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Abstract

The performance of orthogonal frequency division multiplexing (OFDM) is known to
be highly sensitive to synchronization errors at the receiver. Inaccurate synchroniza-
tion can increase channel estimation errors which further degrade OFDM performance.
While effective independent synchronization techniques exist, performance gains can be
expected by jointly estimating all synchronization errors and channel parameters.

The research presented in this thesis aims to improve the performance of synchroniza-
tion and channel estimation in burst mode OFDM systems by employing the non-linear
recursive least squares algorithm (NL-RLS) to perform joint synchronization and chan-
nel estimation. This thesis presents two joint synchronization and channel estimation
algorithms. The joint carrier-frequency-offset and channel estimation and compensation
algorithm (CFOCE-C) is first presented and possible applications are discussed. The
Cramer Rao Lower Bound (CRLB) is derived to evaluate the efficiency of the estimator
by measurement of its variance. Simulation is used to evaluate the advantage of the
time domain approach used by the CFOCE-C in a typical burst mode system and a
2 dB gain in system performance is observed over an alternative joint frequency do-
main approach. The sensitivity of the CFOCE-C algorithim to sampling frequency offset
(SFO) motivates the development of a second technique: the joint carrier-frequency-
offset, sampling-frequency-offset, and channel estimation and compensation algorithm
(CFOSFOCE-C). The variance of this estimator is also compared to the CRLB. A gain
of 1.5 dB is observed in comparison to a joint estimation algorithm that uses a frequency

domain approach.
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Sommaire

La qualité de transmission du multiplexage par répartition orthogonale de la fréquence
(OFDM) est sensible aux erreurs de synchronisation au récepteur. De plus, une syn-
chronisation imprécise peut avoir comme conséquence un accroissement d’erreur dans
Pestimation du canal. La synchronisation indépendante est souvent utilisée. Cependant,
la synchronisation et I’estimation du canal de fagon commune pourraient améliorer la
qualité de transmission.

La recherche présentée dans ce mémoire de maitrise a pour but 'utilisation de la ver-
sion non linéaire de ’algorithme récursif des moindres carrés (NL-RLS) pour effectuer la
synchronisation et ’estimation du canal afin d’améliorer la performance de transmission
d’un system OFDM en fonctionnement en rafale. Deux algorithmes sont présentés dans
ce mémoire. En premier lieu, ’algorithme d’estimation et de compensation commune
du décalage de fréquence des porteuses et du canal (CFOCE-C) est présenté. La borne
inférieure Cramer Rao (CRLB) est dérivée pour évaluer I'éfficacité de I’estimation en
mesurant sa variance. L’avantage de 'approche en domaine temporel qui est employé
par algorithme CFOCE-C est mesuré par simulation. L’algorithme CFOCE-C donne un
gain de 2 dB comparé a une approche en domaine fréquentiel. Ensuite, un deuxieme algo-
rithme: Palgorithme d’estimation et de compensation commune du décalage de fréquence
des porteuses, du décalage de la fréquence d’échantillonnage, et du canal (CFOSFOCE-
C) est présenté pour remédier a la sensibilité de 1'algorithme CFOCE-C au décalage
de la fréquence d’échantillonnage (SFO). La variance de ’estimation de l’algorithme
CFOSFOCE-C est comparée a la CRLB. Un gain de 1.5 dB est obtenu par 'utilisation
de lalgorithme CFOSFOCE-C comparé & une approche en domaine fréquentiel.
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Chapter 1

Introduction

1.1 Synchronization and Channel Estimation for Burst Mode
OFDM

Orthogonal frequency division multiplexing (OFDM) is used extensively in wireless com-
munications. The division of the transmission band into smaller subbands using the
FFT/IFFT results in a flexible transmission scheme that can achieve high transmission
rates by adaptively allocating information based on channel characteristics. This makes
OFDM particularly robust to multipath fading, and also avoids complex equalization
in the receiver. However, the performance of OFDM is highly sensitive to frequency
synchronization errors at the receiver.

Receiver synchronization errors in OFDM cause inter-symbol interference (ISI) and
inter-carrier interference (ICI) which degrade system performance by destroying the or-
thogonality between OFDM subcarriers. These synchronization errors are caused by
carrier frequency offset (CFO), sampling frequency offset (SFO), and symbol timing
offset. Performance degradation as a result of ISI and ICI becomes increasingly signif-
icant in high signal-to-noise ratio (SNR). In addition, synchronization errors can also
adversely affect the results of channel estimation at the receiver. Imperfect channel
estimates will introduce errors in frequency domain equalization that is traditionally
employed in OFDM systems, thus further adding to performance degradation.

Synchronization and channel estimation for burst mode systems have attracted much
research interest. Burst mode systems that operate in a slow fading channel environ-
ment assume a quasi-static model for the channel. This simplifies receiver structure
and performance evaluation, since there is no need to consider time varying channel

characteristics. It also requires that the burst length remains short, and that channel
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estimation and synchronization is repeated for each burst. As a result, the overhead of
any training data used for these purposes must be kept to a minimum.

Synchronization and channel estimation for burst mode systems is performed using
a preamble sequence which precedes the data. The correlation properties of this pream-
ble sequence ensure that initial coarse synchronization can be performed without prior
knowledge of the channel or the need to demodulate the received data. Correlation-
based coarse synchronization techniques are well documented and discussed in [1] [2] [3].
When coarse synchronization has been performed and a sufficiently accurate estimate of
the location of each OFDM symbol is obtained, the known data in the preamble can be
used to perform channel estimation.

Coarse synchronization, however, is not sufficient to remove enough ICI to ensure
reliable data transmission. Residual frequency offsets remain and must be removed by
a procedure of fine synchronization. To improve correlation-based synchronization, fine
synchronization methods generally make use of the data in the preamble sequence [4]
[5] [6]. Synchronization methods which independently correct the effect of each synchro-
nization parameter have limited effectiveness because of the interdependence between
these parameters. As a result, independent correction of one type of synchronization
error will be impeded by the presence of other synchronization errors. Furthermore,
channel estimates made following coarse synchronization will contain errors due to the
presence of CFO, SFO, and timing errors in the received training data, thus further
degrading the performance of data-aided fine synchronization. For this reason, there is
an advantage in performing joint estimation of these parameters, as demonstrated in [7]
8] [9].

A joint algorithm that estimates all of the synchronization offsets, as well as the
channel parameters, has not been documented. This is due to the fact that the model
for the received signal that accounts for all these effects is non-linear in the estimated
parameters and an estimator for these parameters would have too high a complexity to
be practical in a burst mode system. Instead, the algorithms in [7] [8] [9] consider only
two of the distortions in synchronization and channel estimation. To avoid a non-linear
estimation problem, these joint estimation algorithms approximate the effect of CFO
and SFO as linear phase distortion in the frequency domain. This ignores all ICI caused
by the frequency offsets, and reduces the effectiveness of using a joint approach since
a suboptimal estimator solution will be achieved. In addition, correction will also be
made using the linear phase model, which adds additional error.

A significant improvement in system performance can be expected if a non-linear

estimation technique with reasonably low complexity is employed in the joint estimation
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and compensation problem. A technique that considers the effect of ICI should give

significant gains at high SNR.

1.2 Research Objectives and Contributions

The main objective of this research is to develop a joint synchronization and channel
estimation scheme for burst mode OFDM. As a key contribution, the non-linear recursive
least squares (NL-RLS) adaptive algorithm is applied into development of two methods
for joint synchronization and channel estimation. The first method performs joint CFO
and channel estimation and compensation, while the second performs joint CFO, SFO,
timing and channel estimation and compensation. Use of a non-linear adaptive algorithm
allows for modeling of the effects of synchronization errors without approximations, while
an RLS-type algorithm gives fast convergence in order to minimize overhead in terms
of preamble length. Since estimation in both cases is performed in the time domain,
performance of channel estimation is superior, and the algorithms are robust enough
to decision errors to allow for decision feedback operation with no need for pilot tones.
An additional contribution of this research is the derivation of the Cramer Rao lower
bound (CRLB) for both the problems of jointly estimating the CFO and channel impulse
response (CIR) as well as jointly estimating the CFO, SFO, and CIR. Finally, some

analysis of stability and steady-state performance is also made.

1.3 Thesis Outline

The remainder of this thesis is organized as follows.

Chapter 2 gives background theory related to synchronization and channel estimation
relevant to the development of a joint synchronization and channel estimation algorithm
for burst mode OFDM systems. Several synchronization and channel estimation tech-
niques presented in the literature are outlined. This chapter also presents the NL-RLS
algorithm for estimation of unknown parameters in a non-linear system.

Chapter 3 presents the joint CFO and channel estimation and compensation (CFOCE-
C) algorithm and evaluates its performance. The CRLB for a joint estimator of the CFO
and channel is also derived. The effect of SFO on the CFOCE-C algorithm is evaluated.

Chapter 4 derives a data model for the effect of SFO and presents the joint CFO, SFO
and channel estimation and compensation (CFOSFOCE-C) algorithm and evaluates its
performance. The CRLB for the joint estimator of the CFO, SFO, and channel is also

derived.
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Chapter 5 gives the conclusion and provides suggested topics for future related re-

search.



Chapter 2

Basics of Channel Estimation and
Synchronization for OFDM

The transmission benefits of OFDM depend highly on the availability of adequate syn-
chronization at the receiver. Channel estimation is also important to ensure accurate
equalization and removal of the effects of channel distortion. In this chapter, the back-
ground information pertaining to the joint synchronization and channel estimation algo-
rithms derived in Chapters 3 and 4 is discussed. In Section 2.1, OFDM transmission is
presented and the concept of orthogonality is explained. The differences between burst
mode systems and continuous mode systems relevant to the problem of synchronization
and channel estimation are also outlined. Section 2.2 explains the multipath fading
channel, which is assumed throughout this thesis. In Section 2.3, synchronization and
channel estimation in OFDM is presented. Analytical expressions for the effects of these
distortion in both time and frequency domains are given where applicable. Existing
algorithms for synchronization and channel estimation in the literature will be outlined
and the concept of a joint estimator for these parameters will be introduced. The burst
format that is assumed in the simulations performed in this thesis is presented in this
section. In Section 2.4, the non-linear RLS algorithm is presented as a means for solving
the joint estimation problem.

2.1 OFDM

OFDM is currently being used in wireless and wireline communications because of its
high transmission rate capabilities. The properties of the FFT/IFFT and the use of

a cyclic prefix allow equalization by the receiver in the presence of multipath fading
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to be performed in the frequency domain using only a single tap (coefficient). This
equalization requires knowledge of the frequency response (magnitude and phase) of the
channel at specific frequencies which represent the OFDM subcarrier frequencies. The
issues of estimation and synchronization are addressed differently in burst mode and
continuous mode systems. In the former, channel estimation and synchronization must
be repeated before each burst, whereas in the later, they are performed once and, if

necessary, the estimates are adapted during data transmission.

2.1.1 OFDM Basics

In OFDM, data is modulated using multiple subcarriers so that each subcarrier sees a
smaller portion of the frequency band, and hence a relatively flat portion of the channel
frequency response. Although in theory, an infinite number of carriers is required to
ensure flat fading on each subchannel, use of a cyclic prefix achieves this using any finite
value of N. As a result, OFDM is rather insensitive to frequency selective fading, and
is also highly adaptive due to its ability to load different data rates onto each of its
subcarriers.

In a traditional OFDM system, a maximum of NV complex values X, are each taken
from an M-QAM constellation and are modulated by performing an IFFT to generate
the lth set of OFDM time domain samples. The nth sample is given by

N-1

1 :2wkn
Tpl = -]—V- E Xk,le’ N (21)
k=0

At the receiver, the received data subcarriers Yj; are orthogonal when each Y is a
function of only Xy, the channel, and some additive noise. To ensure that orthogonality
is maintained after distortion by a channel with impulse response of length v samples,
a cyclic prefix of length N, > v — 1 and consisting of the last N, samples of the IFFT
is prepended to the lth set of samples described in equation 2.1 resulting in the lth
transmitted OFDM symbol s; = [IN—N_,,,z,---,wN—1,z,$0,1,~--,CEN—u]- For passband
transmission systems, this signal is then modulated to the band of interest by a carrier
frequency f. At the receiver, the signal is first converted to baseband, the cyclic prefix
is discarded and demodulation is performed with the FF'T operation.

The purpose of the cyclic prefix is two-fold. Firstly, it removes any ISI at the receiver
caused by the channel, since all symbol dispersion distorts only the samples in the cyclic
prefix. For this reason, the cyclic prefix is often referred to as a guard interval. The

second function of the cyclic prefix is the avoidance of ICI and the preservation of
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orthogonality in the presence of a frequency selective fading channel. Given a CIR of
h = [ho, h, . .., hy—1], prepending a cyclic prefix causes the vector-channel representation

for transmission of a symbol to be expressed in terms of an N x N circulant matrix as

h’(] h’l hv—l 0 0
YN-11 0 hO hl h 1 0 TN-1, WN-1,1
ce v— P
YN-21 ) _ o L ITN-2 WN-21
= h"u—l 0 0 h1 hU_Q +
- hy—2 hy-1 0 ... 0 h ... - wiy
Yo, | I o, ] I woy |
I hy ha ... hy-r 0 ...  h 1 vew

(2.2)
Since the eigenvalue decomposition of a circulant matrix is obtained through the FFT
and IFFT matrices [10], the frequency domain equivalent for OFDM transmission con-
sists of N parallel subchannels, each represented by

Yk,l:Xk,lHk+Wk,l ; k=0,1,...,N—1 (23)

where Hj, is the kth element of the FFT of h, and Wj; is an AWGN sample. Equalization
is performed using a single complex multiplication on each subcarrier, and hence each
subchannel can be viewed as an AWGN or flat fading channel, regardless of the fact
that a finite value of N was used. A typical OFDM system and its parallel channel
equivalent are shown in the figures below. The transmitted symbols are distorted by a
multipath fading channel h, and AWGN is added at the receiver. Perfect synchronization
is assumed. '
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Fig. 2.2 Parallel Equivalent of OFDM System

2.1.2 Continuous Mode versus Burst Mode Transmission

OFDM systems can be divided into continuous mode systems and burst mode systems.
Continuous mode systems first establish a link between the transmitter and receiver.
Once a link is established, data transmission occurs in an uninterrupted fashion. Burst
mode systems, on the other hand, transmit data in short packets or bursts, much like

a traditional computer network. Fach packet must be detected by the receiver for data
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demodulation to begin. Each burst will contain a portion of the overall data to be
transmitted.

