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Abstract—In this paper, we present an iterative algorithm
for channel complex gains estimation with inter-sub-carrier-
interference (ICI) reduction in orthogonal-frequency-division-
multiplexing downlink mobile communication systems using
comb-type pilot. Assuming delays information, the time-variation
of the multipath complex gains within one OFDM symbol are
obtained by interpolating the symbol time-average values, which
have been previously estimated with LS criteria. After that,
the channel matrix is computed and the ICI is reduced by
using successive interference suppression (SIS) in data symbol
detection. The algorithm’s performance is further enhanced by
an iterative procedure, performing channel estimation and ICI
suppression at each iteration. Mean Square Error theoretical
analysis and simulation results show a significant performance
improvement for high normalised Doppler spread (especially
after the first iteration) in comparison to conventional methods.

Index Terms—OFDM, ICI, SIS, channel estimation, time-
varying channels.

I. I NTRODUCTION

ORTHOGONAL frequency division multiplexing
(OFDM) is widely considered as the most promising

communication technique in the current broadband wireless
mobile communication systems due to high robustness to the
multipath interference [1]. Assuming insertion of pilot-tones
(called comb-type pilot) into each OFDM symbols, the
conventional channel estimation methods consist generally
of estimating the channel at pilot frequencies and next
interpolating the channel frequency response. Estimationof
the channel at the pilot frequencies can be based on Least
Square (LS) criterion, or Linear Minimum Mean-Square-
Error (LMMSE) criterion for better performance [2]. In [3],
low-pass interpolation (LPI) has been shown to perform better
than all interpolation techniques used in channel estimation.

In [4] the channel estimator is based on a parametric channel
model, which consists to estimate directly the time delays and
complex attenuations of the multi-path channel. This estimator
yields the best performance among all comb-type pilot channel
estimators, with the assumption that the channel is invariant
within one OFDM symbol. However, OFDM system is vul-
nerable when the channel changes within one OFDM symbol.
In such case, the orthogonality between subcarriers is easily
broken down, resulting in inter-sub-carrier-interference (ICI)
so that system performance may be considerably degraded.

In this paper, we present an iterative algorithm for channel
estimation with inter-sub-carrier-interference (ICI) reduction
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in OFDM downlink mobile communication systems using
comb-type pilot. Exploiting the nature of Radio-Frequencies
channel, the delays are assumed invariant (over several OFDM
symbols) and perfectly estimated, and only the complex gains
of the multi-path channel have to be estimated as we have
already done in CDMA context [8]. Note that an initial very
performant multipath time delays estimation can be obtained
by using the ESPRIT (estimation of signal parameters by
rotational invariance techniques) method [4] [6]. In our algo-
rithm the complex gains are estimated by using the parametric
channel model as in [4] while considering the time variation
within one OFDM symbol. More precisely, for a block of
OFDM symbols, the complex gains time average over the
effective duration of each OFDM symbol of different paths are
estimated using LS criteria. After that, the time variationof the
different paths complex gains within one OFDM symbol are
obtained by using low-pass interpolation. Hence, the channel
matrix can be computed and the ICI is reduced by using
SIS in data symbol detection. The present proposed algorithm
has demonstrated great improvement as compared to the
one presented in [10] thanks to an iterative procedure, by
estimating and removing the ICI at each iteration. The second
contribution of this article is to give a theoretical and simu-
lated Mean Square Error (MSE) channel estimation analysis
in function of the normalised (by the OFDM symbol-time)
Doppler spread. This further demonstrates the effectiveness of
the proposed algorithm.

This paper is organized as follows. Section II introduces
the OFDM baseband model and section III multipath complex
gains estimation and iterative algorithm. Next, Section IV
gives some simulation results. We conclude the paper in
Section V.

Notation: Superscripts(·)T and (·)H stand for transpose
and Hermitian operators, respectively.Tr(·) andE[·] are the
trace and expectation operations, respectively.‖·‖ and(·)∗ are
the magnitude and conjugate of a complex number, respec-
tively. · and · denote a vector and a matrix, respectively.
A[m] denotes themth entry of the vectorA and A[m,n]
denotes the[m,n]th entry of the matrixA.

II. SYSTEM MODEL

Suppose that the symbol duration after serial-to-paralllel
(S/P) conversion isTu. The entire signal bandwith is covered
by N subcarriers, and the space between two neighboring
subcarriers is1/Tu. Denoting the sampling time byTs =
Tu/N , and assuming that the length of the cyclic prefix is
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Tg = NgTs with Ng being an integer. The duration of an
OFDM symbol isT = (N + Ng)Ts. In an OFDM system,
the transmitter usually applies anN -point IFFT to data block
QAM-symbols{Xn[k]}, where n and k represent respectively
the OFDM symbol index and the subcarrier index, and adds the
cyclic prefix (CP), wich is a copy of the last samples of the
IFFT output, to avoid inter-symbol-interference (ISI) caused
by multipath fading channels. In order to limit the periodic
spectrum of the discrete time signal at the output of the IFFT,
we use an appropriate analog transmission filterGe(f). As
a result, the output baseband signal of the transmitter can be
represented as [4]:

x(t) =

∞
∑

n=−∞

N
2
−1
∑

k=−
N
2

Xn[k]φk(t− nT )⊗ ge(t) (1)

where⊗ denotes the convolution,ge(t) is the impulse response
of the transmission analog filter, andφk(t) is the subcarrier
pulse that can be described by:

φk(t) =

{

1

Tu
ej2π k

Tu
t t ∈ [−Tg, Tu]

0 otherwise
(2)

It is assumed that the signal is transmitted over a multipath
Rayleigh fading channel characterized by:

h(t, τ) =
L
∑

l=1

αl(t)δ(τ − τlTs) (3)

whereL is the number of paths,αl is the lth complex gains
of varianceσ2

αl
and τl is the lth delay normalized by the

sampling time (τl is not necessarily an integer).{αl(t)} are
wide-sense stationary (WSS) narrow-band complex Gaussian
processes with the so-called Jakes’ power spectrum [5] and
uncorellated with respect to each other. The average energyof
the channel is normalized to one.

At the receiver side, after passing to discret time through
low pass filtering and A/D conversion, the guard time is
removed assuming that the CP length is no less than the maxi-
mum delay. Afterwards, aN -point FFT is applied to transform
the sequence into frequency domain. Thekth subcarrier output
of FFT during thenth OFDM symbol can be represented by:

Yn[k] =

N
2
−1
∑

m=−
N
2

Xn[m]Ge[m]Gr[m]Hn[k,m] + Wn[k] (4)

whereWn[k] is white complex Gaussian noise with variance
σ2, Ge[m] and Gr[m] are the transmitter and receiver filter
frequency response values at themth transmited subcarrier
frequency, andHn[k,m] are the coefficients of the channel
matrix from mth transmited subcarrier frequency tokth re-
ceived subcarrier frequency given by:

Hn[k,m] =
1

N

L
∑

l=1

[

e−j2π m
N

τl

N−1
∑

q=0

αn
l (qTs)e

j2π
m−k

N
q

]

(5)

wherek,m ∈
[

−N
2

, N
2
− 1
]

and{αn
l (qTs)} is theTs spaced

sampling oflth complex gain during thenth OFDM symbol.

Frequency

fL

Time
Fig. 1. Comb-Type Pilot Arrangement withLf = 3

If we assumeN transmission subcarriers within the flat
region of the transmitter and receiver filter frequency response
then by using the matrix notation and omitting the index time
n, (4) can be rewritten as:

Y = H X + W (6)

whereGe[m] and Gr[m] are assumed to be equal to one in
the flat region.X, Y , W are N × 1 vectors andH is an
N × N channel matrix, which contains the time average of
the channel frequency responseH[k, k] on its diagonal and
the coefficients of the inter-carrier interference (ICI)H[k,m],
k 6= m, otherwise.

III. MULTIPATH COMPLEX GAINS ESTIMATION
AND ITERATIVE ALGORITHM

In this section, we propose a method based on comb-type
pilots and multipath time delays information to estimate the
sampled complex gains{αl(qTs)} with sampling periodTs.

A. Pilot Pattern and Received Pilot Subcarriers

The Np pilot subcarriers are evenly inserted into theN
subcarriers as shown in Fig 1 whereLf denotes the interval
in terms of the number of subcarriers between two adjacent
pilots in the frequency domain.Lf can be selected without
the need for respecting the sampling theorem (in frequency
domain) as opposed to the methods shown in [4] [3]. However,
as we will see with equation (12),Np must fulfill the following
requirement:Np ≥ L.

Let P denote the set that contains the index positions of the
Np pilot subcarriers. Then

P = {ps | ps = s Lf −
N

2
, s = 0, ..., Np − 1} (7)

The received pilot subcarriers can be written as the sum of
three components:

Yp = Xp Hp + HpI
X + Wp (8)

whereXp is anNp×Np diagonal matrix,Yp, Wp areNp×1

vectors given by:

Xp = diag{X[p0],X[p1], ...,X[pNp−1]}

Yp =
[

Y [p0], Y [p1], ..., Y [pNp−1]
]T

Wp =
[

W [p0],W [p1], ...,W [pNp−1]
]T
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iB  ( The ith block of  K 
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Interpolation of  K samples estimated 

Interpolation of  K samples estimated 

 

Interpolation of  K samples estimated 

Fig. 2. The diagram of complex gains estimator

Hp is an Np × 1 vector andHpI
is an Np × N matrix with

elements given by:

Hp[ps] = H[ps, ps] =

L
∑

l=1

αle
−j2π

ps
N

τl

HpI
[ps,m] =

{

H[ps,m] if m ∈
[

−N
2

, N
2
− 1
]

− P
0 if m ∈ P

with αl =
1

N

N−1
∑

q=0

αl(qTs) (9)

αl is the time average over the effective duration of OFDM
symbol of thelth complex gain. The first component is the
desired term without ICI and the second component is the
ICI term. Hp can be writen as the Fourier transform for the
different complex gains time average{αl}:

Hp = Fp α (10)

whereFp andα are respectively theNp×L Fourier transform
matrix and theNp × 1 vector given by:

Fp =









e−j2π
p0

N
τ1 · · · e−j2π

p0

N
τL

...
. . .

