band is provided between each carrier. From the
figures illustrated, it is clear that OFDM is a highly efficient system and hence is often regarded
as the optimal version of multi-carrier transmission schemes. The number of sub channels

transmitted is fairly arbitrary with certain broad constraints, but in practical systems, subchannels

Tone

R
Fig 2.1: Spectrum of Orthogonal carriers  Fig. 2.2: Time domain representation of

Orthogonal carriers

tend to be extremely numerous and close to each other. For example the number of carriers in
802.11 wireless LAN is 48 while for Digital Video Broadcast (DVB) it is as high as 6000 sub-
carriers. If we consider a single OFDM carrier, we can model the transmitted pulse as a sinusoid

multiplied by a RECT function. In the frequency domain, the resulting spectrum has a sin(x)
X

shape centered at the carrier frequency as shown in the Figure 2.3.
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Fig. 2.3 A Single carrier of OFDM

It is worth mentioning here that relative to single carrier Modulation technique (SCM),
the OFDM carriers occupy a significant amount of bandwidth of the spectrum relative to the
symbol rate. This characteristic is not a problem given that the carriers overlap significantly. The
slow sin (x)/x roll off, which implies a wider carrier bandwidth is only an issue at the edge of the
channel spectrum. Standards like 802.11a, allow the RECT pulse to be modified such that the
rising and falling edges are softer (Raised cosine) at the edge of their assigned spectrum. This
helps constrain the spectrum without affecting data transmissions OFDM offers several
advantages over single carrier system like better multipath effect immunity, simpler channel
equalization and relaxed timing acquisition constraints. But it is more susceptible to local
frequency offset and radio front-end nonlinearities. The frequencies used in OFDM system are
orthogonal. Neighboring frequencies with overlapping spectrum can therefore be used. This
results in efficient usage of BW. The OFDM is therefore able to provide higher data rate for the
same BW introduced between the different carriers and in the frequency domain, which results in
a lowering of spectrum efficiency.

Moreover, to eliminate the banks of subcarrier oscillators and coherent demodulators
required by frequency-division multiplex, completely digital implementations could be built
around special-purpose hardware performing the fast Fourier transform (FFT), which is an

efficient implementation of the DFT. Recent advances in very-large-scale integration (VLSI)
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technology make high-speed, large-size FFT chips commercially affordable. Using this method,
both transmitter and receiver are implemented using efficient FFT techniques that reduce the
number of operations from N> in DFT down to NlogN . In the 1980s, OFDM was studied for
high-speed modems, digital mobile communications, and high-density recording. One of the
systems realized the OFDM techniques for multiplexed QAM using DFT and by using pilot tone,
stabilizing carrier and clock frequency control and implementing trellis coding are also
implemented. Moreover, various-speed modems were developed for telephone networks.

In the more conventional approach the traffic data is applied directly to the modulator

with a carrier frequency at the center of the transmission band f, f,.....f\, ,l.e., at
(fy. +f,)/2 and the modulated signal occupies the entire bandwidth W. When the data is

applied sequentially the effect of a deep fade in a mobile channel is to cause burst errors. Figure

2.4 shows the serial transmission of symbols  §,,S,,.......,S,_,, while the solid shaded block

indicates the position of the error burst which affects only £ < N symbols.

Fading channel S,.S,,5, \ﬁ;

K Symbols lost

Symbols slightly affected

N Parallel Transmission

(N-1)/ys
Me— symbol duration .

Fig 2.4: Effect of a fade on serial and parallel systems

By contrast, during the N-symbol period of the conventional serial system, each OFDM
modulator carriers only one symbol, and the error burst causes sever signal degradation of the
duration of k-serial symbols. This degradation is shown crosshatched. However, if the error burst

is only a small fraction of the symbol period than each of the OFDM symbols may only be
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slightly affected by the fade and they can still be correctly demodulated. Thus while the serial

system exhibits an error burst, no errors or few errors may occur using the OFDM approach.

A further advantage of OFDM is that because the symbol period has been increased, the
channel delay spread is significantly a shorter fraction of a symbol period than in the serial

system, potentially rendering the system less sensitive to ISI than the conventional serial system.
2.3 BRIEF HISTORY OF OFDM

The concept of using parallel data transmission by means of frequency division multiplexing
(FDM) was published in mid 60’s by Fazel & Fettwis [30],. Some early developers can be traced
back in the 50’s a U.S. patent was filled and issued in January, 1970. The idea was to use parallel
data streams and FDM with overlapping subchannels to avoid the use of high speed equalization,
and to combat impulsive noise, and multipath distortion as well as to fully use the available
bandwidth. The initial applications were in the military communications. In the
telecommunications field, the term of discrete Multitone, multi-channel modulation and multi-
carrier modulation (MCM) are widely used and sometimes they are interchangeable with OFDM.
In OFDM, each carrier is orthogonal to all other carriers. However, this condition is not always

maintained in MCM. OFDM is an optimum version of multi carrier transmission schemes.

