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ABSTRACT

for wireless multimedia applications, system with higher data rate is required. Furthermore, the frequency
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spectrum has become a limited and valuable resource, making it necessary to utilize the available spectrum
efficiently and coexist with other wireless systems. OFDM modulation is widely used in communication systems to meet the demand for
ever increasing data rates. Channel estimation is one of the key challenges in OFDM. It is not possible to make reliable data decisions
unless a good channel estimate is available. Many methods have been proposed for efficient channel estimation in OFDM systems. The
purpose of this article is to present a survey of the published literature in dealing with compressive sensing based channel estimation

of OFDM systems

INTRODUCTION

OFDM is becoming widely applied in wireless communications
systems due to its high rate transmission capability with high
bandwidth efficiency and its robustness with regard to multi-
path fading and delay [1]. OFDM divides the available spectrum
into a number of overlapping but orthogonal narrowband sub
channels, and hence converts a frequency selective channel into
a non frequency selective channel. Moreover, ISI is avoided by
the use of CP, which is achieved by extending an OFDM symbol
with some portion of its head or tail. With these vital advantag-
es, OFDM has been adopted by many wireless standards (DAB,
DVB, and DSL) standards and wireless LAN standards and as the
core technique for the fourth-generation (4G) wireless mobile
communications. A baseband OFDM system is shown in Figure1.

In the middle 1960s, OFDM scheme was introduced by Chang
[2] for parallel transmission over a band limited channel with-
out intercarrier interference (ICI) and ISI. He proposed dividing
a frequency-selective fading channel into a number of flat fading
channels, which simplifies the receiver design. The sub channels
are orthogonal to each other, which results in higher spectral ef-
ficiency. The transmitter and receiver of an OFDM system must
be carefully designed so that orthogonality can be maintained
between the sub channels.

As the number of subcarriers increases, implementation of an
OFDM system becomes more complex considering the require-
ments of modulation, synchronization and coherent demodula-
tion. In particular, it was impractical to implement
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Figure 1: Baseband OFDM System

the modulation using oscillators at the required frequencies. In
the 1970s, the Discrete Fourier Transform (DFT) was proposed
by Weinstein and Ebert [3] for modulation and demodulation
in OFDM systems. This is referred to as DFT-based OFDM, and

significantly reduces the implementation complexity of OFDM
systems. In a DFT-based OFDM system, the DFT is used to trans-
form the data from the frequency domain to the time domain
and provide the orthogonality between subcarriers. A guard in-
terval is employed to reduce the effects of multipath channels.
Even though the proposed system does not achieve perfect or-
thogonality among the subcarriers over a time dispersive chan-
nel, it has made modern low-cost OFDM systems possible today.

Another important contribution to OFDM was the cyclic prefix
(CP), which was proposed by Peled and Ruiz in 1980 to solve
the orthogonality problem [4]. A cyclic prefix, instead of the
conventional null band, is added at the beginning of the OFDM
symbol after inverse fast Fourier transform (IFFT) procedure. If
the length of the cyclic prefix is equal to or longer than the chan-
nel length, the linear circular channel is converted into a cyclic
circular channel, which ensures orthogonality over a time dis-
persive channel and eliminates the ISI between subcarriers. The
cost is a loss in the effective data rate. With the improvement in
implementation technology and increased demand for efficient
bandwidth usage, OFDM became a popular wireless technology
in the 1990s.

In wireless systems, transmitted information reaches to receiv-
ers after passing through a radio channel. For conventional co-
herent receivers, the effect of the channel on the transmitted
signal must be estimated to recover the transmitted informa-
tion. As long as the receiver accurately estimates how the chan-
nel modifies the transmitted signal, it can recover the transmit-
ted information. Channel estimation can be avoided by using
differential modulation techniques, however, such systems re-
sult in low data rate and there is a penalty for 3-4 dB SNR.

LITERATURE SURVEY

In OFDM based systems, the data is modulated onto the or-
thogonal frequency carriers. For coherent detection of the
transmitted data, these sub-channel frequency responses must
be estimated and removed from the frequency samples. Like in
single carrier systems, the time domain channel can be mod-
elled as a FIR filter, where the delays and coefficients can be
estimated from time domain received samples, which are then
transformed to frequency domain for obtaining the CFR. Alter-
natively, radio channel can also be estimated in frequency do-
main using the known (or detected) data on frequency domain
sub-channels. Instead of estimating FIR coefficients, one tap
CFR can be estimated.

Channel estimation techniques for OFDM based systems can
be grouped into two main categories: blind and non-blind.
The blind channel estimation methods exploit the statistical
behaviour of the received signals and require a large amount
of data . Hence, they suffer severe performance degradation
in fast fading channels. On the other hand, in the non blind
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channel estimation methods, information of previous chan-
nel estimates or some portion of the transmitted signal are
available to the receiver to be used for the channel estima-
tion.

The non-blind channel estimation can be studied under two
main groups: data aided and DDCE. In data aided channel es-
timation, a complete OFDM symbol or a portion of a symbol,
which is known by the receiver, is transmitted so that the re-
ceiver can easily estimate the radio channel by demodulating
the received samples.