Continuous mode systems generally perform synchronization and channel estimation
upon establishment of the link. In the case of mobile systems, channel information
may be updated using periodically spaced training data. Blind estimation or decision-
feedback estimation can also be employed. Synchronization is maintained using either
training data or prefix-based estimation methods discussed in the next section. Typical
continuous mode systems include Digital Audio Broadcasting (DAB) [11] and Very-high-
bit-rate Digital Subscriber Lines (VDSL) [12].

Burst mode systems are more suitable for use in wireless networks. The channel and
synchronization parameters are estimated from training data transmitted in the burst
preamble. Properties of the channel, which are discussed in Section 2.2, require a small
burst length. As a result, the choices of the synchronization and channel estimation
methods are limited since the amount of training data becomes an important factor in
the efficiency. Although minor adjustment of the estimates obtained using the preamble
are sometimes made through the use of a small number of pilots distributed within
the burst, insertion of these pilots further reduces data efficiency. Typical burst mode
systems include HIPERLAN [13] and IEEE802.11a [14].

2.2 Time-Varying Multipath Channels

Signal transmission in wireless communications is affected by fading which can be caused
by shadowing or multipath. Shadowing occurs when the signal is attenuated by an
obstacle, while multipath is caused by multiple reflections of the transmitted signal
reaching the receiver at different time instants. Because the effect of shadowing can be
treated as an overall signal attenuation [15], only multipath is examined here.

In a multipath channel having obstacles creating signal reflections, each path trav-
eled by the transmitted signal before it reaches the receiver can be associated with an
attenuation and a delay. Changes in the surrounding environment cause these quantities
to vary with time. As a result, the fading multipath channel is sometimes referred to
as a double spread channel since the multiple delays will spread the transmitted signal
in time, while the time varying characteristics of each path cause frequency spreading
called Doppler spreading [16]. If it is further assumed that the propagation of the signal
for different delays is uncorrelated, the time varying channel can be characterized by a
two dimensional function called the scattering function & which measures the channel’s

power at a given delay and frequency offset. Further details concerning the scattering
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function are given in [16)].

The Doppler spread of the channel By is the range of frequencies over which the time-
averaged scattering function is non-zero. An important property of B, is that it gives
an indication of how rapidly the channel changes with time. A larger B; indicates that
the channel changes more rapidly, thus causing more frequency spreading. Channels are
characterized as fast-fading when the Doppler spread is large compared to the signal
bandwidth or slow-fading when the Doppler spread is small compared to the signal
bandwidth [16].

The coherence bandwidth of the channel B, is defined as the reciprocal of the time
range over which the frequency-averaged scattering function is non-zero. When the band-
width of the signal is larger than the coherence bandwidth, the transmitted signal un-
dergoes a different attenuation at different frequency, thus exhibiting frequency-selective
fading. Furthermore, the multipath components can be resolved from the received sig-
nal, so that the multipath channel can be characterized at the complex baseband as a
linear time-varying system with CIR given by [17]

h(ti) = 3" au(t)d(r - m(0) (2.4

where «;(t) and 7;(t) are the time varying complex attenuation and time varying delay
of the ith path respectively. In burst mode systems, we can further assume, for purposes
of receiver design, that the CIR does not changes within a burst and that « and 7; are
constant, randomly generated quantities. This can be assumed if the channel is slow
fading. A FIR model for the channel in the digital domain can easily be obtained from
Equation 2.4 and the sampling period of the received signal. Unless stated otherwise,
the remainder of this thesis assumes a frequency selective slow-fading channel model.

2.3 Synchronization and Channel Estimation

The performance of the one tap equalizer in OFDM depends on the quality of channel
estimation. Furthermore, synchronization must be performed prior to decoding in order
for orthogonality to be maintained and for the full benefit of OFDM to be obtained.
Synchronization errors in the receiver generally result in ICI which degrades the system

performance.
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2.3.1 Channel Estimation

Channel estimation can take place in the frequency domain (after the FFT at the re-
ceiver) or the time domain (prior to the FFT in the receiver). Frequency domain channel
estimation is generally preferred because therparallel subchannel model described in Sec-
tion 2.1.1 allows for a much simpler estimation on a subcarrier by subcarrier basis. The
simplest and most common preamble-based channel estimation method use least-squares
(LS) estimation based on S training symbols. The estimate of the channel frequency

response in this case is

He=>Y" X’” (2.5)

where X}, is the complex element transmitted on the kth subcarrier of the Ith training
symbol.

For long bursts in which the channel can no longer be considered invariant over the
burst, pilot tones are used to update the channel estimates. Studies of the various pilot
organization and channel tracking methods are included in [18] [19] [20].

In time domain channel estimation, the CIR is estimated instead, and the FFT is
used to obtain the channel frequency response required by the equalizer. The advantage
of a time domain approach is the reduction in the number of parameters to be estimated.
Since v <« N, better performance is expected from a time domain estimator as opposed
to a frequency domain estimator. Time domain channel estimation is discussed in [21]
[22].

2.3.2 Symbol Timing Offsets

In burst mode transmission, symbol frame synchronization is required at the beginning
of each burst. This requires a simple yet efficient method of detecting the start of a
frame which has low overhead in terms of preamble or training symbols.

Symbol timing synchronization refers to estimating the correct position of the FFT
window within the received set of samples. Timing is traditionally performed in two
stages: a coarse synchronization which uses the auto-correlation properties of the pream-
ble to detect the burst, and a fine synchronization which uses the cross-correlation of
the received packet with a known training sequence [23]. This training sequence can be
in time domain if the synchronization is done prior to any demodulation, or it can be
in frequency domain if post-FFT synchronization is performed. The training data can

be concentrated in a preamble, or dispersed into the data symbols as pilot subcarriers.
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Despite two stages of symbol synchronization, timing offsets of several samples are still
common [8]. These residual timing offsets can be accounted for in the estimate of the
channel frequency response under certain conditions to be discussed in what follows.
Consider a symbol offset of { samples between the actual OFDM symbols and the
estimated FFT window location. The effects of any frequency offsets are ignored for the
moment. A negative value of the symbol offset signifies that the chosen FFT window is
¢ samples early with respect to its actual position, while a positive value signifies that
the chosen window is late. In the case where —(N, —v) < ¢ < 0, with v being the
length of the CIR, the FFT window selected for decoding contains all of the samples
in the actual OFDM symbol in a circularly rotated order. Furthermore, due to the
condition N, > v —1, ISI is avoided. By simple Fourier Transform properties, the

received frequency domain samples after performing the FFT can be expressed as [6]

Vi = Xk,lerj'21["'9i + W (2.6)

In this first case, which is illustrated in Figure 2.3, orthogonality is maintained due to the
presence of the cyclic prefix. The exponential term of Equation 2.6 can be incorporated
into the estimated channel frequency response, resulting in the same error performance
as would be expected for a case where ¢ = 0. In the time domain, the CIR is modified
by insertion of { leading zeros. The only requirement to ensure that imperfect sampling
results in received frequency domain samples given by Equation 2.6 and that the error
performance is the same as for { = 0 is for the effective CIR after insertion of ( leading
zeros to remain shorter than the cyclic prefix. Since the symbol offset is generally one
or two samples, this requirement can be assumed to be satisfied [24].

On the other hand, if { > 0, samples of the current OFDM symbol are lost and
replaced with samples in the cyclic prefix of the following symbol, resulting in ISI as
illustrated in Figure 2.4. This ISI induces a loss of orthogonality, or ICI. Both ISI and
ICI appear in the expression for the received frequency domain samples, making this
situation undesirable. In [6], this expression is given under the assumption of an AWGN

channel as:

N-1 N-(-1
N - ) 7"5 v 1 i(n nk
Yk,l = N CXk,leijA "]\7 Xz,l 6327'- +C)
=0 n=0
1 — i intC=P)=nk
+']—v" E Xk,l-{-l E e’ N + Wk,l (27)

1=0 n=N-—{
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The case where ( < —(N, —v) will also have a form similar to Equation 2.7 and IST will
be incurred from the previous symbol instead. These results show that beginning the
FFT window in the region —(N, —v) < ¢ < 0 is equivalent, performance-wise, to having
perfect symbol synchronization. This zone is known as the ISI-free portion of the cyclic
prefix. This freedom in the choice of FFT window yields a set of multiple solutions to

the joint channel and timing problem.

4CIR
-——
cp cP
Symbol |-1 : Symbol | Symbot 1+1
| FFT Window |

Fig. 2.3 FFT Window Location for no ISI

4CiR

v
cp cp
Symbol -1 : Symbol | Symbol I+1
| FFT Window ’

Fig. 2.4 FFT Window Location for IST and ICI

Symbol synchronization is treated in [6] [8] [3] [25] [2]. In [2], symbol synchronization
and CFO estimation are combined in an algorithm that exploits the use of two repeated
time domain symbols. The correlation between the two symbols is used to detect the
optimum FFT window location, and the change in phase between them is attributed
to the CFO. The performance of this algorithm is improved in [6] using an iterative
correction algorithm which is considerably expensive and ignores the effect of channel
and other synchronization issues. The method of [3] generalizes symbol synchronization

to variable preamble length. It also ignores channel and other synchronization issues. In
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[25], a robust timing recovery scheme which also accounts for sampling frequency offsets
is presented. Here, the effect of CFO is ignored. The author of [25] also distinguishes
between guard-interval based techniques and pilot-based techniques for symbol synchro-
nization. While guard interval based techniques do not require pilot carriers, they are
based on autocorrelation and are hence less accurate. Pilot based techniques achieve a
more accurate offset estimate but require an FFT window that already lies within the
ISI-free portion of the cyclic prefix. For these reasons, guard interval based techniques
are used for coarse symbol synchronization while pilot based techniques are used for fine

symbol timing synchronization.

2.3.3 Carrier Frequency Offsets

A CFO occurs when the carrier frequencies of the passband modulated OFDM signal and
the oscillator of the downconverter do not match exactly. This mismatch is attributed
to either clock jitter or Doppler frequency shift caused by the channel [25]. Given an
offset of Af hertz caused by clock jitter only, the timme domain effect of a CFO in the

continuous and sampled domains is given by

y(t) = *"'a(t)

Yo = €Nz, (2.8)

respectively, where = represents the useful signal before upconversion, y is the resulting
signal after downconversion, € = Af/Af; is the relative CFO, and A f, is the intercarrier
spacing. Equation 2.8 does not include the multipath fading channel. The effect of the
channel in the analysis of CFO is generally ignored, as was noted in [26].

Doppler frequency shift occurs when there is a relative motion between the transmit-
ter and receiver in a wireless system. The frequency range over which the shift occurs
is the Doppler spread. In slow-moving mobile systems where burst-mode transmission
is generally employed, the Doppler spread is generally small enough that the effect of
Doppler frequency shift can be ignored. In most methods of CFO estimation for slow-
moving mobile systems, the Doppler frequency spread is ignored. Some methods such as
[24] use pilot tones to adjust for changes in the CFO. The use of pilot symbols reduces
data efficiency and is limited in that it ignores any changes in channel and SFO.

For longer bursts, the effect of a Doppler frequency shift can be adequately modeled

by either a time varying CIR or a time varying CFO. Use of a time varying CIR in mod-
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eling can improve the representation of the CFO in situations where the CFO changes
significantly over one OFDM symbol interval. The use of an adaptive algorithm to esti-
mate the CIR is therefore advantageous in this case of slow-moving mobile channels as
well.

The time domain rotation in Equation 2.8 results in a frequency domain shift of
the carriers relative to the frequency sampling point, as shown in Figure 2.5. Due to
this shift, the modulated OFDM carriers will not be recovered at their peaks by FFT
demodulation resulting in a loss of orthogonality. This loss of orthogonality results in
an attenuation and phase rotation of the transmitted constellation as well as ICI caused
by the sidelobes of other subcarriers. These effects are quantified in the expression for

the received post-FFT samples [1]

SiNTe :
Vi, = Xy Hy——— ™ WN-/N L [+ W, 2.9
k. K stz'n(we/N)e + L+ Wiy (2.9)
where the ICI term is given by
l ~k )
Iy = Z Xy ST €= B imasetoov-n/m (2.10)

Tk Nsm (w(l+€e—k)/N)

The effect of CFO on the OFDM frequency spectrum and the system BER is studied in

more detail in [27].

VAVIVIViVAV

Fig. 2.5 Partial Plot of OFDM Symbol Spectrum
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As was pointed out in [23] the frequency offset may be larger than the subcarrier
spacing, resulting in an integer and fractional CFO. Integer offsets are best estimated
by post-FFT methods, however, these methods tend to be adversely affected by ICI
because they ignore its effect in order to simplify the expression in Equation 2.9. This
is the case in the methods of [28] [29] [7].

A CFO correction algorithm capable of estimating both integer and fractional offsets
was first presented in [1]. This technique employs the repetition of two identical OFDM
symbols in the time domain, which allows for post-FFT CFO estimation even when ICI
inhibits data demodulation. The effect of ISI discussed in Section 2.3.2 is, however,
ignored and adequate removal of residual frequency offset requires several repetitions of
the training symbol, resulting in a large preamble sequence and reduced packet efficiency.
To remedy these issues, a synchronization method known as the Schmidl and Cox algo-
rithm (SCA) is presented in [2] which addresses both timing and CFO. In [4], it is shown
that the SCA can result in residual frequency offsets (RFO) which are large enough to
cause a significant number of errors under certain conditions. A method of refining the
estimates of the SCA is proposed which allows for reduction in the required preamble
length. This method is, however, frequency domain based and ignores ICI caused by the
RFO. It also assumes that phase differences between subsequent time-domain OFDM
symbols are cause ouly by the RFO, thus ignoring the effects of a time-varying channel
and possible SFO. The methods in [28] [29] [7] [30] are also frequency domain-based and
ignore the effect of ICI. The effects of channel and SFO are also ignored in their analysis
and simulations.

Based on the discussion in this section and Section 2.3.2, a method of estimating the
residual timing and CFO to be used after the SCA can be beneficial to the performance
of a burst-mode OFDM system. Combining this estimation with the estimation of the
CIR removes the estimation error that would be incurred by ignoring the effects of
the channel. It can also remove the need for several iterative steps of each estimation
that may be required to achieve a certain estimator performance. Furthermore, if the
estimation method is adaptive, small Doppler frequency shifts characteristic of slow-
moving mobile systems with long burst durations can be accounted for. An estimation

and correction method which addresses each of these issues is presented in Chapter 3.