For a large number of subchannels, the arrays of sinusoidal generators and coherent
demodulator require in parallel system become unreasonably expensive and complex. The
receiver needs precise phasing of the demodulator carriers and sampling times in order to keep
crosstalk between subchannels acceptable. Weinstein and Ebert [5] applied the discrete Fourier
transform to parallel data as part of modulation and demodulation process. But the problem with
FFT is that here we can use only limited frequencies, which are the integral multiples of 1/T,
where T is the symbol time period. In the 1980°s, OFDM was studied for high-speed modem:s,
digital mobile communications [9] and high density recording. One of the systems used a pilot
tone [31] for stabilizing carrier and clock frequency control and trellis coding was implemented.
In 1990°s, OFDM was exploited for wideband data communications over mobile radio FM
channels, high bit-rate digital subscriber line, asymmetric digital subscriber line, very high speed

digital subscriber lines, digital audio broadcasting (DAB) and HDTYV terrestrial broadcasting.
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2.4 GENERATION OF OFDM SYMBOLS

A baseband OFDM symbol can be generated in the digital domain before, modulating on
a carrier for transmission. To generate a baseband OFDM symbol, a serial digitized data stream
is first modulated using common modulation schemes such as he phase shift keying (PSK) or
quadrature amplitude modulation (QAM). These data symbols are then converted to parallel
streams before modulating subcarriers. Subcarriers are sampled with sampling rate N /T, where N
is the number of subcarriers and 7 is the OFDM symbol duration. The frequency separation
between two adjacent subcarriers is 27/ N . Finally, samples on each subcarrier are summed
together to form an OFDM sample. An OFDM symbol generated by an N-subcarrier OFDM
system consists of N samples and the m-th sample of an OFDM symbol is given by

2 7mn

N
X,=).X,e ¥ 0<m<N-1 22

Where X, is the transmitted data symbol on the nth carrier. Equation (2.2) is equivalent to the

N-point inverse discrete Fourier transform (IDFT) operation on the data sequence with the
omission of a scaling factor. It is well known that IDFT can be implemented efficiently using
inverse fast Fourier transform (IFFT). Therefore, in practice, the IFFT is performed on the data
sequence at an OFDM transmitter for baseband modulation and the FFT is performed at an
OFDM receiver for baseband demodulation. Size of FFT and IFFT is N, which is equal to the
number of sub channels available for transmission, but all of the channels needs to be active. The

sub-channel bandwidth is given by

=l _ fsamp 23

sc T N
Where f

samp

the sample rate and Ts is is the symbol time.

Finally, a baseband OFDM symbol is modulated by a carrier to become a bandpass signal
and transmitted to the receiver. In the frequency domain, this corresponds to translating all the

subcarriers from baseband to the carrier frequency simultaneously.
2.5 INTERSYMBOL AND INTERCARRIER INTERFERENCE

In a multipath environment, a transmitted symbol takes different times to reach the receiver

through different propagation paths. From the receivers point of view, the channel introduces
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time dispersion in which the duration of the received symbol is stretched. Extending the symbol
duration causes the current received symbol to overlap previous received symbols and results in
intersymbol interference (ISI) [7]. In OFDM, ISI usually refers to interference of an OFDM
symbol by previous OFDM symbols.

In OFDM, the spectra of subcarriers overlap but remain orthogonal to each other. This
means that at the maximum of each sub-carrier spectrum, all the spectra of other subcarriers are
zero [23]. The receiver samples data symbols on individual sub-carriers at the maximum points
and demodulates them free from any interference from the other subcarriers. Interference caused

by data symbols on adjacent sub-carriers is referred to intercarrier interference (ICI).

The orthogonality of subcarriers can be viewed in either the time domain or in frequency
domain. From the time domain perspective, each subcarrier is a sinusoid with an integer number
of cycles within one FFT interval. From the frequency domain perspective, this corresponds to
each subcarrier having the maximum value at its own center frequency and zero at the center
frequency of each of the other subcarriers. Figure 2.5 shows the spectra of four subcarriers in the
frequency domain for the orthogonality case. The orthogonality of a subcarrier with respect to
other subcarriers is lost if the subcarrier has nonzero spectral value at other subcarrier
frequencies. From the time domain perspective, the corresponding sinusoid no longer has an
integer number of cycles within the FFT interval. Figure 2.6 shows the spectra of four
subcarriers in the frequency domain when orthogonality is lost. ICI occurs when the multipath
channel varies over one OFDM symbol time. When this happens, the Doppler shift on each
multipath component causes a frequency offset on the subcarriers, resulting in the loss of
orthogonality among them. This situation can be viewed from the time domain perspective, in
which the integer number of cycles for each subcarrier within the FFT interval of the current
symbol is no longer maintained due to the phase transition introduced by the previous symbol.
Finally, any offset between the subcarrier frequencies of the transmitter and receiver also

introduces ICI to an OFDM symbol
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Fig 2.5: Spectra of four orthogonal subcarriers
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Fig 2.6: Spectra of four non-orthogonal subcarrier