In the DDCE methods, to decode the current OFDM symbol the
channel estimates for a previous OFDM symbol are used. The
channel corresponding to the current symbol is then estimated
by using the newly estimated symbol information. Since an out-
dated channel is used in the decoding process, these estimates
are less reliable as the channel can vary drastically from symbol
to symbol.

There are basically three basic blocks affecting the performance
of the non-blind channel estimation techniques. These are the
pilot patterns, the estimation method, and the signal detection
part.

There are several basic techniques to estimate the radio channel
in OFDM systems. The estimation techniques can be performed
using time or frequency domain samples. These estimators dif-
fer in terms of their complexity, performance, practicality in ap-
plications to a given standard, and the a priori information they
use. The a priori information can be subcarriers correlation in
frequency, time, and spatial domains. Moreover, the transmitted
signals being constant modulus, CIR length and using a known
alphabet for the modulation can also be a priori information.
The more the a priori information is exploited. For frequency
domain channel estimates, MSE is usually considered as the
performance measure of channel estimates. BER performance
is mainly used when the performance of OFDM system with the
channel estimation error is to be evaluated.

2.1. NON BLIND TECHNIQUES

In data aided channel estimation, known information to the re-
ceiver is inserted in OFDM symbols so that the current channel
can be estimated. Two techniques are commonly used: sending
known information over one or more OFDM symbols with no
data being sent, or sending known information together with
the data. The previous arrangement is usually called channel
estimation with training symbols while the latter is called pilots
aided channel estimation.

Channel estimation employing training symbols periodically
sends training symbols so that the channel estimates are up-
dated. In some cases training symbols can be sent once, and the
channel estimation can then be followed by decision directed
type channel estimation.

In the training mode, all the subcarriers of an OFDM symbol are
dedicated to the known pilots. Once the channel is estimated
over the training OFDM symbols, it can be exploited for the es-
timation of the channels of the OFDM symbols sent in between
the training symbols. Depending on the variation of the channel
along time, different techniques can be utilized. A very common
method is to assume the channel being unchanged between
OFDM training symbols . In this method, the channel that is es-
timated at training symbols is used for the subsequent symbols
until a new training sequence is received. The channel is then
updated by using the new training sequence, and the process
continues. However, these approaches introduce an error floor
for non-constant channels. The highest performance degrada-
tion occurs at the symbols farthest from the training symbols.
For the fast varying channels, interpolation methods can be uti-
lized in time domain.

In the pilot mode, only few subcarriers are used for the initial es-
timation process. Depending on the stage where the estimation
is performed, estimation techniques will be considered under

time and frequency domains techniques. In frequency domain es-
timation techniques, as a first step, CFR for the known pilot sub-
carriers is estimated. These LS estimates are then interpolated/
extrapolated to get the channel at the non-pilot subcarriers..

A popular class of coherent demodulation for a wide class of
digital modulation schemes has been proposed by [5] and is
known as Pilot Symbol Assisted Modulation. The main idea of
PSAM channel estimation is to multiplex known data streams
with unknown data. Conventionally the receiver firstly obtains
tentative channel estimates at the positions of the pilot symbols
by means of remodulation and than compute final channel esti-
mates by means of interpolation. The main disadvantage of this
scheme is the slight increase of the bandwidth.

In [6], superimposed pilot sequences are introduced for the pur-
pose of channel estimation, and main idea here is to linearly add
a known pilot sequence to the transmitted data sequence and
perform joint channel estimation and detection in the receiver.

Piecewise Linear Interpolation — Two of the simplest ways of
interpolation are the use of piecewise constant and linear in-
terpolation. In the piecewise constant interpolation, the CFR
between pilot subcarriers is assumed to be constant, while in
piecewise linear interpolation the channel for non-pilot subcar-
riers is estimated from a straight line between two adjacent pi-
lot subcarriers.

In the first method, acceptable results can be obtained if the
CFR is less frequency selective or the CIR maximum excess
delay is very small. Such a constraint makes the CFR at the
subcarriers very correlated that CFR at a group of subcarri-
ers can be assumed to be the same. In piecewise linear in-
terpolation some variation is allowed between the pilot sub-
carriers. Such an approach can result in a lower MSE since
noise averaging is performed. Moreover, when the channel
becomes more frequency selective, the piecewise linear in-
terpolation results in a better performance compared to the
piecewise constant.

Starting from the methods using the least a priori information,
in this article we will review channel estimation methods such
as LS estimation, ML, transform domain techniques, LMMSE and
compressive sensing.

2.1.1. LS ESTIMATION

Before going into the details of the estimation techniques, it is
necessary to give the LS estimation technique as it is needed by
many estimation techniques as an initial estimation. Starting
from system model of SISO-OFDM.