2.3.4 Sampling Frequency Offsets

A SFO is caused by jitter in the receiver’s sampling oscillator. Its effect is more difficult

to quantify analytically because it must be coupled with the effect of clock drift which
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limits the use of a simple expression of the form of Equation 2.8 for CFO. Clock drift
refers to the discrepancy between the transmit and receive symbol periods which causes
a movement of the receiver’s FFT window with respect to the actual data transmitted.
As time progresses, the window may move out of the ISI-free region of the cyclic prefix
discussed in Section 2.3.2. For this reason, SFO and symbol timing offsets are very
closely related. This close relationship was exploited in the synchronization techniques
discussed in [30] [25] [3] [7].

Given a relative sampling frequency offset of n = AT/T where AT is the difference
in the sampling period between transmitter and receiver, and 7' is the actual sampling
period, an expression for the received frequency domain samples in an AWGN channel
distorted by a SFO was given in [5] as:

N1y sin(mkn)

k.l e N Nsin(wk?]/N) k1T Wy
3 %—:1 X sin(rin) Jmin St o= F (i-k) (2.11)
N T A e e . )
N =0tk O [& 61 +n) — K]

This equation assumes sampling in the ISI-free portion of the cyclic prefix and ignores
the phenomenon of clock drift. It also assumes perfect sampling phase synchronization
at the start of each FFT window and so does not represent the effect on two consecutive
OFDM symbols. Despite these restrictions, it is evident that, much like the case of
CFO, SFO causes ICI in the received frequency domain samples. As in Equation 2.9,
the received subcarrier undergoes an attenuation and phase rotation. In the case of SFO
however, these effects are frequency dependent rather than fixed for every carrier.

The similarity in the frequency domain effect of CFO and SFO is exploited by many
SFO estimation techniques. As in the case of CFO, these techniques are generally fre-
quency domain based, and hence ignore the effect of ICI. The SFO estimation technique
presented in [5] uses a preamble based technique but considers only the phase rotation
caused by the SFO between subsequent repetitions of the training symbol in the pream-
ble. Here, the effects of attenuation and ICI as well as the effects of the channel are
ignored in the derivation. The same can be said about the technique in [3] which ignores
any CFO and again uses the phase difference between training symbols in the preamble.

An expression showing the effect of SFO which is not restricted to only one OFDM
symbol can be obtained if the received samples are modeled in time domain. Assuming

an AWGN channel with ISI-free timing synchronization, this expression was given in [7]
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as

N-1
1 :2mkn i2nkn
Yni = TV—E :Xk,le] L (INs+Ng+n) o 25 + Wn (2.12)
k=0 '

where ¥, is the received time domain data sample corresponding to symbol [ and sample
n of the chosen FFT window, N, is the OFDM symbol length including the cyclic prefix.
Equation 2.12 shows that, until the time when clock drift requires us to consider ISI, a
SFO can be characterized by a linearly increasing phase rotation of the data transmitted
on each subcarrier. This increase can also be used to explain the loss of orthogonality
caused by a SFO, since the phase rotation changes within a single OFDM symbol. This
linear relationship is exploited in [25] in which a DLL-based approach using early and
late correlation values is used to track the SFO. In [7], the loss of orthogonality incurred
by applying an FFT to Equation 2.12 is ignored in order to structure the problem as a
linear problem to be able to apply the LS estimation method. A compensation scheme

is not discussed.

2.3.5 Typical Burst Mode Preamble Structure for Synchronization and
Channel Estimation

Figure 2.6 below shows a typical preamble which can be used for burst mode synchro-
nization and channel estimation. This preamble is assumed in the simulations used to
derive the results contained in later chapters of this thesis, and is exactly the structure
of the burst used in the IEEE802.11a WLAN standard [14]

Short Training Symbols Long Training Symbols

t] tz 13 t4 t5 t6 t7 ta:tg t10 P TI T2 Burst Data

Fig. 2.6 Typical Preamble Structure

The short training symbols are each 16 samples long and identical to eachother. The
long training symbols are each 64 samples long and also identical. A cyclic prefix (P) of
32 samples is added to enable demodulation of the long training symbols via the FFT.
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The 16 sample and 64 sample sequences are designed in such a way that the correlation
between subsequent samples is minimal. This is to ensure that the performance of
correlation based synchronization methods described in the previous section is optimum.

The short training symbols are meant for coarse timing synchronization and coarse
CFO estimation by means of the SCA algorithm in [2]. The long training sequence is
meant for channel estimation and fine synchronization. The joint synchronization and
channel estimation algorithms presented in this thesis will make use of the long training
sequence, and will have an initial FFT window estimated from the SCA algorithm. The
FFT window will be advanced by two samples following the SCA algorithm. This is
sufficient to ensure an FFT window that is within the ISI-free portion of the cyclic
prefix even at low SNR [24]. The CFO at the beginning of the long training sequence
will be set manually.

The data portion of the burst contains OFDM symbols of N, = 80 samples with NN,
= 16 samples and an FFT size of 64. Only 52 of the carriers are loaded with data, and
the other carriers are zeroed to form a frequency domain guard band. The organization
of these carriers is based on [14]. Contrary to the IEEE802.11a standard which calls for
the use of pilot subcarriers for channel and frequency offset tracking, these subcarriers
are used for data in the algorithms introduced in this thesis since a decision directed

approach is used instead.

2.3.6 Joint Estimation of Synchronization and Channel Parameters

It should be noted from the above discussion that complete synchronization requires sev-
eral iterations between coarse and fine steps for each synchronization parameter because
estimation of each parameter or correction of each distortion is limited by the presence
of another distortion. Such an iterative procedure may represent too much overhead for
a practical system, particularly when fine synchronization is considered.

| In fine synchronization, a joint technique is desirable because considering the inter-
relation between variables in an optimization problem generally allows us to arrive at
the solution with less overhead than an iterative approach. In our case, overhead could
be computation resources, hardware resources, or data overhead in terms of preamble
length or number of training pilots. A joint technique also improves performance because
performance bounds which may be created by error propagation between iterations of
a certain technique may be lifted by considering the joint effect of all the parameters
at once. Finally, it is much simpler to derive an adaptive estimation algorithm when

the technique employed considers the joint effect of most or all of the parameters to be
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estimated. An adaptive scheme is important in synchronization of burst mode systems
because of the possibility of a non-negligible Doppler spread or a CIR which varies over
the duration of a burst. Temperature variations may also affect the frequency offset
parameters, especially for long bursts, which are desirable to improve data efficiency
and ease the task of network layer protocols build on top of the burst.

The importance of jointly estimating synchronization and channel parameters has
been realized of late. In [8] symbol timing and channel estimation is considered jointly
in order to reduce the number of leading zeros in the impulse response and improve the
estimate of the CIR. A pilot based scheme for joint symbol timing and SFO estimation
is proposed in [3] which relates the phase difference between pilot subcarriers to both
timing offset and SFO. CFO and SFO are considered jointly in [7]. Here, a LS estimation
problem is derived by considering the phase rotation for a given frequency between two
adjacent symbols. By examining Equations 2.9 and 2.11 this phase rotation can be
jointly attributed to both CFO and SFO. Finally, in [9], the channel frequency response
and the CFO is estimated jointly by a decision feedback two-dimensional NLMS tracking
algorithm which treats the effect of CFO as a phase rotation of the received frequency
domain sample with respect to the closest constellation point.

The difficulty which arises in estimation of any synchronization parameter by relating
it to frequency domain rotation, whether this rotation is with respect to pilot carriers,
decision symbols, or between carriers different carriers, is that the effect of ICI is ignored,
and the estimation is suboptimal. Whereas a time domain model of the CFO and SFO
would be more exact, such a model is non-linear and is avoided by joint synchronization
methods in the literature. An alternative to ignoring the ICI would be to linearize the
model used for estimation. If this technique is combined with an adaptive algorithm,
the error incurred by linearization can be expected to disappear as the exact solution is
approached.

2.4 The NL-RLS Adaptive Algorithm

The NL-RLS algorithm was first used in [31] for amplitude and delay estimation in
CDMA systems. The derivation of the algorithm is reproduced here for the sake of
completeness as well as to present a more general framework for non-linear estimation

problems.
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2.4.1 Estimation Error Linearization

The framework presented in this section considers adaptive non-linear estimation prob-

lems where the scalar estimation error at each time instant n can be expressed as

€m = Ym — f(m'rna '&)\m)a (213)

where x,, is the system input vector at iteration m, W, is the estimate of the unknown
coefficient vector, f() is a known non-linear function of x,, and @,, which best char-
acterizes the system, and v, is the observed noisy system output. In the case of a
communication system, the system input vector «,, is obtained from either a training
sequence or from demodulator decision feedback. The length of «,, will depend on the
non-linear system f() in question. The system will also determine what relationship,
if any, exists between the vectors x,, and @,_;. For the remainder of this discus-
sion, the elements of x,, will be assumed to come from the same input signal, namely
T, = [a:,,,b, L1y« ,xm_(M_l)]T.

Non-linear estimation techniques that minimize the error of Equation 2.13 in some
sense have been explored in [32] [33] [34], however the complexity of such techniques
limits their use in practice. The approach used in this thesis applies Taylor series ap-
proximation to convert the non-linear estimation problem characterized by the error in
2.13 into an approximate linear problem. This is done by expanding f() into its Tay-
lor series about the estimate of the system parameters at iteration m — 1 and ignoring

non-linear terms to obtain an approximate estimation error of

Q

Ym — {f(wm,a ﬁm-—l) + Vf(m'ma ﬁm—l)T(ﬁm - '&;m—l)}
~ {ym - f(mma {ﬁm—-l) + (@:l_l)IIVf(:Bm, {ﬁm—l)} - (a:n)llvf(wm’ ’lﬁm@)l‘l)

em

where V f(@p,, Wy-1) is the gradient vector of the non-linear function with respect to

the parameter vector w,,_;. Equation 2.14 is of the form

€m = Um — CooTm (2.15)

with
gm =Ym — f(mma '{Em—l) + (ﬁ;:n_l)HVf(mmy @m—l) (216)
5'rn, = Vf (mmy @m—l) (217)

&, =W, (2.18)
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Equation 2.15 is the error expression for the traditional finite impulse response (FIR)
system estimation problem described in [35]. Provided f() for the system is known
and its gradient can be computed, linear estimation techniques can be applied to this
equation to estimate or track the system parameters.

The figures below illustrate the difference between traditional adaptive linear esti-

mation and adaptive non-linear estimation using Equations 2.15 to 2.18.
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Fig. 2.7 Adaptive Linear Estimator
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Fig. 2.8 Adaptive Non-Linear Estimator

The outputs of both FIR filters can be estimates of the input signal (detection), the
desired signal (prediction), or the system parameters (system identification) depending
on the application. In Figure 2.7 the adaptive filter has access to the noisy system output
as observation, as well as the system input. The weight update function g() computes
the coefficients of the FIR filter ¢, from the values of &,,, ¥,,, and €,,_,. This function
is chosen based on the cost function to be minimized and hence on the algorithm used
(LMS, RLS, etc).

In Figure 2.8 the same weight update function is used, with the inputs to g() given by
Equations 2.16 and 2.17. The algorithm illustrated in the figures is a-priori type since
the computed coefficient vector is only used in filtering at the subsequent iteration.
Derivation of an aposteriori type version of the algorithm is possible but is omitted here
for the sake of simplicity.

2.4.2 The NL-RLS

The NL-RLS algorithm is obtained by using the conventional RLS (CRLS) of [35] as
the update function g(). The algorithm is described in Table 2.1. In the remainder of
this thesis, the variable @ is referred to as the coefficient vector although its conjugate

is the actual coefficient vector used in the traditional FIR filter notation, as shown in
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the table.

Initialization

c_,= 0, P, = D

0 = small positive constant

Adaptation gain computation

gm = %\'Pm—lvf(mm’ ﬁ;m—l)

Bm = 1+ gﬁvf(mm, @m—l)
1 _

gm = Fmgm
Pm = %Rn——l - gmg',lr{
Filtering

En = Ym — f(mma 'a}m——l)

-~ . -~ %
Cp = Crp—1 + gm@m

A o
W, = C,,

Table 2.1 NL-RLS Algorithm

2.4.3 Stability and Steady-State Performance

One of the strengths of the RLS is that, under the assumptions of a stationary environ-
ment and time-invariant optimum weight coeflicient, the algorithm is stable regardless
of the eigenvalue spread of the input vector correlation matrix [35]. This stability, in
terms of convergence in the mean square, is proven mathematically in [36].

The effective input vector of the NL-RLS is given by Equation 2.17, and is dependent
on the coefficient vector. The stability of the NL-RLS algorithm will therefore depend
on the initial guess. The dependence of the input vector on the current coefficient
vector also makes the derivation of a condition on stability very involved. In general, as
the number of parameters being estimated increases, the condition on the initial guess
required for stability becomes more restrictive, as the algorithm has more degrees of
freedom in this case. The complex dependence of stability on the initial guess makes
simulation-based stability analysis preferable.

Mean convergence of the CRLS is guaranteed for A = 1 as soon as the number of
samples exceeds the number of filter taps used [35]. For A < 1 mean convergence is

achieved only asymptotically. As a result, a CRLS estimator will have a bias in its
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estimate, which disappears only when steady-state is reached. This bias can affect the
stability of the NL-RLS when it is used with A < 1. For this reason, a forgetting factor
as close to 1 as possible is required when using the NL-RLS in practice. Simulation
results will be used to illustrate the behavior of the NL-RLS when applied to the joint
estimation problem when the forgetting factor is not sufficiently close to 1.

In the steady-state, the CRLS has an excess mean square error (MSE), defined as

Pr(00) = E { 9o — ag{,a;oof} — Py, (2.19)

that decreases as A approaches 1 [35]. In Equation 2.19, Py is the MSE when the
optimum weight coefficients are used in estimating y. For A = 1, the steady-state excess
MSE is zero. In the case of the NL-RLS, the steady-state MSE cannot be assumed to be
zero. Again, this is because of the dependence between the effective input vector and the
weight coefficient that is introduced by the NL-RLS and which changes the steady-state

analysis.