2.6 GUARD TIME INSERTION

One of the most important properties of OFDM transmissions is its high level of robustness
against multipath delay spread. This is a result of the long symbol period used, which minimizes
the inter-symbol interference. The level of multipath robustness can be further increased by the
addition of a guard period between transmitted symbols. The guard period allows time for
multipath signals from the pervious symbol to die away before the information from the current
symbol is gathered. The most effective guard period to use is a cyclic extension of the symbol. If
a mirror in time, of the end of the symbol waveform is put at the start of the symbol as the guard
period, this effectively extends the length of the symbol, while maintaining the orthogonality of

the waveform. Using this cyclic extended symbol the samples required for performing the FFT

23



(to decode the symbol), can be taken anywhere over the length of the symbol. This provides
multipath immunity as well as symbol time synchronization tolerance. As long as the multipath
delay echoes stay within the guard period duration, there is strictly no limitation regarding the
signal level of the echoes: they may even exceed the signal level of the shorter path! The signal
energy from all paths just add at the input to the receiver, and since the FFT is energy
conservative, the whole available power feeds the decoder. If the delay spread is longer then the
guard interval then they begin to cause inter-symbol interference. However, provided the echoes
are sufficiently small they do not cause significant problems. This is true most of the time as
multipath echoes delayed longer than the guard period will have been reflected of very distant

objects.

24



CHAPTER 3

SYSTEM DESCRIPTION



In this chapter fully description of OFDM system is given. The whole description of the system

1s based on discrete domain.
DESCRIPTION OF BASE BAND OFDM SYSTEM

The OFDM system based on pilot channel estimation is given in Figure 3.1.

X(k) x(n) x(n)
S‘i:;izy Signal » Pilot < > Guard >
»| mapeer S/P »| insertion »| IDFT || Interval > p/s
> > »| insertion ;
v h(n)
channel
W(n) v
AWGN +
Y(K) Y(n) Y«(n)
Blélafy Signal <+—| Channel | <—| Guard <+
ata demapeer ps |3 Estimation |« DFT |4 Interval | & | S/ |q
<« < < <« removal |

Fig. 3.1: Baseband OFDM system

The binary information is first grouped and mapped ac-cording to the modulation in “signal
mapeer”. After inserting pilots either to all sub-carriers with a specific period or uniformly
between the information data sequence, IDFT block is used to transform the data sequence of

length into time domain signal with the following equation

x(n) = IDFT{X (k)} n=012..N-1
N-1

— ZX(k)ej(Zﬂkn/N) 31

k=0
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Where N is the DFT length. Following IDFT block, guard time, which is chosen to be larger
than the expected delay spread, is inserted to prevent inter-symbol interference.
This guard time includes the cyclically extended part of OFDM symbol in order to

eliminate inter-carrier interference (ICI). The resultant OFDM symbol is given as follows:

xr(n)=x(N +n), n=-Ng—Nz+1,......,—1
= x(n) n=0,1,..N-1 32

where N, is the length of the guard interval

— T

Cyclic
Prefix

» Time

Fig 3.2 OFDM symbols with cyclic

The transmitted signalx,(n) will pass through the frequency selective time varying fading

channel with additive noise. The received signal is given by:

yr(n) = xr(n) ® h(n) +w(n) 3.3

where w(n) 1s Additive White Gaussian Noise (AWGN) and/(n) is the channel impulse

response. The channel response can be represented by [32]:

r—1
h(n)zzhie"(“/N)-f"”"&(/I—ri) 0<n<N-1 3.4
i=0

where r is the total number of propagation paths, 4, is the complex impulse response of the ith
path, f, is the ith path Doppler frequency shift, 4 is delay spread index, T is the sample
period and 7, is the i th path delay normalized by the sampling time. At the receiver, after passing

to discrete domain through A/D and low pass filter, guard time is removed:

26



yr(n) for (-N.<n<N-1)

y(n) = yr(n+ Ng) n=01,..N-1 35

Then y(n)is sent to DFT block for the following operation:

Y(k)= DFT{y(n)} k=0,1,2...N—1
1 N-1

=— n)e
N & y(n)