Y[n,k]=X[n,k]H[n,k]+W[nXk] €8]
LS estimation of in matrix notations is given by,

H  =diag(X)" Y+diag (X)W 2)
The MSE of the LS estimation is given by,

MSE, = K/[E, .SNR] (3)
Where =E_ = E { H[nk] }

LS method, in general, is utilized to get initial channel estimates
at the pilot subcarriers, which are then further improved via dif-
ferent methods. It is also common to introduce CIR to Equation

(1). To exploit CIR length for a better performance, Equation (1)
can be modified as

Y=diag(X)Fh+W 4
Where H=Fh

The LS estimation

H'=Q F" diag(X)" Y 5)
Where (6)
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Q=(F" diag(X)" diag(X)F-!

The above LS estimation will be referred as time domain LS.
When no assumptions on the number of the CIR taps or length
are made, then the time domain LS reduces to that of frequency
domain, and it does not offer any advantages. However, with
the assumption that there are only L number of channel taps,
which then reduces the dimension of the matrices F and hence
Q, an improved performance due to the noise reduction can be
obtained. The resultant LS estimation has higher computational
complexity than the frequency domain LS but the performance
increase is the plus side of the approach. The increase in the
performance can be considered as the exploitation of subcarrier
correlation.

It can be observed that when the number of pilots is greater
than the channel length and the noise is AWGN, the time domain
LS estimate is equivalent to the ML estimate .The ML estimate
makes the assumption about the CIR length, which improves the
performance of the estimation accuracy. LMMSE is widely used
in the OFDM channel estimation since it is optimum in minimiz-
ing the MSE of the channel estimates in the presence of AWGN.
LMMSE uses additional information like the operating SNR and
the other channel statistics. LMMSE is a smoother / interpola-
tor / extrapolator, and hence is very attractive for the channel
estimation of OFDM based systems with pilot subcarriers. How-
ever, the computational complexity of LMMSE is very high due
to extra information incorporated in the estimation technique.

2.1.2. TRANSFORM DOMAIN TECHNIQUE

It was mentioned that in general the CIR length is much smaller
than the number of pilot subcarriers, that is, L < Np. When an
orthogonal transformation is applied to the CFR at the pilot sub-
carriers, the transform domain contains L number of significant
values, that is, values relatively having more energy or magni-
tude than the noise. Since the noise is assumed to be AWGN in
frequency domain, it is AWGN in transform domain as well. If
the significant values of the transform domain signal are re-
tained, and the non-significant ones are treated as zero, then the
noise term will be eliminated significantly especially when L <<
Np. For this operation, some sort of threshold is needed to dif-
ferentiate between the significant values of the signal and noise
terms. The CFR can then be obtained by applying the inverse of
the orthogonal transformation, since such an operation will also
achieve interpolation for non-pilot subcarriers [7].

Once the CFR is obtained via a transform domain technique,
the channel at subsequent OFDM symbols (over time) can be
obtained via different methods. The filtering process of trans-
form domain is usually followed by linear interpolation in time
domain. Wiener filtering is also found to be effective in noise
reduction in time domain. The transform domain techniques
exploit the information about the number of significant values
in the transform domain and their location. Moreover, more
number of pilot subcarriers is used for the interpolation pro-
cess. Hence, they perform better than the simple interpolation
techniques in general. Different transform domain techniques
are studied for the channel estimation of OFDM based systems.
Fourier, Hadamard, Discrete Cosine, and 2-D Fourier Transfor-
mation are few to name.

The performance of the transform domain techniques are heav-
ily dependent on the CIR tap locations, an inaccurate assump-
tion or calculation of CIR tap locations can degrade any of the
transform domain techniques drastically. Hence, a transform
domain method which inherently uses the information of the
channel taps is expected to provide better results.

2.1.3.LMMSE ESTIMATION

LMMSE is extensively used in the OFDM channel estimation
since it is optimum in minimizing the MSE of the channel esti-
mates in the presence of AWGN. LMMSE uses additional infor-
mation like the operating SNR and the other channel statistics.
LMMSE is a smoother/interpolator /extrapolator, and hence is
very attractive for the channel estimation of OFDM based sys-
tems with pilot subcarriers. However, the computational com-

plexity of LMMSE is very high due to extra information incorpo-
rated in the estimation technique.

For a given linear system model in the form of
y=Ax+w )
LMMSE of the variable is given by,

o -1
=Ry Ry (8)
Where is the cross-covariance between variables and . When
the expression in Eq. (8) is applied to the OFDM channel
estimation.

Arumse = Rusp Rapup + oo (ding (X diag (K17 )74, 9)

can be obtained. Here, is the CFR at the pilot subcarriers, repre-
sents the cross-correlation between all the subcarriers and the
pilot subcarriers, and represents the auto-correlation between
the pilot subcarriers. As can be seen in Eq. 9, LMMSE uses addi-
tional information in its estimation process such as the correla-
tion between subcarriers and SNR.

The LMMSE estimation of in Eq. 9 is computationally very
heavy. For example, the dependency on the transmitted sym-
bols due to the matrix inversion required at each estimate needs
many operations. Moreover, large sized, full matrix multiplica-
tion required for a single estimate increases the computational
complexity of LMMSE as well. The non-trivial matrix inversion
required in the LMMSE estimation is another factor increasing
the computational complexity of LMMSE. Therefore, although
LMMSE is optimal, without reducing its computational com-
plexity, it is hard to realize its application in practical systems.