2.5 Chapter Summary

In this chapter, the OFDM burst mode synchronization and channel estimation problem
was presented in detail. Based on the discussions, synchronization and channel estima-
tion schemes for burst mode OFDM were shown to require low complexity, low training
overhead, and good accuracy. As a result, a joint estimator for the problem becomes
an attractive solution. To make such an estimator practical, the non-linearity in the
joint signal model must be removed and an estimator with a low processing delay must
be chosen. For these reasons, an adaptive non-linear estimator is chosen. The basic
framework for this estimator in terms of the non-linear model of the received samples
was derived. The CRLS was chosen as the weight update function to take advantage of
its fast convergence. Using the NL-RLS, a joint synchronization and channel estimation

algorithm can be derived in several ways.
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Chapter 3

The Joint CFOCE-C Algorithm

Joint estimation of the CFO and channel parameters can be made to fit nicely into
the framework of the NL-RLS of Section 2.4. In this chapter, a NL-RLS-based joint
CFOCE-C algorithm that ignores the effect of SFO between the transmitter and receiver
is presented. Some example applications where no SFO is present, or where the CFOCE-
C algorithm could be applied in the presence of a SFO are presented in Section 3.1. The
algorithm itself is derived in Section 3.2 by following a set of criteria that are expected to
yield the best performance. These criteria are selected using the background presented
in Chapter 2. In Section 3.3, the performance of the estimator, measured in terms
of estimator variance as compared to the CRLB, is evaluated. Also, using the frame
structure discussed in Section 2.3.5 the BER performance of the CFOCE-C is shown
to be superior to two alternative methods of channel estimation and CFO correction.
Finally, in Section 3.4, the stability and steady-state behavior of the estimator is analyzed
in order to determine the allowable range of CFO over which the CFOCE-C shows the

obtained BER improvement.

3.1 Applications of a Joint CFOCE-C Algorithm

Despite not treating the effects of SFQ, an algorithm that jointly estimates and compen-
sates for CFO and channel distortions may have a wide range of applications. Firstly,
it can be used in systems where the SFO is negligible. In some burst mode systems,
the burst may be short enough that the ICI caused by a SFO can be ignored. In this
case, a simplified version of Equation 2.11 can be used for estimation and compensation.
~ Pilot subcarriers, or the cyclic prefix correlation-based method can be employed in this

case. The algorithm can also be employed in a system which already contains a SFO and
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symbol synchronization. As mentioned in Section 2.3, algorithms that perform this joint
synchronization are common and quite advanced. The method presented in [25] itself,
for instance, is used in many hardware implementations due to its robustness. Finally, to
support high data rates, many systems proposed of late make use of cell synchronization
where the base station and each of the mobiles derive their sampling clocks from the
same source. One such system, the SC-OFDM system, is proposed in [37]. The joint
CFOCE-C would prove useful in such systems to correct CFO and estimate the channel

with low training overhead.

3.2 Derivation of the Estimator

Equation 2.13 gives a very general framework for a non-linear estimator in terms of ob-
servation samples, input samples, and the unknown coefficient vector being estimated.
When applied to the problem of jointly estimating the CFO and channel, much leeway
exists in the choice of ¥, x,, and W, because the FFT/IFFT expressions can be included
in the expression for the non-linear function f(). For this reason, in an OFDM system,
Yn, T, and W, can each independently be time domain or frequency domain quantities.
In fact, the vector w,, can in theory contain both time and frequency domain quantities
simultaneously. The choices used for the joint CFOCE-C algorithm must first be dis-
cussed in terms of their motivation. The expression for f() and the implementation of

the estimator will follow from these choices and from the theory in Chapter 2.

3.2.1 Motivations for a Time Domain Approach

Three major issues arise when deriving a joint CFO and channel estimator from the NL-
RLS. Firstly, the framework for the NL-RLS derived in Section 2.4 is general enough
that both a time domain and frequency domain implementation is possible. In a time
domain implementation, the observation samples ¥,, and the non-linear function f() are
time domain signals (taken prior to the FFT in the receiver). In a frequency domain
implementation, the quantities are frequency domain signals (taken after the FFT at
the receiver). Secondly, depending on whether the expression for the FFT or IFFT is
included in f(), the coefficient vector @ could contain quantities in the time domain or
the frequency domain. In the time domain, the coeflicient vector would contain the CIR
and a parameter or parameters representing the exponential term in Equation 2.8. In the
frequency domain, the coefficient vector would contain the channel frequency response

and a parameter or parameters to represent the subcarrier rotation and attenuation
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caused by the CFO and expressed in Equation 2.9. Finally, an issue which is related to
the choice of the domain of f() and @ is the domain in which to compensate for the
distortion caused by the channel and CFO.

The first and most obvious choice for the options mentioned above is in the way
to perform compensation. We choose to perform CFO compensation in the time do-
main, and channel compensation in the frequency domain for several important reasons.
Firstly, a frequency domain channel compensation maintains the traditionally accepted
OFDM receiver structure which emphasizes the parallel channel model of Figure 2.2. It
also avoids noise enhancement from channel equalization and imperfect compensation
due to finite length of the filter representing the inverse of the CIR (which is gencrally
infinite length). Compensation of the CFO in the time domain ensures that, assuming
perfect knowledge of the CFO, orthogonality in the tones is restored prior to performing
the FFT on the received frame. This will cause channel compensation to perform better
since the ICI in Equation 2.9 will have already been removed completely (or partially
in the case of imperfect knowledge of the CFO). Our method therefore has an imme-
diate advantage over those proposed in [38] [5] [24] which ignore the ICI altogether.
The alternative of removing the ICI in the frequency domain would be too complex for
implementation because of the dependence on all the subcarriers in the expression for
the ICI suffered by each tone. Although including all or part of the ICI as a parameter
to be tracked itself is another alternative, this would greatly degrade the performance
of the estimator due to the large increase in the number of parameters to be tracked.

Despite the use of frequency domain compensation for the channel, both the channel
and CFO will be represented by time domain parameters in the coefficient vector. Since
v € N, fewer parameters need to be estimated when describing the channel using its
CIR than are needed when it is described using an N-point frequency response. This
should lead to more accurate characterization of the system and better performance.
Also, a time domain characterization is preferred since, as mentioned in Section 2.4,
stability of the NL-RLS depends on the number of parameters estimated. The drawback
of estimating the impulse response is the need for an FF'T to convert from a time domain
CIR to a frequency response required for frequency domain equalization, as well as an
IFFT required for conversions of the frequency domain decisions to the time domain in
the estimator model. However, it will be shown in Section 3.2.3 that the FFT and IFFT
are required only once per frame and not once per sample. A hardware implementation
could therefore share this additional FFT/IFFT module with the FFT module in the
demodulation path of the receiver through a pipelining operation.

Finally, the choice of a time domain implementation over a frequency domain imple-
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mentation is made for both performance and complexity considerations. The strength
of any adaptive estimator depends on the amount of new information it sees as ob-
servations, or equivalently, on the number of iterations it performs [35]. In the time
domain, due the presence of the cyclic prefix, the estimator will benefit from the use of
N, = N + N, iterations as opposed to less than N iterations in the frequency domain
(assuming some tones are used as a frequency domain guard band as is the case in [14]).
In addition, since the input signal used consists of decisions on each tone, an error signal
e, generated by comparison with time domain observations will reduce the chance of
instability caused by decision errors because a decision error is first redistributed over
the entire frame by means of the IFFT before it used in the estimator. The reduction of
the impact of decision feedback errors on estimator performance resulting from a time
domain approach is explored in more details in Section 3.3.3. Also, given the importance
of the choice of representing the channel by its CIR, a time domain error signal avoids
having the FFT function in the expression for f(), thus simplifying the generation of

both f() and its gradient expressions in the estimator.

3.2.2 Non-Linear Function Development

By following the above motivations, the non-linear function will estimate time domain
observation samples and will be a function of time domain arguments. Assuming perfect
carrier phase between the transmitter and receiver at the start of transmission, the

minimum mean squared error (MMSE) estimate of the observations will be given by

v—1

—~ jd2mis ™ .

Yy = e!"N ‘D E By Tier; 1=0,1,... (3.1)
r=0

where z; is the transmitted signal after addition of the cyclic prefix and 7 is the absolute
time index. The cost function we attempt to minimize by applying the NL-RLS to

Equation 3.1 is the total squared error from the start of adaptation,

2

M-1 v—1
CM (h()a h'la ey hv—l’ g) = Z Y — ej%yé Z};T'Ii—’r‘ (32)
i=0 r=0

There are two main flaws with the direct application of equation 3.1 in the NL-RLS.
Firstly, we have assumed that the carrier phases are initially synchronized, as is done
in [39]. This cannot be guaranteed in a practical system where the two clocks function

independently. More importantly, using expression 3.1 for f() in the NL-RLS results in
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a gradient having magnitude that increases without bound, since

Oy 2mi_

This increase will eventually cause instability in the NL-RLS and must be avoided. Both

of these flaws can be remedied by modifying the expression for y; to include a parameter
2rc
N
This parameter is part of the coefficient vector @ and its update proceeds in two stages.

() modeling the cumulative phase of the CFO, which increases by at each iteration.

1. The estimate of the parameter 8 is first updated by the NL-RLS algorithm at each
sample instant so that the carrier phase offset is tracked. This makes the algorithm

more robust to phase noise as well.

2. Following this update, the new value of 8 will be increased using the deterministic
update rule given by
~ -~ 2
9 A 9 i —C i 34
o =%+ 7o (3.4)
before it is used for estimation of ¥4, and in generation of W;1y).
In steady-state, 5(1') will converge to a linearly increasing quantity that is governed by
Equation 3.4.

With the introduction of the parameter 6, the coefficient vector, estimate of the

observation variable, and cost function at iteration ¢ are given by the set of equations

below

o~ - - -~ ~ — 71

Wiy = [ hO(i)v hl(i)) ) h'u—l(,;)7 €(i)» 0(1) ] (35)
A 2 ’U‘—l o~
Ui = f(z;, w) = 1 (0+5%) Z hez;_, .(3.6)
r=0
= N N N M o v—1 N 2
C]M (h'O(M)a hl(M)J R hv—l(M)a g([\d()a Q(M)) = Z Yi — BJ(0+W6(M)) Z h"r(M)'Ti—T‘ (37)
i=0 r=0

Computation of the gradient vector of the function in equation 3.6 can be found in

appendix A.
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3.2.3 Estimator Implementation

Figure 3.1 below shows a block diagram of a receiver containing the joint CFOCE-C
algorithm to track and compensate for the CFO and CIR.

DEMODULATOR

Frequency Domain Hard
Equalization Decision

CFO Removal
Vi S/P and CP
removal

CFO phasé term

Frame By Frame
Parameter Update

ESTIMATOR

NL-RLS Weight
Update
N

CFO phase
term

CP insertion
and PIS H IFFT

Fig. 3.1 OFDM Demodulator with the CFOCE-C Algorithm

The demodulator module performs CFO removal and frequency domain equalization
using the CFO and channel estimates provided by the estimator module. These estimates
are updated at the beginning of each OFDM symbol so that the demodulator can process
the input in the traditional symbol-by-symbol fashion. The estimator, on the other hand,
functions on a sample-by-sample basis. Estimates of the CFO and CIR are updated
using the NL-RLS update rule at the arrival of each observation sample y;. It should
be noted that for a linear problem, the estimator could function in a symbol-by-symbol
fashion, using least squares estimation for instance. However, the strength of sample-
by-sample estimator update is that it allows for a practical non-linear estimator, since
a multivariable Taylor series expansion would result in an estimator with a much more

complex implementation. Figure 3.1 depicts decision feedback operation. If the data
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bursts contain a preamble, the input symbols to the estimator during this preamble will

be the known preamble sequence instead.

3.3 Performance Evaluation of the Estimator

The performance of the CFOCE—C algorithm is evaluated both analytically and by sim-
ulation. The CRLB is computed analytically to serve as a reference for the variance of a
joint estimator for the problem. The effect of decision feedback errors is also investigated
analytically. A more practical evaluation is done through simulation on a system with
preamble and data structure described in Section 2.3.5. Comparison with other methods
is used in order to confirm the effectiveness of the joint time domain approach adopted
by the CFOCE-C algorithm. Details concerning the simulation environment are first
described in Section 3.3.1.

3.3.1 Simulation Details

The joint CFOCE-C algorithm is evaluated by simulation using the IEEE802.11a burst
format and specifications [14]. Although the algorithm is general enough to perform
qualitatively the same on any burst mode system with CIR length limited to the length of
the cyclic prefix, simulations on this platform serve as a practical reference in comparing
with other methods presented in the literature.

All simulations in this thesis have been performed with 64-QAM modulation on
all tones, the maximum allowed by the IEEE802.11a standard, in order to simulate
maximum rate transmission. Both AWGN and exponentially decaying Rayleigh fading
channel are tested. An exponentially decaying Rayleigh fading channel has a continuous
impulse response of the form in Equation 2.4 with each a; having uniformly distributed
phase, and Rayleigh distributed magnitude. The variance of the Rayleigh random vari-
ables for each path is obtained from the exponential function [40]

0} = g2e T/TrMs (3.8)
02 =1— ¢ T/Trus (3.9)

where Trps 18 termed the RMS delay spread of the channel. For the Rayleigh channel
used in our simulations, an RMS delay spread of Trars = 25ns is used, as suggested in
[40]. This is a typical channel for indoor environments. No coding of bits is performed,
and BER curves are plotted at typical uncoded BER values. A burst length of 225
OFDM symbols is employed in each case. A range of signal-to-noise ratios (SNR’s)
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were used in the simulations where applicable. Throughout this thesis, the SNR is
defined using the symbol energy at the transmitter, denoted F,. This allows for a fair
representation of results obtained in an exponentially decaying Rayleigh fading channel
where the channel may attenuate the signal considerably for a number of realizations.
Performance results which assume an exponentially decaying Rayleigh fading channels
can therefore be expected to be considerably worse than those which assume an AWGN
channel.

A CFO with desired magnitude is introduced into the received frame before any
receiver processing is performed. This could represent the result of coarse CFO correction
by the SCA algorithm. Before application of the joint CFOCE-C algorithm, coarse and
fine timing synchronization are performed to simulate a practical system. Coarse timing
synchronization is performed using the correlation method introduced in [2]. Fine timing
synchronization is achieved using cross-correlation with the long training symbols in the
preamble. Finally, an advancement of the FFT window of two samples ensures that
the start of the FFT window occurs inside the ISI free region despite possible timing
errors. As a result, residual timing errors after this point can then be accounted for by
an estimated CIR with leading zeros.

The joint CFOCE-C algorithm employs decision feedback throughout the data por-
tion of the burst. For this reason, the four pilot tones normally used for fine synchroniza-
tion during the burst carry ordinary data instead. These tones are, however, employed

as pilots when simulation results of pilot-based methods are presented.