- j(2akn/ N) 3.6

Assuming there is no ISI, [33] shows the relation of the resultingY(k) to H(k) = DFT{h(n)},
and W (k) = DFT{w(n)}, with the following equation:

Y(k) = X (k)H (k) + W (k) 3.7

Following DFT block, the pilot signals are extracted and the estimated channel / (k) for the data

sub-channels is obtained in channel estimation block. Then the transmitted data is estimated by:

o _ Y(k)
X=——— - —
) k=0,1....N -1 3.8
Then the binary information data is obtained back in “signal demapeer” block. Based on

principle of OFDM transmission scheme, it is easy to assign the pilot both in time domain and in

frequency domain.
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CHAPTER 4

CHANNEL ESTIMATION

IN OFDM SYSTEMS



INTRODUCTION

A wideband radio channel is normally frequency selective and time variant. For an OFDM
mobile communication system, the channel transfer function at different subcarriers appears
unequal in both frequency and time domains. Therefore, a dynamic estimation of the channel is
necessary. Pilot-based approaches are widely used to estimate the channel properties and correct

the received signal. In this chapter we have investigated two types of pilot arrangements.
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Fig. 4.1: Block type pilot arrangement Fig. 4.2 : Comb type pilot arrangement

The first kind of pilot arrangement shown in Figure 4.1 is denoted as block-type pilot
arrangement. The pilot signal assigned to a particular OFDM block, which is sent periodically in
time-domain. This type of pilot arrangement is especially suitable for slow-fading radio
channels. Because the training block contains all pilots, channel interpolation in frequency
domain is not required. Therefore, this type of pilot arrangement is relatively insensitive to
frequency selectivity. The second kind of pilot arrangement shown in Figure 4.2 is denoted as
comb-type pilot arrangement. The pilot arrangements are uniformly distributed within each
OFDM block. Assuming that the payloads of pilot arrangements are the same, the comb-type
pilot arrangement has a higher re-transmission rate. Thus the comb-type pilot arrangement
system is provides better resistance to fast-fading channels. Since only some sub-carriers contain
the pilot signal, the channel response of non-pilot sub-carriers will be estimated by interpolating
neighboring pilot sub-channels. Thus the comb-type pilot arrangement is sensitive to frequency

selectivity when comparing to the block-type pilot arrangement system.
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4.1 CHANNEL ESTIMATION BASED ON BLOCK-TYPE
PILOT ARRANGEMENT

In block-type pilot based channel estimation, OFDM channel estimation symbols are transmitted

periodically, in which all sub-carriers are used as pilots. If the channel is constant during the

block, there will be no channel estimation error since the pilots are sent at all carriers. The

estimation can be performed by using either LSE or MMSE [23], [34].

If inter symbol interference is eliminated by the guard interval, we write (3.7) in matrix

notation:

Where

Y=XFh+W
= XH+W

X = diag {X (0), X (1),.... X (N -1)

Y =[Y (0), 7Y (1),... Y (N -1)"

W o= [W (0), W (1),... w (N -1)]"

H =[H (0), H (1)... H(N -1)]" = DFT
WL w

Fo= : ' :
WN(N—I)O WN(N—I)(N—I)

WNnk — l_e—/‘Zﬂ(n/N)k

4.1.1 Minimum Mean Square Error (MMSE) Estimation:

MSE (mean square error)

J(e)=E[(H - H)*]

= E[(H - H)"(H - H)]

Here H = MY where M is a linear estimator.

4.1

v ik

4.2

4.3

Invoking the well-known orthogonality principle in order to minimize the mean square error

vector e=H —H has to be set orthogonal by the MMSE equalizer to the estimators input vector

Y.

That is E[(H -H)Y*]1=0
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= E[HY "]-ME[YY*]=0
= E[FhY *]-ME[YY"]=0

If the time domain channel vector /2 1s Gaussian and uncorrelated with the channel noise W, then

4.5
FR ,, = MR ,,
Where R,, = E[hY"] and R,, = E[YY™]
R,, = E[hY " 1= E[h(XFh +w) ]
R, =R, F"X"
because of E[Aw™]=0 i.e. his uncorrelated with w.
R,, = E[YY" ]| = E[(XFh +w)(XFh+w)"]
And
R, = XFR, F* X" +o°I, 4.6
where o is the variance of noise.
M = FR , R, 4.7
H = FR,, R;Y 4.8
The time domain MMSE estimate of / is given by
A -1
hyuse = Ry Ry Y 4.9
4.1.2 Least Square Error (LSE) Estimation:
We have to minimize
J =Y - XH) (Y - XH ) 4.10
=(Y"-H"X*\Y - XH)
=Y"Y-Y"XH -H*X"Y+H* X" XH 4.11
For minimization of J we have to differentiate J with respect to H
oJ
— =0 4.12
oH |,
That is