The complexity of LMMSE can be significantly reduced if the
LMMSE expression is made independent of the transmitted
symbols. Although the expression inside the inversion opera-
tion also contains the term, which is the auto covariance of the
CFR at the pilot tones, does not change for a large number of
OFDM symbols since it is a function of channel PDP. Therefore,
for a given large number of OFDM symbols, the term can be as-
sumed to be constant, leaving (diag(X)diag(X)")-! as the con-
stantly changing parameter from symbol to symbol.

For the computational complexity and noise subspace reduction
for LMMSE channel estimation subspace methods are investi-
gated. Using subspace methods, the number of multiplications
required for the channel estimate of a single subcarrier is re-
duced by exploiting SVD [25]. Subspace methods applied to the
LMMSE channel estimation disclose the degree of independ-
ency of the subcarriers’ auto and cross-correlation matrices.
As the subcarrier correlation is a function of the channel delay
spread, it ultimately reveals long-term significant CIR taps or
channel PDP.

Without subspace methods, the complexity of the channel esti-
mation using LMMSE can be reduced considerably by assuming
a pre-defined channel length [23]. But, for sparse channels this
would mean unnecessary computation when the considerable
number of channel taps is smaller than the channel length [24].
With the CIR length being much smaller than the number of the
subcarriers, SVD of the auto and cross correlation matrices of
CFR result in only as many significant singular values as the sig-
nificant number of CIR taps. As the noise is assumed AWGN in
frequency domain, the SVD decomposition results in equivalent
singular values for the noise terms. Hence, it can be anticipated
that the noise in frequency domain is equally distributed in the
subspace domain with equal energy in all dimension of the sub-
space. If the subspace due to the noise is eliminated, then noise
reduction is achieved [24]. Moreover, due to the formulation of
LMMSE, less number of multiplications will be required after
the SVD operation.

2.1.4. COMPRESSIVE SENSING TECHNIQUE
Given a low-pass signal, the Nyquist sampling theorem states
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that if you want to be able to reconstruct the signal from its sam-
ples, you must sample the signal at a rate that is greater than
twice the signal’s bandwidth. As with most rules, there are “ex-
ceptions” to this rule. As you will see, compressive sensing, a
technique currently being developed by researchers the world
over, can be considered an “exception” to the Nyquist sampling
theorem. Under certain conditions, even when the Nyquist sam-
pling theorem says that a sensor needs to store samples of a sig-
nal per second, compressive sensing lets the sensor store M<<N
linear combinations of samples per second.

Compressive sensing is a recently introduced principle and
methodology for the efficient reconstruction of sparse signals
from few samples. It has found broad application in imaging,
data compression, radar, and data acquisition. In a nutshell,
compressive sensing is a novel paradigm where a signal that
is sparse in a known transform domain can be acquired with
much fewer samples than usually required by the dimensions
of this domain. The only condition is that the sampling process
is “incoherent” with the transform that achieves the sparse
representation and “sparse” means that most weighting coef-
ficients of the signal representation in the transform domain
are zero. While it is obvious that a signal that is sparse in a cer-
tain basis can be fully represented by an index specifying the
basis vectors corresponding to non-zero weighting coefficients
plus the coefficients - determining which coefficients are non-
zero would usually involve calculating all coefficients, which
requires at least as many samples as there are basis functions.
The definition of “incoherence” usually states that distances be-
tween sparse signals are approximately conserved as distances
between their respective measurements generated by the sam-
pling process. In this sense the reconstruction problem has per
definition a unique solution.

CS [8] is a recently developed mathematical framework, which
asserts that a sparsely representable signal can be reconstruct-
ed using a small number of linear measurements. For example,
consider a signal x,

x=s (10)
This is k-sparse in this basis defined by the columns of.
According to CS, if non traditional linear measurements
y=0x (11

In the form of randomized projections are taken, the signal x can
be exactly reconstructed with a high probability with a lesser
number of samples, from the compressive measurements by
solving a convex optimization problem subject to:

y=0Bps (12)

This can be solved efficiently with linear programming. The key
result is that the required number of measurements is linked
linearly to the sparsity-k of the signal. The Compression is done
at Sensing level rather after the sensing. This leads to a greater
reduction of sampling, taking only fewer measurements, M,
with

M=Klog(N) (13)

Where, is the sparsity order in frequency domain, is the original
number of samples used.

Taking into account the background literature, as well as the
advantages, obtained by exploiting the sparsity property of
channel, we shall propose a Compressive Sensing based channel
estimation for OFDM.

Considering the sparse distribution of the scattering objects,
the OFDM channel becomes sparse in the time domain. Thus, by
exploiting this sparsity, a better estimate could be obtained us-
ing the time domain. The resulting estimate is then transformed
into the frequency domain by use of the FFT algorithm. In this

sense, the problem of channel estimation becomes equivalent
to finding the sparse Channel Impulse Response (CIR) () from
the equation:

H =F h+W (14)
Where is the vector of observed channel coefficients at pilot
subcarriers, is the sub-matrix of the DFT matrix obtained by
keeping the rows of the FFT matrix that correspond to pilot
positions and is the frequency-domain noise vector at pilot
positions. As stated earlier, in the case of no IS], the length of
the channel cannot exceed the length of the cyclic prefix (NCP).
Thus, (11) can be further simplified in the zero ISI case; only the
first NCP elements of can have non-zero values.