3.3.2 CRLB for the Joint Estimator

The quality of an unbiased estimator for a set of parameters is given by the variance
of the estimator as compared to the best estimator for the problem, whose variance is
given by the CRLB [41]. The NL-RLS given in chapter 2 was shown to be asymptotically
unbiased in [31]. The performance of the joint estimator was evaluated by comparing its
variance to the CRLB. For an estimator applied in burst mode systems, the behavior of
the estimator variance with time is of greater importance than its variance for different
SNRs. For this reason, the value of the CRLB at each sample of the burst is desired.
For a joint estimator, the Fisher information matrix (FIM) must be derived to obtain
the CRLB for each of the estimated parameters [41]. The parameters estimated in the
case of the joint CFOCE-C algorithm are the CIR and the CFO parameter e. Since
it is used as an aid to ensure stability, the parameter 6 is not included in the model
for deriving the FIM and the model containing the linearly increasing phase term of
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Equation 3.1 is employed instead. The derivation of the FIM and the CRLB is given in
detail in Appendix B.

The variance of the CFO and CIR are estimated by an averaging process given by:

'~ 1 & o~ 2
war () = 53 oy —
i=1

" (3.10)
var (Rgm) = 7 2 IRiy — Al
i=1

where E’ém) and ?ém) are the estimates of the CIR and CFO respectively at time instant
m that are obtained for the ith realization. The averaging is performed over R packets
having identical transmit data and CIR realizations. This is because the CRLB, and
hence the minimum variance of an estimator, will depend on the transmit data and CIR,
as shown in Appendix B. An R of 1000 was employed in the simulations. A random
realization for the transmit data sequence and the CIR was used. It should be noted in
this case that the variance is computed with respect to the known values of the CIR and
CFO, and not with respect to the mean for the realizations. This ensures that a bias in
the estimator is displayed in the variance plotted variance curves.

Figures 3.2 and 3.3 show the variance of the estimator for different starting values of
the CFO. Simulations were performed for a single realization of a Rayleigh channel with
SNR of 30dB. Similar trends were obtained for an AWGN channels and different SNRs.
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Fig. 3.2 CFO Variance versus Time for Different Starting CFO
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Fig. 3.3 CIR Variance versus Time for Different Starting CFO

The above figures show that the estimator converges very rapidly to an eflicient es-
timator defined in [41], as was expected from the use of an RLS-type algorithm. The
increased gap in variance with time compared to the CRLB is a result of the approx-

imation of the optimal search direction that is introduced by the NL-RLS algorithm.
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However, use of decision feedback during the data portion, which begins after iteration
160, results in a considerable reduction of the estimator variance and consequently an
improvement in system performance as discussed in Section 3.3.4.

A larger value of CFO to be estimated causes oscillations in the CFO estimate vari-
ance. These oscillations arise due to the introduction of 8 into the tracking algorithm.
This parameter causes the CFOCE-C algorithm to behave much like a DLL in tracking
of the CFO. The increase in variance is attributed to a small time varying bias in the
estimate which is typical of the operation of a DLL, and which is visible in the variance
plots due to the variance definition of Equation 3.10. Oscillation increase in size as the
size of the CFO to be estimated increases, as is expected. A discussion of the effects of
CFO size on performance is included in Section 3.4.

The effect of varying A on the goodness of the estimator is shown in figures 3.4 and
3.5.

Estimator Variance
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Fig. 3.4 CFO Variance versus Time for Different A
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Fig. 8.5 CIR Variance versus Time for Different A

From the above figures, it can be observed that exponentially decaying memory has
an adverse effect on the stability of the NL-RLS. This is due to the bias introduced into
the CRLS estimates and was mentioned in Section 2.4.3. This bias should disappear in
the estimator as time progresses (as was noted in the proof of an asymptotically unbiased
estimator in [31]), however, its presence has adverse effects on the stability of the NL-
RLS. For values of A close enough to 1, the bias is in fact visible in the variance curves.
For the NL-RLS, this bias affects stability, as it will cause the search direction of the
algorithm to deviate too much from the optimal search direction. As a result, long data
bursts will require a value of A = 1 to ensure stability. Although A = 1 shows the best
estimator performance in the above figures, it should be noted that this value should be
avoided in practice. It was shown in [42] that the CRLS is numerically unstable under
the effect of finite-word-length when A = 1. For this reason, a practical implementation
of the CFOCE-C algorithm should use a value of A as close as possible to, but not equal

to, unity.

3.3.3 Effect of Decision Feedback Errors

It was mentioned in Section 3.2.1 that a time domain estimator will perform better
in the presence of decision errors than a frequency domain estimator because the IFFT
will redistribute an error over the entire symbol. This redistribution eliminates the short
term bias of the noise caused by a decision error. The removal of this bias is explained
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analytically by statistical arguments in what follows.

Consider a decision error with value Ae’¥ affecting any one of the N tones in the
demodulated symbol with equal probability. The decision feedback symbol can be viewed
as the desired symbol perturbed by some noise vector D. For one particular realization in
which the error occurs on the kth subcarrier, the estimated set of transmitted frequency

samples will have the form

_ X, . o
Xi
— 0
X=X+D=| - |+ . (3.11)
; Aed?
- XN—l - - O -

Two parameters of interest in analyzing the effect of this noise on the adaptive al-
gorithm are the variance of the noise (or equivalently, the SNR at the input of the
adaptation algorithm for a particular sample) and the mean value of one sample taken
over the set of NV possible realizations that corresponds to an error at each of the subcar-
riers. A noise with non-zero statistical mean will cause a bias in the input signal being
used as a reference by the adaptation algorithm, which in turn will result in a bias in the
coefficients being estimated. Such a bias will introduce additional decision errors due to
inaccurate demodulation and is of special concern in an algorithm such as the NL-RLS
because it can be large enough to cause instability, as was shown in Section 3.3.2.

In a frequency domain implementation, the decision feedback symbol itself is used
directly as the input to the estimator. From Equation 3.11, the SNR seen by the

adaptation algorithm is

NE {|X:|*}
A2

where F {|Xi|2} is assumed to be the same for all subcarriers. The mean value for any

SNRpppg = (3.12)

particular sample of the input is given by:

A .
prreg = E{X:} + ‘]-V:e”/’ (3.13)

since each realization of the error vector has equal probability. A bias term is therefore
introduced by the decision feedback error. This bias is in fact a temporary bias, since the

quantity 7‘:‘,—6” itself will have zero mean if enough errors occur at the same subcarrier.
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However, this temporary bias is of interest because in a short time window, it may cause
instability in the algorithm. In this case, the error must be considered as a deterministic
quantity, since the algorithm’s behavior depends on the statistics of the input signal over
a finite time window.

In a time domain implementation, X is first passed through an IFFT before being
used as input to the adaptation algorithm. This modified time domain input can be

expressed as

. 27k(0)
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where k is the tone position of the decision error and is assumed uniformly distributed
over the integers in [0, N — 1]. In terms of the frequency domain transmit power, the

SNR in this case is the same as the frequency domain implementation and is given by

NE{|X;|?
s YELXL) -
while the mean is given by the expression
Lelv if 1=0

0 if 1#£0

which results due to a well-known property for a sum of exponentials. The k£ = 0 case
in Equation 3.16 can be made to have probability zero if we consider the inclusion of
frequency domain guard bands [14] in which case, an error can never occur for this
tone. As a result, while the SNR at the input of the estimator is unchanged, the bias
in the noise caused by a decision error is eliminated by using a time domain approach.
Effectively, the IFFT will distribute a single decision error in the input over the entire
symbol with phases evenly distributed around the unit circle, and thus the estimator
will remain unbiased in the short term in the presence of decision feedback errors. Lack
of a bias avoids any possible instabilities in the NL-RLS, but also reduces deviation in
the coefficient vector with respect its optimal value.

A more intrinsic way of viewing the benefit of having the adaptation algorithm
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after the IFFT is obtained from an error performance surface view for the tracking
algorithm. A single decision error in the frequency domain would cause a significant
shift in the estimated coefficient vector compared to the optimum point. If this estimate
is redistributed via the IFFT, the estimate of the coefficient vector will more likely move
randomly and with smaller amplitude around the optimum value.

It also follows from the summary of the NL-RLS in Section 2.4.2 that the input
vector of the adaptive algorithm is actually the gradient of non-linear function at the
given transmit vector x rather than x itself. This further complicates the analysis of
the effect of decision errors on the NL-RLS. Simulation is used in the next section to

show the advantage of a time domain approach in a more exact fashion.

3.3.4 Performance in a Practical System

Although estimator variance is a universally accepted measure for the performance of an
estimation algorithm, system performance is much more important because it contains
a practical element, and because it accounts for the effectiveness of the compensation
scheme. Compensation of the CFO in the time domain by the CFOCE-C algorithm is
expected to have performance benefits over frequency domain compensation used in [38]
[28] [9]. The main goal in the performance simulations is to evaluate the advantage in

BER of
1. performing joint estimation of the CFO and channel, and

2. performing estimation of the CFO and channel in the time domain, as well as

compensation of the CFO in the frequency domain

The CFOCE-C method is compared with two benchmark methods to quantify the BER
gain of each of these. The first method, described in detail in [24] performs correlation-
based CFO estimation and LS channel estimation using the long training sequence.
Phase tracking is performed using four pilot tones. As mentioned in [24], this method
is common in low complexity implementations of an IEEE802.11a receiver. The second
method, presented in [9], performs joint estimation of CFO and channel in decision
directed mode of operation, much like the CFOCE-C method. However, the estimated
parameters as well as the error variable of the adaptive algorithm are all in the frequency
domain rather than the time domain. The LMS is the adaptive algorithm used in this
case.

Figures 3.6 and 3.7 show the BER performance of the three methods being com-
pared for an AWGN and exponentially decaying Rayleigh fading channel respectively.
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In each case, it has been assumed that an effective coarse CFO synchronization has been
performed to reduce the CFO to 100Hz.
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Fig. 3.6 BER versus SNR for Different Estimation Methods in AWGN
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Fig. 3.7 BER versus SNR for Different Estimation Methods in Rayleigh
Channel
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Both of the above figures show a gain of at least 2dB over a wide range of SNR
obtained using the CFOCE-C method. Several other observations can also be made.
Firstly, the degradation of the CFOCE-C method at low SNR attributed to decision
feedback errors is slightly lower than in the case of Method 2 due the use of a decision
feedback signal being employed after the IFFT. The CFOCE-C method still outperforms
Method 1, which does not employ any decision feedback, even at considerably low SNR.
Finally, at high SNR, the gain of the CFOCE-C method increases with respect to both
Method 1 and Method 2. This is most visible in Figure 3.6 and can be attributed to
time domain modeling and correction of the CFO, which causes ICI that is dominant
over AWGN at these large SNRs. At uncoded BERs typical of an uncoded system, the
gain of the CFOCE-C over Method 2 is of 3dB for an AWGN channel. Reversal of the
performance curves of Method 1 and Method 2 for the Rayleigh channel is attributed
to an approximation of the channel in the model derived in [9].

Figure 3.8 below further shows the robustness of the CFOCE-C method to decision
feedback errors, which was examined briefly in Section 3.3.3 The BER is plotted for
the normal operation of the CFOCE-CE as well as an ideal feedback implementation,
where the reference input to the estimator is obtained from the actual input used at
the transmitter, rather than the estimated input after decision feedback. The minimal
degradation of the decision feedback implementation compared to the ideal feedback
implementation at low SNR confirms the advantage of a time domain approach to esti-

mation. Similar results are observed for a Rayleigh fading environment.
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Fig. 3.8 BER versus SNR for For Ideal Feedback and Decision Feedback
NL-RLS in AWGN Channel

3.3.5 Effect of Sampling Frequency Offsets

As mentioned in Section 2.3.4, SFO causes a frequency dependant attenuation and phase
rotation. This attenuation and phase rotation also increases with time. The effect of
SFO on the performance of a channel and CFO estimation scheme depends on how well
the model can incorporate the frequency dependant attenuation and phase rotation by
representing it as a time varying channel. The CFOCE-C method represents the CIR in
the time domain, which allows little room for representation of a frequency dependant,
time-varying distortion. Method 2 outlined in [9] represents the channel in the frequency
domain, which allows for the effect of SFO to be incorporated into the channel estimates
of each subcarrier. Since method 1 in [24] tracks only a frequency independent phase
shift to correct for the CFO, it is most susceptible to a small SFO. o
Simulations were performed in an AWGN channel with a relatively short burst length
of 20000 bits. A SFO of 200Hz (n = 107°), which is within the allowable clock jitter
specified in [14], is simulated using the method explained in the next chapter. The BER

curves for each of the methods under these conditions is shown in Figure 3.9 below.
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While the CFOCE-C method remains more robust than Method 1, the degradation
compared to no CFO is significant enough to require modification of the model used
to derive the CFOCE-C to account for SFO. This observation, as well as the bene-
fit of maintaining a time domain approach, is used as a motivation for deriving the
CFOSFOCE-C method of chapter 4.

3.4 Stability and Steady-State Analysis

The analysis of stability and convergence of an adaptive algorithm is performed by
examining the properties of the weight error correlation matrix [36]. Such a matrix is
difficult to derive for the NL-RLS without introducing unreasonable assumptions due to
the dependence of the effective input vector on the weight vector, as mentioned in Section
2.4.3. This interdependence also introduces the possibility of instability. Simulation is
therefore a better alternative for evaluating the convergence and steady-state behavior
of the CFOCE-C algorithm.

A method of deriving an initial guess which guarantees stability for a large range of
CFO is of interest. Given that we deal with burst mode transmission, this initial guess
should be derived from the preamble. A possible choice for the initial guess would be a

block LS estimate using the preamble data. This choice has two major disadvantages.
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Firstly, it requires a matrix inversion in the case of a variable preamble. Secondly, it will
not ensure stability by itself because, although a good estimate of the coefficient vector
will be ensured, an estimate of the RLS inverse-correlation matrix is still unavailable.
As a result, the initial search directions generated by the NL-RLS may cause instability.

An improved initial guess procedure is described in this section. In this procedure,
the CRLS is first employed to ensure rapid convergence of the channel estimate and to
obtain an initial guess of the RLS-correlation matrix. As a result, the channel estimates
must account for the CFO during the initial convergence phase.

3.4.1 Imnitial Guess Procedure

Figure 3.10 below illustrates the procedure for deriving the initial guess of the coefficient

vector and RLS inverse-correlation matrix.