Y X 2B X* X =0
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S Y X =H"X"X

ST X)X X)) =Y (XY XXX

=YY XX (X" =H"

=YX =H"

= H=[(x")")"Y

S H=[(X")"T"Y=x"Y

= H = XxX"'Y 4.13
The time domain LS estimate of % is given by

h=F*XY 4.14

4.2 CHANNEL ESTIMATION BASED ON COMB-TYPE
PILOT ARRANGEMENT:
In comb-type based channel estimation, the n, pilot signal are uniformly inserted into X(k)
according to following equation:
X(k)y=X(mL+1)
=X, (k) 1=0
= {inf data  1=1,....L—1 4.15

Where L =number of carriers/n ,

Suppose that the frequency-selective channels remain invariant over an OFDM block, and length

of the cyclic prefix exceeds the channel order. After demodulation the demodulation, the

received signal on the nth subcarrier corresponding to pilot symbols can be written as

Ykl =&, HOX(n)+ w(k) , ke3, 4.16

Where 3, denotes the set of subcarriers on which the pilot symbols are transmitted, &, is the

transmitted power per pilot symbol, H (k) is the channel frequency response on kth carrier

X(k),ke3,,

(AWGN) with zero-mean and variance N, /2

The received samples corresponding to information symbols can be expressed as
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Y[K] =/, H(K)X (k) +w(k), k e T, 4.17
Where ¢, the transmitted power per information is symbol, and J_ denotes the set of subcarriers

on which the information symbols are transmitted. Suppose that the total number of subcarrier is

SS

N, and set of 3, is‘SP‘zP. For simplicity, we assume that the size of 3, is =N-P,
although it is possible that |Sb| < N — P, when null subcarriers are inserted for spectrum shaping

.Selecting information symbols from M-PSK constellation, we have also that |X (k)| =1LVke3,.

The frequency-selective channel is assumed to be Rayleigh-fading, with channel impulse
response 4 :=[h(0),........... ,h(L—1)]" where L denoting the number of taps; i.e. (), VI e[ 0, L
-1], are uncorrelated complex Gaussian random variables with zero-mean. Channels are
normalized so that Z;af (/) =1.Define the LxN matrix [F],, =exp(j27z( -1)(k-1)/N,
and let f of F.Then H(k)= f”h, is a complex Gaussian variable with zero-mean and unit
variance. The average signal-to-noise ratio (SNR) per pilot (information) symbol is ¢,/ N,
(&,/N,). The AWGN variables w(k) are assumed to be uncorrelated, Vk .

Suppose that the set of pilot subcarrier is given by 3J, ={k;}”,. Letting

H, =[H(k)),.... ,H(kp)]r contains frequency response on pilot subcarriers, and

defining £, = [f; ... , fkp], we can relate the fast Fourier transform (FFT) pair via:

H,=F ;’h. Let the Px1 vector ¥ =[Y(k),......Y (k, )]" consist of the received pilot samples

per block, and define X, :=[X(k,),.....X(k,)]", and w:=[w(k)).......... ,w(k,)]" From (4.16)
we have
Y=\¢,D(X,)H, +w= e, D(X F'h+w 4.18

Given X, and Y, we wish to estimate h based on (4.18). While it may be possible to use pilot

samples from different OFDM blocks to estimate the channel. We will rely on pilots from only
one block to estimate the channel on a per block basis. This is particularly suitable for packet

data transmission, where the receiver may receive different blocks with unknown delays.
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4.2.1 Minimum Mean Square Error (MMSE) Estimation:

With knowledge of channel statistics channel estimation in MMSE [35] way can be written as

I # p-1
h=R}R.y 4.19
Where R, =E[yy"]1=¢,D(X,)F)R,,F,D" (X )+ N,

R, = E[yh"]=¢,D(X ,)F'R,,
And R, = E[hh*]=diag(c} (0),......,o, (L —1))
The channel estimator is given bye=h— h, which is Gaussian distributed with zero-mean, and

covariance  R_:=E[e€”]=(R,, +¢&,F,F)/N,)" whereo,(/)#0,vl/, so that R, |is

invertible. The estimated channel frequency response on nth carrier can be obtained as:-

H(k)= f¥h=H(k)-e(k), where e(k):=f*e with e(k)~ CN(0,62,), and

2 . #H
Ge(k) = fk Refk :