H=F ,) h,+W, (15)
Where F ,cp) 1S the sub-matrix of the DFT matrix obtained by
keeping only the first NCP columns of .

The area of sparse channel estimation dates back to early nine-
ties. Historically, the problem of sparse-channel estimation us-
ing training-based methods was first explored in the literature
in the context of underwater acoustic communications. Spe-
cifically, prompted by the fact that typical underwater acoustic
channels have impulse responses with large delay and Doppler
spreads but only a few dominant echoes, an adjustable com-
plexity, recursive least-squares estimation algorithm that ig-
nores the weakest dimensions (“taps”) of the channel was pro-
posed in [9] for doubly-selective single-antenna channels using
single-carrier waveforms. Afterwards, inspired by the fact that
digital television channels and broadband channels in hilly ter-
rains also exhibit sparse structures, Cotter and Rao proposed
a sparse-channel estimation method based on the matching
pursuit (MP) algorithm for frequency-selective single-antenna
channels using single-carrier waveforms [10], Later, the MP-
based sparse-channel estimation method of [10] was extended
to frequency-selective single- and multiple antenna channels
using multi carrier waveforms in [11] and to doubly-selective
single-antenna channels using single-carrier waveforms. The
channel estimation techniques presented in [10] limited them-
selves to sparsity in the delay domain, i.e., they did not exploit
Doppler sparsity.

In contrast to the MP-based approach, Raghavendra and Girid-
har proposed a modified least squares (LS) estimator in [12]
for sparse frequency-selective single-antenna channels using
multi-carrier waveforms. The idea behind the approach in [12]
was to reduce the signal space of the LS estimator by using a
generalized Akaike information criterion to estimate the loca-
tions of nonzero channel taps.

The CS based PSACE methods are developed for multicarrier
systems [13] that can reduce the channel estimation errors and
the pilot overhead and hence increase spectral efficiency. In [13]
author exploits the delay Doppler sparsity of wireless channels
and uses classical basis pursuit algorithm for the recovery. In
[13] OFDM channel estimation problem satisfies restricted
isometry property (RIP) in case of uniform pilot insertion but
they did not consider the virtual sub carriers which cause the
RIP condition unsatisfied.

In [14], channel’s delay-Doppler sparsity is exploited for dou-
bly-selective fading channels. They exploit a channel’s delay-
Doppler sparsity to reduce the number of pilot symbols and,
hence, increase the spectral efficiency of multi carrier transmis-
sions. However, they do not analyse the RIP of the OFDM chan-
nel estimation in the scenario where many virtual subcarriers
exist at the both side of an OFDM symbol and the pilots are not
uniform inserted for the practical MIMO-OFDM systems.

A main drawback of [12] [13] methods is that they do not con-
sider zero padding in their scenario. In current OFDM standards
the bandwidth is not fully occupied; a number of the subcarriers
at both edges of the bandwidth are set to zero (hence the name
zero padding) to increase the allowable transition band of the
analog band pass filter at the receiver. Zero padding results in
an unstable frequency to time transformation (ill-conditioned
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transformation matrix). In addition, due to the lack of pilot in
zero padded parts, common time domain techniques are im-
practical. To overcome this drawback in [15] a sparse channel
estimation that works adequately even for zero padded OFDM
system called Adaptive Thresholding for Detection of Sparse
Signals (ATSSD) is proposed. This method can perform better
for both time varying and time invariant channels.

Since OMP and SP have some drawback,[16] propose a hybrid
compressive sensing algorithm subspace orthogonal matching
pursuit (SOMP). It combines the advantages of both SP and OMP.
SOMP first identifies the channel sparsity and then iteratively
refines the sparse recovery result. Random pilot placement is
adopted according to restricted isometry property (RIP). SOMP
can even perform better in lower SNR than MP, OMP and SP.

In [17] CS- based channel estimation method for MIMO-OFDM
system over frequency selective fading channel is proposed. It
uses orthogonal matching pursuit (OMP) for reconstruction.
Also [17] satisfies the restricted isometry property (RIP) of
the measurements by discrete partial Fourier transform based
PSACE method. [17] Can outperform the conventional LS meth-
ods and greatly decrease the pilot overhead burden and hence
improve spectrum efficiency.

Since the MP algorithms have some shortcomings, in [18] Signal
Adaptive Matching Pursuit algorithm is used. In the channel of
unknown sparse degrees, the algorithm can get good channel
estimation performance, and reduce the complexity of the sys-
tem. The computational complexity is lowered.

OFDM systems can provide high data rate with high bandwidth
efficiency in wireless communication. But their performance
is limited by Narrowband interference (NBI) signal. So, in [19]
zero padding based compressive sensing approach is proposed
to detect and mitigate the NBI in MIMO-OFDM and to analyse its
performance. The performance measures show that the there is
significant improvement in bit error rate (BER) after applying
this approach.