Long Training Symbols
< >
Prefix :
(32 samples) Ti T. 2 Burst Data
L L,
<l - [ | .
N i ; o . g Data %
Approximate Gradient Actual Gradient Actual Gradient

Fig. 3.10 Initial Guess Procedure Applied to the IEEE802.11a Preamble

The NL-RLS algorithm is first applied to the preamble with the known training
symbols as input. The initial guess of the coefficient vector and RLS inverse-correlation
matrix are as specified in the initialization portion of Table 2.1. In order to ensure
convergence, adaptation of only the CIR coefficients is allowed by setting the last two
elements of the gradient vector of Equation C.3 to zero over the first L, samples of
the long training sequence. This is an approximation of the actual gradient vector.
Since the estimate of y,, under this condition is now a linear function of the estimated
coefficients, the algorithm is effectively the CRLS, which is guaranteed to converge for
any initial guess. The CFOCE-C algorithm as described in the previous sections is then

enabled during the next L, samples, as well as for the data portion of the burst. Decision
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feedback mode is enabled at the start of the data portion.

It should be obvious from the above description that stability of the algorithm will
be affected by two factors. Fii‘stly, a large enough value of L; is require to obtain good
enough initial guesses of the coeflicient vector and the RLS inverse-correlation matrix
before the NL-RLS algorithm is started. The second issue is the size of CFO that must
be estimated. During the first L, samples, since the CFO term in Equation 3.1 is ignored
in estimation, the CIR estimates must account for the effect of a CFO as well. This
effect is actually a time-varying phase rotation of the CIR. The effective channel to be

estimated during this phase is the time-varying channel defined by

% h 0<i<lI,

haers =93 (3.17)
™~ " h

12> L

If the CFO to be estimated is too large, the effective CIR over the first L; samples will
change too quickly for the RLS with A = 1 to track the channel adequately. Each of
these factors is considered by both analysis and simulation.

It should be noted that the NL-RLS is not limited to use in a problem where it can
be transformed to a CRLS by setting some of the gradient elements to zero. In more
general problems, an alternate method of obtaining a good enough initial guess of the

coefficient vector and correlation matrix must be derived.

3.4.2 Transient Analysis of the NL-RLS in the Preamble

Since the effective channel to be estimated during the first L; samples of the long training
sequence changes with time, analytical evaluation of the performance of the NL-RLS
during these samples can be done in a method similar to the tracking performance
analysis of the CRLS found in [43]. Some minor changes need to be made to the analysis
in [43] for it to apply to the time varying channel given in Equation 3.17. Effectively,
the channel model used in the analysis is not Markov as it is in [43]. Instead, the model

which results from Equation 3.17 is illustrated in the figure below.
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Fig. 3.11 First Order Channel Model for L, Preamble Samples

Figure 3.11 shows a deterministic update rule for the coefficient vector to be tracked

that is given by

ci=c¢c_1+bei_q (3.18)

where
¢i = hiy.pf : (3.19)
b=cl" —1 (3.20)

It should be noted that rather than modeling the effect of the CFO as a multiplying
constant a of [43], the effect of the CFO is instead modeled as an additive term. This
is because [43] requires a =~ 1, which is not the case for the exponential term, which
varies around the unit circle with time. Unlike in [43] the disturbance vector be;_; is
deterministic and need not be uncorrelated with the coefficient vector. The correlation

matrix of the disturbance vector is

E {(bei1)(beit)} = |bPhhH (3.21)

As a result, the correlation matrix K of the weight error vector e; = ¢; — ¢; is given by

1A 1_003(%) H
K, ~ 5 ‘R~ + Y hh (3.22)

where R is the correlation matrix of the input vector x, o2 is the variance of the noise,
and it was assumed that A &~ 1 but A 5 1 [43]. This last assumption is reasonable, given
the discussion in section 3.3.2 which treats the selection of A. In deriving Equation 3.22

it is assumed that 7 is large. As a result, the approximation becomes better for the
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last of the L; samples, assuming L, is large enough. Also assumed is the independence
of ¢;_; and x; which follows from the independence of the CIR and the transmitted
time-domain OFDM symbol.

From the correlation, the mean square deviation (MSD) of the coefficient vector is
obtained by taking the trace of the matrix in Equation 3.22. As in the case of the CRLS
tracking a Markov channel model, the MSD for the NL-RLS with simplified gradient

has an estimation variance term contributed by the matrix R and a lag variance term:

— 1— 2n¢
D~ 1202 (R 4 (1“’_8 g)N ) hfP A £ 1 (3.23)

Provided L; is sufficiently large, the MSD of the channel estimates will approach the
expression in Equation 3.23. The two contributions in equation 3.23 vary in proportion
to (1-X) and (1 — X)~! which indicates the presence of a optimal value of the forgetting
factor as was derived in [43]. However, since ¢ is orders of magnitude less than A, the
lag variance term tends not to contribute and the optimal value of A is very close to
one, as was found in Section 3.3.2. For large initial CFO, the minimum MSD that can
be achieved over the first L; samples increases, and an alternative optimum value of A

that is CFO dependant is required.

3.4.3 Effect of Preamble Length on Stability and Steady-State Performance

Stability and steady-state behavior is evaluated from the MSD at the end of a burst of
225 OFDM symbols, in which case steady-state is assumed. The MSD in this case is
defined as

R

1 - (i) 12
MSD =+ Sl — | (3.24)

i=1

where 't/i\J(i) is the estimate of the coefficient vector excluding the parameter 6 at the
steady-state for the ith realization, and R = 1000 realizations were used as in the case
of variance computation in Section 3.3.2. Also consistent with variance computation is
the exclusion of 6 required to measure the performance of the estimator. The CFOCE-C
is deemed stable if the MSD is considerably smaller (at least 3 decades) than the squared
norm of the vector w, which is approximately 1 in both AWGN and Rayleigh channels.
To determine the required length L; that ensures stability as well as the value that
results in the best estimator performance, the MSD at the end of the burst is plotted
for different values of Ly in Figure 3.12 below.
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Fig. 3.12 Steady-state MSD versus Length Ly for Different Channels

Stability is reached when marginal changes in the value of L; make only small changes
in MSD. This indicates the absence of any unstable realizations which produce a high
MSD for that iteration and affect the size of the quantity computed in Equation 3.24.
From the figure this occurs for L; =~ 30 for AWGN and Rayleigh channel at 40dB and
at L; = 60 for Rayleigh channel at 30dB. Furthermore, an optimal value of L; =~ 90 is
observed for cach of these three channels. Values larger than L; =~ 90, although they
produce a stable result, suffer from a slightly higher steady-state MSD because of fewer
samples used to refine the estimate of the initial guess and the inverse correlation matrix
when the exact gradient is used. It should be noted from the discussion of Section 3.4.2
that the value of the CFO has no effect on the optimun Ly provided the algorithm can
track the time varying channel produced by this CFO during the L; samples. A CFO
of € = 3.2 x 107 was chosen for the simulations in Figure 3.12, which is shown to be
sufficient for stability in Section 3.4.4 that follows.

The following conclusions can also be made from Figure 3.12. Firstly, it should be
noted that stability is maintained even when L; = 160, in which case the refinement of
the coeflicient vector and inverse correlation matrix that occurs when the exact gradient
is used is performed only in the data portion of the burst. The importance of this

observation is that the minimum value of L; could be used as the length of the preamble
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itself and acceptable performance can be expected. A preamble of 60 samples for the
CFOCE-C is therefore sufficient in each of the above channels. Secondly, the steady-
state MSD for a stable CFOCE-C algorithm is independent of the length of the CIR, as
it remains the same for both AWGN and Rayleigh channels with the same SNR. This is
expected, since in each case the algorithm tracks the same number of CIR parameters.
The value of L; required for stability is lower in the case of an AWGN channel than
a Rayleigh fading channel, owing to the closeness of the initial guess to the AWGN
CIR. Therefore, the channel type affects the required preamble length, but not the final
performance of the estimator with a sufficient preamble. Finally, higher SNR results

both in a lower steady-state MSD as well as a lower minimum L, to achieve stability.

3.4.4 Effect of CFO on Stability and Steady-State Performance

Following the results of Section 3.4.3 a value of L; = 90 is used to determine the range
of CFO in which the CFOCE-C can be employed reliably. The results are summarized
in Figure 3.13.
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Fig. 3.13 Steady-state MSD versus SNR for Different CFO

Comparable steady-state performance is obtained for values of € up to 10~2 approx-
imately. For this range of CFO, the BER performance of the CFOCE-C should be as
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given in Section 3.3.4 where the CFO used was 3.2 x 107%. Beyond 1072, the perfor-
mance of the estimation algorithm begins to degrade with increase in the CFO and some
realizations become unstable. Stability is lost for a significant number of realizations
for values of € beyond 3 x 1072, Therefore, to ensure operation at a point which is far
enough from instability, the CFOCE-C requires a CFO of less than ¢ = 1072

3.5 Chapter Summary

The joint CFOCE-C algorithm derived in this chapter was shown to maintain a relatively
low estimator variance and to provide a gain of at least 2dB over a large range of SNR
compared to the better of the two alternative methods presented in this chapter. This
gain can be expected for a starting CFO of up to ¢ = 1072, Simulation results were used
to show the sensitivity of the CFOCE-C algorithm to a SFO. As a result, a modification
to the CFOCE-C which estimates the SFO as well is necessary.
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Chapter 4

Joint CFOSFOCE-C Algorithm

When the sampling clocks of the transmitter and receiver are not synchronized, the re-
ceiver must estimate and compensate for SFO to ensure that performance is not degraded
as the length of the burst increases. For long bursts and/or large frequency offsets, an
FFT window adjustment is also required to maintain proper timing and avoid ISI. In this
chapter, a joint algorithm that performs CFO, SFO and channel estimation using the
NL-RLS, and compensates for the distortions digitally, is presented. This algorithm can
also inherently adjust the FFT window based on the information it tracks. A model for
simulating the effect of SFO in the receiver that will serve in evaluation of the algorithm
by simulation is first derived in Section 4.1. More importantly, the model shows that
even in the presence of a multipath fading channel, the effect of a SFO can be modeled
as a frequency dependent phase rotation followed by a linear convolution by a modified
CIR. In Section 4.2 the joint algorithm is derived based on the observations in Section
4.1 and implementation details are given. Section 4.3 shows that the CFOSFOCE-C al-
gorithm outperforms an alternative joint synchronization algorithm in terms of system

BER.

4.1 Sampling Frequency Offset Modeling

The effect of CFO and SFO on the received time domain samples in an OFDM system
is given in [7] and [5], however, both assume an AWGN channel. In order to derive a
NL-RLS-based joint estimator for these frequency offsets which also considers the effect
of a multipath fading channel, an expression for the received samples involving the effect
of the channel is first derived here. Furthermore, in order to simulate the effect of a SFO

using digital simulation tools, an interpolation and resampling of the received samples
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is generally required. This operation will introduce distortion into the received signal,
making it difficult to assess the performance of the estimation algorithm. For this reason,
a digital model for the effect of SFO that does not involve resampling is of interest and
follows from the model of the received samples that is derived in this section. Modeling
the SFO using this method requires some synchronization assumptions to be made, but
these assumptions are shown to be practical. The derivation presented in this section
uses the resampling technique of [7], however, the technique is applied to a general
multipath fading channel and further analysis is made here to obtain a time domain
model.

The figure below shows an OFDM system with the analog front-ends of both the

transmitter and receiver.
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Fig. 4.1 Source of SFO in an OFDM System

The channel h(t) is a multipath fading channel with path gains that are assumed
invariant over the transmission burst interval. The analog impulse response for this
channel was given in chapter 2. It is further assumed in our model that the bandwidths of
the transmit and receive analog filters are large enough that the overall sampled impulse
response has a negligible amount of energy outside the length of the cyclic prefix. In this
case, the overall impulse response E(t) is limited to a maximum length of N, samples, or
N,T" seconds. Finally, the bandwidth of the receive filter should be considerably larger
than the signal bandwidth so that the noise w(t) remains approximately white at the
sampling stage of the analog-to-digital converter (ADC).

To adopt a time domain approach, the interference between time domain samples
at the receiver prior to demodulation is first examined. With the assumption of a large
enough cyclic prefix, ISI between OFDM symbols does not occur and only interference
between samples of the same OFDM symbol exists. For the first v — 1 data samples of
Yn, the interference involves samples in the cyclic prefix, while for all other samples, the
interference is caused purely by the preceding data samples of the transmit signal. In
the later case, the received signal can be expressed as a linear convolution of the data

symbol with an FIR channel. Using this fact and adjusting for the first case, the received
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time domain data samples (after removal of the cyclic prefix) for the I received OFDM

symbol can be expressed in terms of the transmitted tones as

1~ el i N—-1 27k Y A
Yoo Qped A lna=iT) LSS X i N =T =Nt NJT) . 3 qp,y 0<n<v—1
Yn,l = amk ,
~ ) _ . 2nk .
E’U (} aleJQﬂ'Af(tn,l——zT )__11\7 fc\;ol Xk’l@J_NT (tn,1—iT"—(INs+Ng)T') + Wiy n 2 v,

(4.1)
where t,,; is the sampling time for the n* sample of the I** OFDM symbol defined by

tay=(INs+ N, +n)T;0<n<N-1, (4.2)

T, T' are the transmitter and receiver sampling clock periods respectively and 3, is an

additional interference term defined as

v—1 N-1
/317, = Z ai <GJ27TAf(t01 —iT') 1 ZX’C lciw—’"(tN il (le+Nq)T))
i=n+1 N k=0
1 N-1 _
—_ Z a (GJZWAf(Lnl_'L7 )_ Z Xk lcj%g%:(trt,l—i71/—(qu+Ng)T)) . (4_3)
N ¥
i=n+1 k=0

In Equation 4.1 it has been assumed that there is no timing offset between the
transmitted and received symbols. A timing offset can be accounted for in this equation
by modifying t,,; appropriately, provided the receiver begins OFDM symbol sampling
in the ISI-free portion of the cyclic prefix. If this is not the case, the model given in
Equation 4.1 is incomplete and the effect of ISI must be included.

Ignoring the additional interference term, and making the substitutions A f = m
and 7" = (1 + n)T into equation 4.1 the received samples can be simplified as shown
below.
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Since both ¢ and 7 are assumed to be small, the bracketed summation term in equation

4.4 can be approximated as a modified frequency response defined as

v—-1
— ~ o i2med 2min(N/2) 2rki
H, = {OzzeJNcJ N }0’
i=0
- (4.5)

In Equation 4.5 the dependence on k in the last exponential of the expression for h;
is removed by assuming k = N/2. This will minimize the maximum error in any of
the values of Hj and will result in a negligible error in the expression for y,,. Using
this approximation, the joint effect of CFO and SFO can be incorporated into the time
domain CIR, which is of interest since our estimator operates in time domain.