The estimator A (k) is Gaussian distributed with zero mean .Since the ortogonality principle
renders € uncorrelated with /4, e (k) and H (k) are uncorrelated.
4.2.2 Least Square Error (LSE) Estimation:
If we define G:=(¢,F,D" (X ,)D(X,)F])" (\/g D(X ,)F)¥, then the least-square error (LSE)
estimate of channel impulse response is given by[35]

h=Gy=h+n 4.20
Wheren =Gw.
Using the fact that D (X ,)D(X ) =1, it follows readily that n~ CN (0,(F,F))"'N,/¢,)
The estimated channel frequency response on the kth subcarrier can be obtained as

H(k) = fFh=H(k)+v(k) 4.21

Where v(n) ~ CN (0, o)) with o, = 7 (F,F/)" fiN, /¢,
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4.2.3 Channel Estimation Based On

Interpolation Techniques:

Without going back to time domain channel frequency response for each subcarrier can be found
by using interpolation techniques. In comb-type pilot based channel estimation, an efficient
interpolation technique is necessary in order to estimate channel at data sub-carriers by using

channel information at pilot sub-carriers.

Channel transfer function at pilot sub-carriers estimated from (4.16) in LSE sense. The

estimated transfer function at pilot frequencies will be

Y(k)

Ve, X, ()

H (k)= for ke3, 422

4.2.3.1 Linear Interpolation:
In the linear interpolation algorithm, two successive pilot sub-carriers are used to determine the
channel response for data sub-carriers that are located in between the pilots. The channel

estimation at data-carriersk , mL < k < (m+1)L, is given by:
H(n)=H ,(n)
=H,(mL+I]) O0<I<L

=(H,(m+1)-H, (m))%+ H,(m) 423

4.2.3.2 Spline and Cubic Interpolation:

Spline and Cubic interpolations are done by using “interpl” function of MATLAB. Spline and
Cubic interpolations produce a smooth and continuous polynomial fitted to given data points.

Spline interpolations works better than linear interpolation for comb pilot arrangement.
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RESULTS
AND

DISCUSSION



An OFDM system is modeled using Matlab to allow various parameters of the system to be

varied and tested. The aim of doing the simulations is to measure the performance of OFDM

system under different channel conditions, and to allow for different OFDM configurations to be

tested.

5.1 OFDM MODEL USED IN SIMULATIONS
An OFDM system model used is shown in Figure 5.1.

OFDM Transmitter
Random Serial Coherent Parallel Guard
Data > to » Modulation » IFFT > to > InterYal
Generator Parallel Serial Insertion
Add
Multipath Add
FIR < Gaussian |«
filter Noise .
Transmitted
OFDM signal
Radio channel Model
Guard Serial Coherent Parallel
Interval > to » FFT »| Modulation » to —>
Removal Parallel Serial
OFDM Receiver

Fig. 5.1: OFDM model used for Simulations
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The input signal which we used is the random data generated by randn() function of the matlab,

and limit the data to its maximum value e.g. 16 (for I6QAM).

SERIAL TO PARALLEL CONVERSION:
The input serial data stream is formatted into the word size required for transmission, e.g.
2bit/word for QPSK, and shifted into a parallel format. The data is then transmitted in parallel by

assigning each data word to one carrier in the transmission.
MODULATION OF DATA

The data to be transmitted on each carrier is modulated into a QAM and M-ary PSK format. The
data on each symbol is mapped. In the simulations we used 16-QAM BPSK,QPSK,8PSK
modulation.

INVERSE FOURIER TRANSFORM

After the required spectrum is worked out, an inverse fourier transform is used to find the

corresponding time waveform. The guard period is then added to the start of each symbol.
CHANNEL MODEL USED

A Channel model is then applied to the transmitted signal. Standard channel models used in
mobile radio environment have been referred from [29],[35]. The model allows for the signal to
noise ratio and multipath to be controlled. The signal to noise ratio is set by adding a known

amount of white noise to the transmitted signal.
(1) In the block type pilot arrangement 16-QAM modulation scheme is used for a 64-
subcarrier OFDM system with a two ray multipath channel. The channel impulse response /(¢)

is a time limited pulse train in the form of [29]

ht)=3 a,8(t-1,T)

Where the amplitudes o, are complex valued,z,, is mth path delay and 7, is sampling time.
Guard time T, is taken such that 0<7,7 <T, .The above continuous time relationship can be

represented as a discrete time version having discrete channel impulse response 4(n) as:

iy N-nz,) - sin(rr,, )

h(n) = Zame
m sin(;\zf (z, —n))
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In the simulation for block type pilot arrangement we have taken two ray multipath channels.
h(t)=0(t—-0.5T,)+0(t-3.5T,)

(2) In comb type pilot arrangement we have considered Rayleigh-fading channel. The
frequency selective channel is assumed to be Rayleigh-fading, with channel impulse response
h(l) =[h(0),........ h(L-1)]", where L=40 is the number of taps are uncorrelated complex
Gaussian random variables with zero mean[35]. We adopt an exponential power profile delay for
taps.