In [20], a novel sparse channel estimation method using sparse
cognitive matching pursuit algorithm. Compared to other com-
pressive algorithms in the state of art, the major innovation of
the SCMP sparse channel estimation method is the ability of ob-
taining the accurate CSI without prior information of sparsity.
The proposed method has better estimation performance and
lower estimation complexity.

In [21] a system with an asymmetric DAC/ADC pair and for-
mulates OFDM channel estimation as a compressive sensing
problem. The proposed system realizes high-resolution channel
estimation at a low cost.

Basis Pursuit (BP) and Matching Pursuit (MP) are probably the
most popular recovery algorithms in the CS literature. Whereas
for BP theoretical performance guarantees are available, OMP
lacks similar results. On the other hand, OMP allows a faster im-
plementation, and simulation results even demonstrate a better
recovery performance.

MP is one greedy algorithm that constructs a linear combina-
tion of matrix columns closest to the signal. Although MP can
rapidly find an approximation with asymptotic convergence, its
shortcoming lies in the fact that it may select the same columns
several times which lowers the efficiency. Hence, OMP has been
proposed as a revised MP by only using residue’s orthogonal
component for the next iteration. Only the component that is
orthogonal with the space spanned by the previous selected
columns is preserved. The shortcoming of OMP lies in its unidi-
rectional adding new columns without removing out-dated col-
umns. When a selection error occurs, the iteration will continue
to the end without correcting them adaptively. The idea of SP
is to iteratively refine S columns selection from the dictionary
matrix through LS method until the stop condition is satisfied.
At each step, it selects S columns rather than only one column
as in MP and OMP. The subspace spanned by S columns is thus

tracked down. The weak point of SP is that we should know S
before the start of the algorithm. So it’s necessary to extend SP
to the occasion where the sparsity is unknown. The stop con-
dition for OMP employs the threshold that equals to the noise
variance, while the counterpart for SP only relies on previous
iterative result. Apparently the latter is more appealing since it
can iteratively refine the result. Besides, SP allows the columns
to enter into as well as leave the selection set, which is the chief
drawback for OMP. At each iteration, OMP always greedily se-
lects one column vector, while SP selects several columns in
batch. The possibility to correctly find one column with one se-
lection is much lower than with batch selection.

The main advantages of sparsity-based approaches can be
categorized into two parts:

Decreasing MSE: Generally, the purpose of using compressed
sensing methods in solving a linear set of equations with the
sparsity constraint is to achieve the Cramer Rao lower bound
on MSE. In extreme cases, the structured LS estimator which
knows the location of nonzero taps (support) through an oracle,
and estimates their corresponding values using LS estimation
is the best estimator. The MSE of this estimator is called CRB-S.
However, in general, there is no information about the location
of the nonzero coefficients of h at the receiver and the structural
LS estimator is not realizable. Simulation results indicate that
we can get close to this bound by using proper sparsity-based
methods.

Reducing Overhead: Although the pilot subcarriers occupy a
fraction of the spectrum, they do not convey any data. By re-
ducing the number of pilot subcarriers, we increase the utili-
zation efficiency of the spectrum while we may degrade the
performance of the channel estimation block. By considering
the sparsity of the CIR, it is possible to capture the necessary
information in the frequency domain in less number of pilots.
The ¢1 minimization technique almost perfectly reconstructs
the sparse CIR from when the number of pilots is proportional
to the number of channel taps. Furthermore, the reconstruction
performance is independent of the location and value of the
taps; i.e,, unlike the interpolation based methods, the number of
required pilot subcarriers does not depend on the delay spread
and degree of frequency selectivity of the channel.

2.1.3. DECISION DIRECTED CHANNEL ESTIMATION

DDCE is one of the earliest methods studied for OFDM, mainly
because of its popularity in legacy systems. In the earlier stud-
ies, DDCE was applied mostly in training based systems, where
one or more OFDM symbols were used as the training symbols.
The main idea behind DDCE is to use the channel estimation of
a previous OFDM symbol for the data detection of the current
estimation, and thereafter using the newly detected data for the
estimation of the current channel. Data detection can be based
on hard or soft decision. Once the data at the subcarriers is de-
tected, any methods described in the previous subsections can
be used to estimate the current channel.

Although DDCE is simple, it inherently introduces two basic
problems: the use of outdated channel estimates, and the as-
sumption of correct data detection. The use of outdated chan-
nel estimates does not pose a serious issue when the channel
is varying very slowly. However, when the channel starts vary-
ing faster, then the outdated channel estimates for the previous
OFDM symbol are no longer valid for the use of the data detec-
tion in the current OFDM symbol. In this case, the data detection
would be incorrect, so are the newly estimated channel coef-
ficients. Hence, the error in the channel

estimation and data detection build up to make the system per-
formance unacceptable. This error propagation becomes more
critical when the number of incorrect decisions increases at low
SNR regions.