What remains is to characterize any changes in the transmitter required to generate
received samples given by Equation 4.1. Substitution of the expression of Equation
4.5 into Equation 4.4 and performing additional simplification yields the following two

equivalent expressions for the received data samples

N-—
. 27e ]. — n, _k
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k=0 m=0,1,...,N-1 n

(4.6)

where the interference term is accounted for by the variable 3, whose value is given by

_ Bn 0<n<v-—1
B = (4.7)
0 n>w.

Aside from the exponential term inside the summation, Equation 4.6 has the exact
form of a received signal under CFO and channel distortion only. This additional expo-
nential term therefore represents exactly the loss of orthogonality in the transmit signal
caused by a SFO. In order to simulate this loss of orthogonality without the need for

resampling the transmit data, the extra exponential term can be incorporated into the
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IFFT at the transmitter, resulting in a modified IFFT definition. This modified IFFT

will generate the transmitted data samples according to the equation

N-1
s2nkn 2k
Ty = 3 Ky R A FE NNy, (4.8)
k=0

The cyclic prefix will consist of the last P samples of the modified IFFT output so that
the circular convolution of Equation 4.6 occurs in the data samples when the prefixed
OFDM symbols are linearly convolved with the modified CIR of Equation 4.5.

In addition to providing a transmitter model which can incorporate the effect of a
SFO in the received time domain samples, Equation 4.6 can now serve as the starting
point for the derivation of the joint CFOSFOCE-C algorithm. The derivation of the
algorithm in Section 4.2 uses this equation.

Finally, as was mentioned, Equation 4.8 accurately describes the effective transmitter
seen at a receiver suffering from SFO only in the case that the receiver samples in the ISI-
free region of the cyclic prefix. For instance, for an AWGN channel and a receiver with
an OFDM window that is initially perfectly aligned with the transmit data, a circular
shift of N, samples is allowable in one direction, while in the other direction, a shift of
one sample will result in ISI that is not accounted for by the transmitter model. In order
to include the effect of ISI at the receiver, the transmitter must be able to simulate the
effect of a clock drift. This is accomplished by an adjustment of the transmit OFDM
window by the insertion or removal of a time domain sample. In this way, the stream
of time domain samples will appear shifted at the receiver. In order to maintain data
consistency, samples will always be added to or dropped from the cyclic prefix. When
a sample is added, the prefix length for that particular OFDM symbol is N, + 1 and
when a sample is removed, the prefix length for that symbol is N, — 1. The value of
m = INs;+ N,+n in Equation 4.8 is then reduced by the appropriate amount at the start
of the data portion of this modified OFDM symbol in order to account for the change
in the transmit window. As opposed to tracking n and [, the value of m is tracked by
the transmitter to obtain better granularity during this change.

The condition for a modification in the length of the prefix for a given symbol is that
the last sample of the previous symbol satisfies

Im| > 1 (4.9)

In this case, adjustment to the prefix is made, and the value of m is modified according

to
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1
Mnpew = Mold — [mJ (410)

Since changes in the transmit window can only occur at OFDM symbol boundaries, the
value of m = IN; + N, + n may moinentaiily have an absolute value larger than one.
In this case, ISI will not be simulated by the transmitter when the receiver’s OFDM
window matches the data exactly. For this reason, the receiver being used with this
transmit model must always sample the OFDM symbol early (begin the window inside
the cyclic prefix) by at least one sample in order for the transmit and receive pair to
always simulate the true effects of a SFO. Although this may seem to be an impractical
assumption, the practice of early sampling in the receiver is already common, since it is
used as a protection mechanism against ISI caused by imperfect receiver timing [24]. In
addition, if this assumption is not used, the consistency of the transmit model is only
affected for one OFDM symbol.

The figure below shows a practical OFDM transmitter and a transmitter modified

so that it can model the effect of SFO without any oversampling.
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P Modified IFFT » Insertion b window adjust Digital Channel >\_|_/ >
h

Digital Model

Fig. 4.2 Digital Model of an OFDM Transmitter with SFO

As mentioned, the window adjustment in the transmitter is used to maintain a con-
sistent simulation model by causing ISI in the case of an FFT window drift. This window
adjustment is independent of the one performed by the receiver described in the next
section, which is performed exclusively for ISI avoidance.

Consistent with Equation 4.6, the interference 3, is added as noise at the receiver.
The effect of this interference, nonetheless, is minimal, and its effect is ignored in the
derivation of the estimator in Section 4.2. To confirm this, if n is sufficiently small,

and since the sampling period 7" is generally in the nanosecond range [13] [14], then
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H F Heald : g . .
ei2mA (o1 —iT") ny i27Af(tn1=T") gnd the interference term can be approximated as

v—1
Bom Y T (TFFT{X)}y_, — IFFT{X.},) . (4.11)
i=n+1

From the limits of the summation in Equation 4.11 we see that only the first few
samples of the frame are affected by the interference since the path gains ¢; tend to die
off rapidly. Since the behavior of the estimator over the entire symbol of N samples is
desired, we can ignore the effect of the interference on the first sample at the receiver.
This interference is nonetheless added in the transmitter, since it is part of the effect of

the SFO and must be simulated.

4.2 Derivation of the Estimator

Derivation of the joint CFOSFOCE-C algorithm follows the same strategy as the deriva-
tion of the joint CFOCE-C algorithm. The same motivations of Section 3.2.1 are followed
with a slight modification due to the fact that a SFO cannot be modeled purely in the
time domain in a simple manner. This modification results in a more complicated design,
since the cost function must include the expression for the IFFT in order for estimation
error computation to be performed in the time domain. The increase in complexity
results in the need for introduction of a damping mechanism in the tracking of the SFO
parameters to avoid oscillations in the received tone constellations. Generation of the
initial guess for this joint estimator is the similar to the method discussed in Section

3.3.1, and is outlined in this section.

4.2.1 Non-Linear Function Development

A SFO is difficult to represent in the time domain due to the presence of fractional
offsets. In the time domain, the effect of the offset can only be expressed in terms
of an interpolated version of the transmit signal, and the interpolating function will
change with time due to clock drift. In the frequency domain, a SFO is much more
easily modeled by multiplication in the IFF'T definition of the transmitted value on
each subcarrier by a complex exponential whose phase increases linearly with time.
This is analogous to how a CFO, which is a frequency domain phenomenon, is modeled
by multiplication of the received time domain samples by a complex exponential with
linearly increasing phase.

An expression for the received time domain sample when affected by CFO, SFO,
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channel distortion, and possible timing offsets was given in Equation 4.6. In this ex-
pression the SFO is modeled in the frequency domain as required. In addition, this
expression treats SFO and timing offsets in the same manner, so that a timing offset
caused by clock drift can also be tracked in the joint estimator. The assumptions needed
to ensure that Equation 4.6 provides a correct model for the received time samples under

synchronization errors and channel distortion are:

1. Clock drift must never cause the beginning of the FFT window to leave the ISI
free portion of the cyclic prefix. This is because the transmitter model in Section
4.1 does not account for ISI-induced ICI. This requirement will be ensured by an

FFT window adjustment to be explained in what follows.

2. The interference samples given in Equations 4.7 and 4.3 must have little or no
effect on the estimator. This can be assumed, since only the first 2-3 samples
of the interference are non-negligible and the estimator has the remainder of the

frame to recover from their effect.

3. The assumptions about the channel frequency response and the transmit and re-

ceive filters made in Section 4.1 hold.

Under these three assumptions, the estimator can be designed using the data model of
Equation 4.6 to serve as the non-linear function f().

As in the case of the estimator derived in the case of perfect sampling clock syn-
chronization, a gradient vector with an unbounded magnitude is avoided by introducing
the parameter 6 to account for the cumulative CFO, and an additional parameter ¢ to
account for the cumulative SFO. These parameters also account for initial phase offset

in each of the respective clocks. The resulting coefficient vector being estimated is

~ ~ ~ -~ -~ T
W,y = [ hO(n,L) 3 hl(n,l)a --hv——l(n,l)a €n,l) 9(n,l)3 Nen,ty» ¢(n,l) ] (412)

where the subscript (n,!) indicates the estimate of the coefficient vector at the compu-
tation of the estimate of the observation y,;. The non-linear function estimating the

received samples now becomes:

?/J\n,l = f(mmn,p{ﬁ)
— I0+%) <ibmn,l® ;3> (4.13)

n
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where

N-1

. 1 j2mki 2k (a3

a:mn,l = {-]v E Xk’[C'I2N C‘lzN (7l+¢)} y (414)
k=0 i=0,1,...N—1

X, is the transmitted complex element for the kth tone of the Ith OFDM symbol,
and (®),, represents the nth element of the convolution of the two N point sequences.
Because the channel must be represented in time domain and the effect of the SFO in
frequency domain, the IFFT expression and the circular convolution must be included
into the expression for the received samples. It is further noticed that the presence of
a circular convolution as opposed to linear convolution forces us to estimate only the
data portion of the received samples, and hence the cyclic prefix cannot be used as
input to the estimator, as it was in the CFOCE-C algorithm. The gradient vector of the

non-linear function in Equation 4.13 is given in Appendix C.

4.2.2 Receiver Implementation

A receiver that accounts for SFO will require an FFT window adjustment. In the
demodulator, FFT window adjustment occurs at the beginning of every frame in which

the following inequality holds

|$| > 1 (4.15)

By performing window adjustment, we prevent sampling clock drift from moving the
current FFT window out of the ISI-free portion of the cyclic prefix where the estimator’s
model in Equation 4.13 would no longer apply due to the presence of ISI-induced ICI.
In practice, the receiver should remain in the ISI-free region to avoid degradation of
performance from ICI.

When the inequality in Equation 4.15 holds, the cumulative parameters must be
updated to reflect the change in the location of the FFT window. As a result, the

following operations must be performed to ensure proper adjustment of the FFT window.

1. If gg is positive, a cyclic prefix of N, —1 is assumed for the current symbol in order
to advance the FFT window by one sample. If ;5 is negative, a cyclic prefix of
Ny + 1 samples is assumed for the current symbol in order to delay the window by

one sample.

2. If a is positive, Eb\ is decreased by 1 before it is used to demodulate the current
frame, and serve as the current estimate in the estimator module. If g/g is negative,

65\ is increased by 1 instead.
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3. If $ is positive, (2m¢) /N is subtracted from the value of 8 before 0 is used in CFO
removal in the current symbol and update in the estimator block. If $ is negative,
(27€) /N is added to .

Figure 4.3 below shows a block diagram of a demodulator that uses the joint CFOSFOCE-
C algorithm.

DEMODULATOR
CFO SFO Frequency Hard
Removal Removal Domain Decision
Equalization A
7 S/P and Y X,
an
. cP FFT ." "‘
removal ‘ ‘
SFO

Frame By Frame
Parameter Update

ESTIMATOR

NL-RLS Weight

Update

SFO PHASE

X; .| CPinsertion
< and P/S IFFT

Fig. 4.3 OFDM Demodulator with the joint CFOSFOCE-C Algorithm

In the demodulator, FFT window adjustment occurs at the beginning of every frame
in which inequality 4.15 is satisfied. The CFO is corrected in the time domain as in the
case of the CFOCE-C algorithm.

In the frequency domain, a multiplication of the tones by eI w20 to correct for
the CFO is added to the frequency domain equalization. This does not remove the ICI
cause by SFO completely, however. Ideally, since (Z increases linearly within a single
OFDM symbol, the IFFT definition would have to be modified to remove the SFO
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correctly. However, since this would introduce considerable overhead in the receiver,
and since 7 is assumed small, a fixed value of 5 is assumed over a symbol. This fixed
value is chosen to be the value that ;5 would have in the middle of the current frame in
order to minimize the error that this simplifying assumption causes. For small values of
N typical of burst-mode systems such as IEEE802.11a, this approximate removal of the
effect of SFO is sufficient. For systems with larger FFT sizes, a method for correcting
the SFO on a sample-by-sample basis is preferable. This is reserved for future study as
mentioned in Chapter 5.

The estimator block functions on a sample-by-sample basis as in the case of the
CFOCE-C algorithm. Although the expression for 7, involves a circular convolution,
linear convolution following the addition of the cyclic prefix to the transmit sequence is
used to generate y,; for simplified implementation, since the two methods are in fact
equivalent. As a result, the portion of the estimator which generates ¥, is again an FIR
filter, as in the case of the CFOCE-C algorithm, making it simple to change the taps of
this filter at the generation of each new coefficient vector. The error used as input to
the NL-RLS is generated only for the time domain samples corresponding to the data
portion of the OFDM symbol.

The details of the receiver used in simulation of the estimator are identical to those
described in Section 3.3.1 except for generation of the initial guess. To generate the
initial guess within the preamble, the all-zero coefficient vector is first used. For the first
long training symbol, the gradient for the CFO and SFO parameters is set to zero. For
the second long training symbol, the gradient with respect to n and ¢ only are forced
to zero, which allows adaptation of the CFO parameters and refinement of the channel.

Finally, when the data phase begins, the gradient as computed in Appendix C is used.

4.2.3 Timing Parameter Damping

The receiver described in the previous section can be shown by simulation to have timing
adjustments in the frequency domain that are too sensitive to the error used in the NL-
RLS update. This sensitivity results from the combination of having the IFF'T in the
non-linear description of the system, and using the same value of 5 to perform SFO
compensation for all samples in the same OFDM symbol. The observable consequence
of this sensitivity is that the estimate of the SFO parameters, although unbiased, varies
widely around the actual value. In the receiver, this translates into an underdamped
oscillation of each received subcarrier constellation.

To reduce the amplitude of these oscillations, a damping mechanism was introduced
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into the estimator. This mechanism was implemented using two modifications to the
joint CFOSFOCE-C algorithm. Firstly, the estimator is made to track larger values
of the timing parameters by modifying the gradient expressions so that the unknowns
being estimated are I'n and F;ﬁ This is described in Appendix D. Secondly, the change
in ' computed by the NL-RLS at each iteration was reduced by dividing it by a factor
of ). The values of I and €2 which produced the best damping over a wide range of
SFO’s was I' = 1000 and §2 = 100. These values are used in the performance evaluation

of the estimator.

4.3 Performance Evaluation of the Estimator

The CRLB is derived for the new signal model presented in this chapter that accounts
for a SFO. In addition, the BER performance of a receiver based on this joint estimator
is compared with another representative method to evaluate the impact of the two
main contributions of the estimator, namely the joint estimation and the time domain

modeling of all synchronization and channel parameters.