RECEIVER

The receiver basically does the reverse operation to the transmitter. The guard period is removed.
The FFT of each symbol is then taken to find the original transmitted spectrum. Each
transmission carrier is then evaluated and converted back to the data word by demodulating the
received symbol. The data words are then combined back to the same word size as the original

data.
5.2 SIMULATION RESULT FOR BLOCK TYPE PILOT ARRANGEMENT

In the simulation we consider a system operating with a bandwidth of 500 kHz, divided into 64
tones with total symbol period of 138 ps, of which 10 us is a cyclic prefix. Sampling is
performed with a 500 kHz rate. A symbol thus consists of 69 samples, five of which are
contained in the cyclic prefix. 10,000 channels are randomized per average SNR. We consider

the two ray channel as A(t) = 5(¢t —0.5T, )+ 6(¢t —3.5T,) [29]. Figure 5.2 demonstrates discrete

time impulse response |[h(n)| at different taps. Figure 5.3 demonstrates Mean square error of
channel estimation at different SNRs in dB. As SNR increases mean square error decreases for
both LSE and MMSE. Figure 5.4 shows Average SNR versus Symbol Error Rate (SER). As
SNR increases Symbol Error Rate decreases for both cases. For a given SNR, MMSE estimator
shows better performance than LSE estimator. The complexity of MMSE estimators will be lager
than LSE estimators but give better performance in comparison to LSE. It should be noticed that

MMSE estimators have been derived under assumption of known channel correlation and noise
variance. In practice these quantities R,, and o, are either taken as fixed or estimated, possibly

in an adaptive way. This will increase the estimator complexity but improve performance over

LSE estimators.
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Fig 5.2: Channel impulse response |h(n)|
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Fig. 5.3: Mean-Square Error for LSE and MMSE estimators at different SNRs.
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Fig. 5.4: SER for LSE and MMSE estimators at different SNRs
5.3 SIMULATION RESULT FOR COMB-TYPE PILOT ARRANGEMENT:
For comb type pilot arrangement we consider an OFDM system with N=1024 subcarriers. The

frequency selective Rayleigh channel has L= 40 zero-mean uncorrelated complex Gaussian

random taps. .

Sytnbiol Error Rate

ShR indB

Fig. 5.5: SER (MMSE channel Estimation) for M-PSK modulation for different SNRs
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The spacing between pilots are taken as 4. So the number of pilots are 256 and number of
information symbols are 768. In the simulation we consider BPSK, QPSK and 8-PSK
modulations. Figure 5.5 and Figure 5.6 demonstrate Symbol Error Rate (SER) performance
(SNR versus SER) for different modulations in MMSE and LSE estimators respectively. It
shows that as SNR increases the Symbol error rate decreases and also by going higher order

modulation Symbol Error Rate increases which is coming true as we expected.

Aymbol Error Rate

SMR in dB

Fig. 5.6: Bit Error rate versus SNR (LSE channel Estimation) for M-PSK modulation

In Figure 5.7 we compared the performance between MMSE and LSE estimators. MMSE
estimators have less Symbol Error Rate than LSE estimators in low SNRs. But at higher SNRs
both will have equal performance. At lower SNRs noise is the prominent factor. In this case
MMSE estimator works better. But at higher SNRs, it is better to go for LSE estimator because
of its simplicity where noise is less effective. Figure 5.8 shows result for interpolation techniques
used in the simulation. The interpolation techniques are applied to LSE estimation. It is found

that spline interpolation having better performance than linear interpolation.
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Figure 5.9 and Figure5.10 demonstrate the Mean square error versus Number of pilots for
MMSE and LSE estimators respectively. As number of pilots increases mean square error



decreases. With the increase in number of pilots, MSE reduces and achieves the lower limit. So