As a quick solution to overcome the problem related to the out-
dated channel estimates, the training symbols can be sent more
often. The time instances at which the training symbols should
be sent can be based on different criteria. Training symbols can
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be sent periodically where the period is predetermined for a
given system. Moreover, the change in channel estimates can be
monitored to determine whether channel estimation is indeed
needed. As the channel varies fast over the time, the need to
send the training symbols more frequently has a high penalty in
terms of the overall system efficiency. In this case, training sym-
bols can be replaced by the pilot subcarriers. Although sounds
to be a good solution, the lack of reliable information about the
subcarriers and the high probability of the reliable subcarriers
being non-uniformly distributed over the OFDM symbol reduce
the performance of this approach. By increasing the power level
of the reliable subcarriers, the performance degradation can be
mitigated to some extent. Another approach can be the use of
prediction algorithms on the channel estimation. The channel
estimated in previous OFDM blocks can be used to predict the
channel in the next block. Prediction algorithms can be applied
either on the channel taps or the channels at the subcarriers.

techniques for OFDM system and mainly focus on channel
estimation based on compressive sensing. Channel estima-
tion mainly depends on three basic blocks. These are the pi-
lot patterns, the estimation method, and the signal detection
part when combined with the channel estimation. As in many
systems, each block can promise an improved performance at
the cost of additional resources. Hence, the best combination
of these three parameters depends on the typical application.
Efficient OFDM channel estimation will drive OFDM to carry
the future of wireless networking. A great opportunity for
high-efficiency OFDM channel estimation is lent by the sparse
nature of channel impulse response. New technique based on
compressive sensing can be used for OFDM channel estima-
tion, as it proves itself superior to existing technique. The main
advantages of using CS based techniques include it decreases
MSE and pilot overhead and hence improve spectrum efficien-
cy. The comparison of different techniques is given in Table 1.

The previous has the advantage that the number of variables

to predict is much smaller but needs IFFT to get the channel TABLE 1. Comparison of different techniques

at the subcarriers. The latter requires no transformation but - : -
. . I . . Techniques | Merits Demerits
it requires the prediction of more number of variables, that is,
subcarriers. Besides, since the prediction is performed indi- Ls ]Egrsr? Ltational do not utilize the long term channel
vidually for each subcarrier, the correlation properties of the estimation comslexity statistics and hence perform worse
subcarriers are not utilized that result in a worse performance - -
when compared to the prediction for the time domain channel Ehelr [éerforma}rllce(f:laﬁe healv1ly_
coefficients. Less arelri)r(i.Ia11ccel?rta(t)é1 ;sseumptti?)rr)l (?fC ZCYI[E)HS'
g;ﬁsifgrm Eggg}let;ittl;l)nal tap locations can degrade any of
Coding theory is probably one of the most widely fields applied technique | Decreases Eihe ttr.anlslform domain techniques
to the data detection portion of the OFDM systems. With coding MSE Ni)atssifi%a[‘;.le for practical systems
available in OFDM systems, DDCE can exploit this information such as WLAN and WiMA
to improve the data detection. The typical coding mechanisms
are RS, convolution, trellis, turbo, and LPDC coding. Improved
performance
. N . N - by using
DDCE methods fit in systems operating in static or quasi-static information
. o . S LMMSE : : . .
channels. It particularly fits in systems in a slot transmission estimation | 1ike SNRand | higher computational complexity
mode, such as wireless cellular systems. Initial channel estima- other channel
.. . . L . statics.
tion is provided with the training blocks and is then followed by Minimize the
tracking or prediction. Their major advantage is that they are MSE.
able to provide high spectrum efficiency by using detected data
as pilots Compres- | Decrease MSE
' sive sens- | Reduces pilot
ing overhea
CONCLUSION
This article provides a review on various channel estimation Simple and the use of outdated channel estimates
ave less the assumption of correct data
DDCE have | hi pti f d
computational | detection
complexity. error propagation