4.3.1 CRLB for the Joint Estimator

The derivation of the elements of the FIM and the CRLB for the joint estimator is pre-
sented in Appendix E. Figures 4.4, 4.5 and 4.6 below show the variance of the estimators
of the CFO, SFO and CIR respectively for an exponentially decaying Rayleigh fading
channel with SNR of 35dB. The variance of each is compared to the CRLB. Both the
CFO and SFO variance show oscillation since the estimates tend to be unbiased at these
instances, owing to the introduction of  and ¢ in tracking the CFO and SFO. The ap-
proximated compensation for the SFO, and the introduction of damping also contributes
to making the variance of these quantities considerably higher than the CRLB. Despite
oscillations in the frequency offset variance, the channel estimation remains very close
to the CRLB throughout the duration of the packet.
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4.3.2 Performance in a Practical System

The CFO and SFO estimates from the CFOSFOCE-C method tend to have a large
variance when compared to the CRLB due to the use of tracking. Use of tracking is
required in order to use the NL-RLS to estimate the frequency offsets using a time
domain model. Despite this large variance, the performance of the joint CFOSFOCE-C
method remains superior to existing joint estimation methods which consider the effects
of CFO and SFO in the frequency domain only. The CFOSFOCE-C also has the distinct
advantage that it can inherently track drifts in the optimal position of the FFT window.
The gain of utilizing a time domain model is evaluated by comparing the CFOSFOCE-
C method to a two-dimensional least squares joint estimate of the CFO and SFO pre-
sented in [7]. This method, referred to in the remainder of this thesis as Method 3,
models the effect of the CFO and SFO in frequency domain, but simplifies the model
to ignore ICI in order to make the estimation problem linear. Estimation is done by
assuming that the phase difference between the kth tones of two adjacent symbols can
be expressed as
9y 271';]]\73 N 27r13\]7\f3k (4.16)

Although frequency offset correction is not discussed in [7], since the model considers

only the frequency domain compensation by rotation will be the method of correction
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assumed. Finally, since [7] does not discuss channel estimation, and given the low
variance of the channel estimates by the CFOSFOCE-C method observed in Section
4.3.1, perfect channel knowledge is assumed when simulating Method 3.

Figures 4.7 and 4.8 show the BER performance of the CFOSFOCE-C method and
Method 3 described above for both AWGN and exponentially decaying Rayleigh fading
channels with CFO of 3.2 x 1072 and SFO of 5 x 1075, These values of the frequency
offset represent approximately 3 times the allowable tolerance of the oscillator clocks in
an IEEE802.11 system as specified in [14]. The given SFO is also sufficient to produce a
one sample drift in the FFT window so that the window tracking portion of the algorithm
is also tested.
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Fig. 4.7 BER versus SNR for Different Estimation Methods in AWGN
with SFO
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Even in the case where perfect channel knowledge is available to Method 3, the
CFOSFOCE-C method shows a gain of at least 1.5 dB for BERs below 1072 in an
AWGN channel, where ICI is the dominant distortion. The gain increases for larger
SNR as expected. A gain of at least 1.5 dB is maintained for an exponentially decaying
Rayleigh fading channel as well. This gain shows the improvement of the CFOSFOCE-C
algorithm despite ignoring initial samples of interference in the signal model derived in

Section 4.1 as well as the approximate compensation scheme discussed in Section 4.2.2.

4.4 Chapter Summary

In this chapter, the CFOCE-C of Chapter 3 was modified in order to account for the
effects of SFO and clock drift. The resulting CFOSFOCE-C algorithm exhibits relatively
low estimator variance for an FF'T size of 64, considering the approximate compensation
scheme used. The algorithm also shows a 1.5 dB gain in performance over the joint
algorithm presented in [7] for both AWGN and exponentially decaying Rayleigh fading
channels for practical values of CFO and SFO.
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Chapter 5
Conclusion

The aim of this research was to develop a joint synchronization and channel estimation
algorithm for burst mode OFDM. It was shown using analysis and simulation that a
joint approach is superior to performing independent synchronization and channel esti-
mation, and that a time domain estimation algorithm is superior to a frequency domain
estimation algorithm due to improved estimator performance and increased robustness
to decision feedback errors.

This chapter provides a summary of this thesis and suggests topics for future research.

5.1 Thesis Summary

The topic of synchronization and channel estimation in OFDM is presented in Chapter
1. The importance of synchronization in burst mode OFDM systems is outlined, and the
problems related to performing synchronization and channel estimation separately are
explained. The benefit of developing a joint algorithm for synchronization and channel
estimation is given. The main objective and contributions of the thesis are also discussed.

Given the objective in Chapter 1, the background required to understand the im-
portance of and difficulties in deireloping a joint synchronization and channel estimation
algorithm for burst mode OFDM is presented in Chapter 2. The relationship between
orthogonality and frequency domain equalization is demonstrated to show the impact
of inaccurate synchronization on channel estimation. Well known mathematical expres-
sions for the effect of synchronization offsets are presented in order to explain traditional
synchronization techniques in the literature. The NL-RLS is introduced as the tool for
development of a joint synchronization and channel estimation scheme which addresses

the shortcomings of traditional joint methods.
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In Chapter 3, the NL-RLS is used in the derivation of the joint CFOCE-C algorithm.
We see that such a technique can have several applications in burst mode systems.
Simulation results show that the algorithm provides a low variance estimate of the CIR,
as well as a sufficiently low variance estimate of the CFO when the tracking nature of
the algorithm is taken into consideration. Simulation also shows the advantage of a joint
approach to synchronization and channel estimation in the presence of only CFO. The
time domain approach utilized by the CFOCE-C is shown to be better that a frequency
domain approach, primarily due to the reduced number of parameters estimated, and
the robustness to decision feedback errors. A method for obtaining the initial guess for
the CFOCE-C is presented, and the requirecments on the preamble sequence length, and
the CFO supported are given. The CFOCE-C maintains a 2dB gain over the best of the
two methods presented in this section for an initial CFO of up to 1072

In Chapter 4 the sensitivity of the CFOCE-C to SFO is addressed by derivation of
the CFOSFOCE-C algorithm, which takes into account SFO as well as FF'T window
drift cause by SFO. Simulation results are obtained by using a simulation model for the
effect of SFO that is also derived in this chapter. These results show a performance gain
of at least 2dB over a joint estimation algorithm which uses a linear estimation model.
The CFOSFOCE-C algorithm is also shown to have low CIR estimate variance with
respect to the CRLB, while the CFO and SFO variances are considerably low when the

nature of the algorithm is considered.

5.2 Future Research Work

The joint synchronization and channel estimation schemes developed in this thesis are
promising for use in burst mode OFDM systems. Some suggestions for future research

in the context of the work presented in this thesis are listed below.

e This thesis presents only a limited analysis of stability and steady state perfor-
mance due to the difficulty in deriving the correlation matrix of the weight er-
ror vector. This complexity arises due to the dependence of the input vector to
the CRLS (which is the actually the gradient of the non-linear function) and the
current estimate of the weight vector. Further work can be done to overcome
this difficulty and characterize the convergence and steady state behavior of the
CFOCE-C algorithm more precisely. An analysis of the convergence and steady
state behavior of the CFOSFOCE-C can then also be performed.

e The RLS algorithm is known to be unstable under finite precision arithmetic. A
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study of the stability of the NL-RLS, and of the joint synchronization and channel
estimation algorithms presented in this thesis under finite precision arithmetic
would be beneficial in order to allow application of these algorithms in a practical
system. For a software-based implementation of the NL-RLS, such an analysis is

not necessary and the results obtained in this thesis are valid.

e This thesis deals with burst mode systems, in which case the channel parameters
and frequency offsets are assumed fixed for a single burst. The effects on the
presented algorithms of variations in the channel and frequency offsets during the
bursts is beyond the scope of this thesis. However, this analysis could be beneficial
in the development of joint synchronization and channel estimation techniques for

continuous mode systems.

e Along these lines, the feasibility of switching from NL-RLS to a non-linear version
of the LMS once convergence is achieved can be evaluated. An LMS-type algorithm
during the data phase of the burst may equip the CFOCE-C and CFOSFOCE-C
algorithms with better tracking ability, as noted in [44]. Again, such an analysis
would be beneficial in the study of synchronization and channel estimation for

burst mode systems, but is unnecessary for analyzing burst mode systems.

e Compensation for the SFO in Chapter 4 was done by assuming the same phase ro-
tation for all samples in the same OFDM symbol. In other words, while estimation
considers the sample-by-sample effect of the SFO, SFO correction is performed only
on a symbol-by-symbol basis, not a sample-by-sample basis, thus ignoring the ef-
fect of SFO within one symbol. Although this compensation is acceptable for small
FFT sizes which are typical of most burst mode systems currently being used, the
ICI for larger FF'T sizes could be considerable. A modification of CFOSFOCE-C
which compensates for this effect without adding too much complexity is desirable.
Such a modification could be desirable for future high data rate applications that

may use a larger FFT size.

e Both the CFOCE-C and CFOSFOCE-C algorithms have been developed for single-
input, single-output (SISO) systems. Extension of these algorithms to a multi-
input, multi-output (MIMO) system would require future work. Particularly, if
joint detection is performed in a MIMO system, each receive antenna would have
a different CIR estimate, but the same frequency offsets estimates. An exten-

sion of these algorithm to MIMO systems would have immediate applications in
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IEEEB02.16 [45] which specifies the use of multiple input single output synchro-

nization and channel estimation using a single preamble.
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Appendix A

Gradient Expressions for Joint
CFOCE-C Method

The non-linear function for estimating the received sample y,, at time n is
[z, @) = ¢l (0+59) Zhrx,i_, 1=0,1,..., M —1. (A.1)

The gradient vector consists of the vector of partial derivatives of the non-linear

function with respect to each of the variables. The partial derivatives are given below.
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Appendix B

CRLB Derivation for Joint
CFOCE-C Method

The data model for the received time domain samples (before removal of the cyclic
prefix) used to derive the CRLB for the estimator is

v—1

y; = o (00 + 25 (i+1)) Zhrxi—r twg i=01,... . M—1 (B.1)
r=0

The noise samples w; are complex independant Gaussian with variance o2 so the

likelihood function is given by
L= P (y(h Yiy-- -y YM-1 | €, 607 h)
M-—1 v—1 2
1 1 i(00+ 25 (5+1)) (B.2)
= 7 CTP Y Yi — e’ N Z hrxi—r
(mo?) 7" =0 r=0

The second order partial derivatives of the log of the likelihood function in equation

B.2 are given below.

A%n(L 2 (2 2M-1 ' e, v—1
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The elements of the FIM are obtained by taking expectation of the above second

order partial derivatives. The entries the negatives of the expectations given below.
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Appendix C

Gradient Expressions for Joint
CFOSFOCE-C Method

The non-linear function for estimating the received data samples (after removal of the

cyclic prefix) is given by

F(@m, @) = T (5, @R) (C.1)
where
1 e : k2 2wk~ 2
b = { 13 He RO @
k=0 i=0,1,....N—1

The gradient vector of the non-linear expression with respect to the coefficient vector

is given below.
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O (@ 20) = I(0+%7) 0 <mm"'f ®h), =+ F)ir  p=0,1,...,0-1 (C.4)

B?L,, Ohy ot
0 'm 7A . (94272 I
Lﬂfa_wl = 20K (s, 0 B), (C.5)
of(&y,. ,, W
: 50 2 _ 00 (s, 0 h), (C.6)
af(il:m l,’lﬁ) (py2me 1 i 2rk c2mki 2k =
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n

® fz> (C.8)
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Appendix D

Gradient Expressions for Joint
CFOSFOCE-C Method with

Damped Implentation

When damping descibed in section 4.2.3 is applied, the non-linear expression for esti-

mating the received samples is given by equation C.1 with the modification given below:

1 N-1 P N
T, = {N Xk,zej%ﬂe"%_k(%”%)} (D.1)
k=0 i=0,1,...,N—1
where
7 =Ty (D.2)
§=T¢ (D.3)

The coefficent vector being tracked in this case is

~ ~ o~ ~ ~ T
Wwey = [ h'()(,;)a hl(i), ey hv-—l(i)a €(1), 0(1')7 ;’\Z, d)i ] (D4)

The gradient vector of the non-linear expression with respect to this modified coef-

ficient vector is given below.
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Appendix E

CRLB Derivation for Joint
CFOSFOCE-C Method

The data model for the received data samples (after removal of the cyclic prefix) used
to derive the CRLB for the estimator is

N-1
i 2me ]. :27ki 27wk . =
Yt = eJ(()o+ N (M1 +1)) <{N § :Xk’leg—N N (TI(TIL(),1+1+1)+¢0)} ® h> -+ W, ,

k=0 i=0,1,...,N—1 n
27e

— 6.7(0<)+~N~(m1z,1+1)) <wm , ® }—l> + W, ,
n, 7 n,

(E.1)

where, for simplification purposes, the following symbol has been introduced to represent

the sequence involved in the convolution with the channel.

N-1
. 1 2mki . 2nk i
Ty, =4 — X, 608 IR (nmo i +i+1)+6o) (E.2)
n,l N )
k=0 i=0,1,...,N—1

The allowable values of m,; in equations E.1 and E.2 are given by the expression
Moy = {m',m?...,mM} = {IN;+ N, +n | ne[0, N — 1], leN} . (E.3)

The following symbols related to the sequence &, , will also be of use in simplifying

future expressions.
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), N-1
P = {% J (2_71_’?) (mog +1i+ 1)Xk-l(’7271r\;‘1(’J R (mo,z+i+1)+¢o)}

()77 k=0 N 1=0,1,...,N—1
(E.4)
3:% 1 ] Nt 27Tk s2nki 27k .
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ob {N > ( N )X"”lcl verTm (9
k=0 i=0,1,...N—1

Given that the noise samples wy, , are complex, independant Gaussian samples with

variance o2, the likelihood of the received samples is

L:p(ynzlayMQ,"')ym |E 90a7}’¢0) )
(E.6)

m
— 1 1 = 3(00+2E (M 1+1))
- (WUQ)M exp —"ﬁ Ynt — € <wm )
'I’n,,,,.‘l‘—"ﬂl,1

The second order partial derivatives of the log of the likelihood function in equation

E.6 are given below.
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The elements of the FIM are obtained by taking expectation of the above second
order partial derivatives. The entries the negatives of the expectations given below.
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