2 2
o
m =}
<
an (]
g 2
S 2
22 e
5 g _ _ _ T T g 3 _ . T
S o i ' ' : : @ = i i i ' ' . .
5 £ ! ! ! ! " = g e
S5 3 ! ! _ ! ! g R
o w 1 1 ' ' ' L«M 1 1 1 1 i i 1
: _ ! ! ! ! 5 R
> = ! ! ! ! ! o _ _ _ _ _ _
s 2 [t FREEREEE RREEEE oo TREEEEEE _r.nm ...... = B - SR e s “ﬂ .....
2 = " " ! ! " S e
(0] wn 1 1 ' ' ' 1 1 1 ' i i
3 = _ ! ! _ ! S e
o © ! ! " ! ! =) e
g 2 : : : : : - A
5 & L 4emmnee- b oo beenooo- Y 8 5 - EEEEC PEEE FETEE EEREECEREFCEEEE EERES
w o " " " " " = : : : : 0 i g
Q " " " " " a2 .
£ 8 : : : : : 2 o A
Q = " " " " " = o 1 1 1 ] 1 1 1
8 = " " ! ! " .5 B S A S
S B e SRRRE b e Rbbhbe = N I i Sl e el ity S LA
s 9 " " " " x E A T R S S
g ¢ : ! ! ! E B R
h o — 1 1 1 1 .“_”_ = N 1 1 1 1 1 1 ]
4 " " " ! = 'y R R |
£ ° ! ! ! ! g 2 T e
r : ' ' e I 1y s ETSSR. SIS ISTSISTSL SNSRI ST Eenne T
o [t T EEEEEEE e AR Iy 5 s S At i S |
5 3 : : : : B e
< m 1 1 1 1 $— 1 1 1 1 1 1 1
=2 2 " " " " o : " " " " " "
= ! ! ! ! & _ _ _ _ _ _ _
> .8 : " : " : L LA S SN SN SO S
T SRRRhh Fomeeees oo R Foo S 0 ! it Rk
b m\bu 1 1 1 1 1 M 1 1 1 1 1 1 1
n & " " " _ ! g R R I
s g : ; : _ & e e e R
— 3 ] i i i i N T ' i i i i i
a ! ! ! ! : e
5 o 5
2] [ | _— o /) (%] [ e
5 = 5 S < = 2 g = =& & & g & & & =&
2 z = = I = = = 5 e ° 5 5 &5 o o
m — Ioary arenhs wEap] “ aoxry arenbs wEapy
w2
=] m on
o = E
s o
G
D
g 2
2} (]
<
o -
5 E
g 3
g =

eliminated.

G0

Mumbers of pilot

42

Fig. 5.10: Mean Square Error versus Number of pilots (LSE estimation)



CHAPTER 6

CONCLUSION
AND
FUTURE WORK



6.1 CONCLUSION

In this work, we have studied LSE and MMSE estimators for both block type and comb type
pilot arrangement. The estimators in this study can be used to efficiently estimate the channel in
an OFDM system given a certain knowledge about channel statistics. The MMSE estimators
assume a priori knowledge of noise variance and channel covariance. Moreover, its complexity
is large compare to the LSE estimator. For high SNRs the LSE estimator is both simple and
adequate. The MMSE estimator has good performance but high complexity. The LSE estimator
has low complexity, but its performance is not as good as that MMSE estimator basically at low
SNRs.

In comparison between block and comb type pilot arrangement, block type of pilot
arrangement is suitable to use for slow fading channel where channel impulse response is not
changing very fast. So that the channel estimated, in one block of OFDM symbols through pilot
carriers can be used in next block for recovery the data which are degraded by the channel. In
our simulation of block type pilot arrangement we used two ray static channel for 16-QAM
modulation. Here 64 numbers of carriers are used in one OFDM block. We calculated BER and
MSE in channel estimation for different SNRs in simulation.

Comb type pilot arrangement is suitable to use for fast fading channel where the
channel impulse response is changing very fast even if one OFDM block. So comb type of pilot
arrangement can not be used in this case. We used both data and pilot carriers in one block of
OFDM symbols. Pilot carriers are used to estimate the channel impulse response. The estimated
channel can be used to get back the data sent by transmitter certainly with some error. In the
simulation we used 1024 number of carriers in one OFDM block. In which one fourth are used
for pilot carriers and rest are of data carriers. We calculated BER for different SNR conditions
for M-PSK signaling. We also have compared performance of LSE with MMSE estimator.
MMSE estimation is better that LSE estimator in low SNRs where at high SNRs performance of
LSE estimator approaches to MMSE estimator. We also used interpolation techniques for
channel estimation. It is found that higher order interpolation technique (spline) is giving better
performance than lower order interpolation technique (linear). In simulation we have also
calculated MSE for estimation of channel with number of pilot arrangement. MSE decreases
when number of pilots increase. But we have to limit the number pilots when mean square error

comes constant.
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6.2 FUTURE WORK

Following are the areas of future study which should be considered for further research work.

1.

Implementation of other interpolation techniques for channel estimation:

In this work we have considered only two type interpolation techniques. We can extend
this work for other interpolation techniques such as second order, low-pass etc.
Feasibility study of Multiple Input Multiple Output (MIMO) OFDM systems:

In this study we have discussed about Single Input Single Output (SISO) OFDM systems.
MIMO OFDM can be implemented using multiple transmitting and receiving antennas

which is an interesting work of future.
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