[1] Edfors, 0., Sandell, M., Van de Beek, ].-J. Landstrom, D., and Sjoberg, F, “An Introduction to Orthogonal Frequency Division Multiplexin”, Luled,
Sweden: Lulea Tekniska Universitet, 1996, pp. 1-58. [2] R. W. Chang, “Synthesis of band-limited orthogonal signals for multichannel data trans-
mission,” Bell System Technical Journal, vol. 45, pp. 1775-1796, Dec. 1996. [3] S. B. Weinstein and P. M. Ebert, “Data transmission by frequency division multiplexing using the
discrete fourier transform,” [EEE Transactions on Communications, vol. 19, pp. 628-634, Oct. 1971. [4] A. Peled and A. Ruiz, “Frequency domain data transmission using reduced
computational complexity algorithms,” Proceedings of IEEE International Conference on Acoustics, Speech, and Signal Processing, pp. 964-967, Apr. 1980. [5] Moher, M. L. and
Lodge, J. H., “TCMP- a modulation and coding strategy for Rician fading channels,” IEEE Trans. Communication Technology. (December 1967): pp.805-813. [6] Tufvesson, F. and
Hoeher, P, “Channel Estimation using Superimposed pilot Sequences,” IEEE Trans. Communication (March 2000). [7] J. S. Chow, ]. M. Cioffi, and J. A. C. Bingham, “Equalizer Train-
ing Algorithms for Multicarrier Modulation Systems,” Proc. IEEE Int’l. Conf. Commun.,, vol. 2, Geneva, Switzerland, May 1993, pp. 761-65. [8] D. Donoho, “Compressed sensing,”
IEEE Trans. Inf. Theory, vol. 52, no. 4, pp. 1289-1306, Apr. 2006. [9] M. Kocic, D. Brady, and S. Merriam, “Reduced-complexity RLS estimation for shallow-water channels,” in Proc.
Symp. Autonomous Underwater Vehicle Technology (AUV’94), Cambridge, MA, Jul. 1994, pp. 165-170. [10] S. E. Cotter and B. D. Rao, “Matching pursuit based decision-feedback
equalizers,” in Proc. IEEE Int. Conf. Acoustics, Speech, and Signal Processing (ICASSP’00), Istanbul, Turkey, Jun. 2000, pp. 2713-2716. [11] C.-]. Wu and D. W. Lin, “A group matching
pursuit algorithm for sparse channel estimation for OFDM transmission,” in Proc. IEEE Int. Conf. Acoustics, Speech, and Signal Processing (ICASSP’06), Toulouse, France, May 2006,
pp.429-432 [12] M. R. Raghavendra and K. Giridhar, “Improving channel estimation in OFDM systems for sparse multipath channels,” IEEE Signal Processing Lett,, vol. 12, no. 1, pp.
52-55, Jan. 2005. [13] G. Taubock and F. Hlawatsch, “A compressed sensing technique for OFDM channel estimation in mobile environments: exploiting channel sparsity for reduc-
ing pilots,” in Proc. ICASSP’08, Las Vegas, USA, pp. 2885-2888, 2008. [14] G. Taubock, F. Hlawatsch, and H. Rauhut, “Compressive estimation of doubly selective channels: exploiting
channel sparsity to improve spectral efficiency in multicarrier transmission,” IEEE J. Select.Topics in Signal Process., vol. 4, no. 2, pp. 255-271, 2010. [15] Mahdi Soltanolkotabi,
Arash Amini, and Farokh Marvasti, “OFDM channel estimation based on adaptive thresholding for sparse signal detection,” 17th European Signal Processing Conference (EUSIPCO
2009) August 24-28, 2009. [16] Chenhao Qi and Lenan Wu, “A HYBRID COMPRESSED SENSING ALGORITHM FOR SPARSE CHANNEL ESTIMATION IN MIMO OFDM SYSTEMS”
[17] Yuexing Peng, Xiao Yang ; Xiaofeng Zhang ; Wenbo Wang, “ Compressed MIMO-OFDM channel estimation”, Communication Technology (ICCT), 2010 12th IEEE International
Conference on pp: 1291 - 1294,2010 [18] Shi Hui Song Renwang Wang Gangfei z “Study on sparse channel estimation algorithm based on compressive sensing for OFDM systems”,
Communication Software and Networks (ICCSN), 2011 IEEE 3rd International Conference on ,pp: 368 - 371,2011 [19] Mithuna Devi, R. Prema,G, “Compressive sensing algorithm
for Narrowband interference mitigation in MIMO-OFDM”", Advanced Communication Control and Computing Technologies (ICACCCT), 2012 IEEE International Conference on
pp: 22 - 27,2012. [20] Jia Meng,; Wotao Yin,Yingying Li; Nam Tuan Nguyen, “Compressive Sensing Based High Resolution Channel Estimation for OFDM System”. IEEE Journal of
Selected topics in Signal Processing,Vol6, No.1,FEB.2012,.PP.15-25. [21] Nina Wang, Guan Gui ; Zhi Zhang ; Tian Tang ; Jun Jiang. “A Novel Sparse Channel Estimation Method for
Multipath MIMO-OFDM Systems”. Vehicular Technology Conference, Sept. 2011 IEEE. [22] Y. Xie and C. N. Georghiades, “Two EM-Type Channel Estimation Algorithms for OFDM
with Transmitter Diversity,” IEEE Trans. Commun,, vol. 51, no. 1, Jan. 2003, pp. 106-15. [23] J. ]. Van De Beek et al,, “On Channel Estimation in OFDM Systems,” Proc. IEEE Vehic.
Tech. Conf,, vol. 2, Rosemont, IL,July 1995, pp. 815-19 [24] ] B. Yang et al,, “Channel Estimation for OFDM Transmission in Multipath Fading Channels Based on Parametric Channel
Modeling,” IEEE Trans. Commun,, vol. 49, no. 3, Mar. 2001, pp. 467-79. [25] Y. Gong and K. B. Letaief, “Low Complexity Channel Estimation for Space-Time Coded Wideband OFDM
Systems,” IEEE Trans. Wireless Commun.,, vol. 2, no. 5, Sept. 2003, pp. 876-82.

IJSR - INTERNATIONAL JOURNAL OF SCIENTIFIC RESEARCH 41