...

e−j2π
pNp−1

N
τ1 · · · e−j2π

pNp−1

N
τL









α = [α1, ..., αL]
T

(11)

B. Estimation of Multipath Complex Gains

The complex gains time averages over the effective duration
of each OFDM symbol for the different paths are estimated
using the LS criteria. By neglecting the ICI contribution, the
LS-estimator ofα is:

αLS = M Yp

with M =
(

Fp
HXp

HXp Fp

)

−1

Fp
HXp

H (12)

Since theTs-spaced sampling of the complex gain taken
in the middle of the effective duration of OFDM symbol
is closest to the complex gain time average over the effec-
tive duration, then we assume thatαLS is an estimation of
αc =

[

α1(
N
2

Ts), ..., αL(N
2

Ts)
]T

. So, by estimatingα for
some OFDM symbols and interpolating them by a factor
(N + Ng) by using low-pass interpolation [3], we obtain an
estimation of the sampled complex gains{αl(qTs)} at time
Ts during these OFDM symbols, for each path.

C. Iterative Algorithm

In the iterative algorithm of channel estimation and ICI
suppression, the OFDM symbols are grouped in blocks ofK
OFDM symbols each one. Each two consecutive blocks are
intersected in two OFDM symbols as shown in Fig 2. For a
block of K OFDM symbols, the iterative algorithm proceeds
as following:

initialization :
i← 1

Yp
k,i = Yp

k

recursion :

1) αk,i
LS = M Yp

k,i

2) {α̂k,i
l (qTs),

k=2,...,K−1

q=−Ng,...,N−1
} = interp(αk,i

lLS
, N + Ng)

3) compute using (5) the channel matrix̂H
k,i

4) remove the ICI of pilots from the received data
subcarriersYd

k

5) detection of data symbolŝXd

k,i

6) Yp
k,i+1 = Yp

k − Ĥ
k,i

pI
X̂

k,i

7) i← i + 1

where interp denotes the interpolation function and,i and
k represent the iteration number and the number of OFDM
symbol in a block, respectively. Note that, the steps 3 to 6
are executed without considering the first and the last OFDM
symbols (i.e., k = 2 to K − 1) in order to avoid limiting
effects of interpolation. The data symbols detection in step
5 are estimated by successive data interference suppresion
(SIS) scheme with the optimal ordering and one tap frequency
equalizer [10].

D. Mean Square Error (MSE) Analysis

The MSE of the LS-estimator ofα is given by:

mse1 = E
[

(αLS − α)H(αLS − α)
]

= Tr
(

M R MH
)

with R = E
[

HpI
X XH HpI

H
]

+ σ2I
Np

(13)

It is clear that our LS-estimator is unbiased. So, the CRAMER-
RAO BOUND (CRB) [11] is an important criteria to evaluate
how good our LS-estimator can be since it provides the MMSE
bound among all unbiased estimators. The Standard CRB
(SCRB) for the estimator ofα with ICI known is given by:

SCRB(α) =
1

SNR
Tr

(

(

Fp
H Xp

H Xp Fp

)

−1
)

(14)

whereSNR is the normalized signal to noise ratio. It is easy
to show that







mse1 (with ICI) > SCRB(α)

mse1 (without ICI) = SCRB(α)
(15)

So, by iteratively estimating and removing the ICImse1

will be closer toSCRB(α).
The MSE of the assumption thatαLS is an estimation of

αc is given by:

msec = E
[

(αLS − αc)
H(αLS − αc)

]

= mse1 + mse2 + mse12 + mse21 (16)
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where mse2 is the MSE betweenα and αc and, mse12

and mse21 are the cross-covariance terms, which are very
negligible, given by:

mse2 = E
[

(α− αc)
H(α− αc)

]

=
L
∑

l=1

σ2
αl

(

1

N2

N−1
∑

q1=0

N−1
∑

q2=0

J0

(

2πfdTs(q1 − q2)

)

−
2

N

N−1
∑

q=0

J0

(

2πfdTs(q −
N

2
)

)

+ 1

)

mse12 = E
[

(αLS − α)H(α− αc)
]

= Tr
(

E
[

(α− αc) XH HpI

H
]

MH
)

mse21 = E
[

(α− αc)
H(αLS − α)

]

= mse∗12

where J0(·) denotes the zeroth-order Bessel function of the
first kind andfd is the channel maximum Doppler frequency.

The MSE of the multipath complex gain estimator at time
Ts is given by:

mseTs
=

K−1
∑

k=2

N−1
∑

q=−Ng

E
[

(α̂k
q − αk

q )H(α̂k
q − αk

q )
]

with αk
q =

[

αk
1(qTs), ..., α

k
L(qTs)

]T
(17)

Assuming performant interpolator and respecting sampling
theorem in time domain (fdT ≤ 0.5), then we have:

mseTs
≈ msec (18)

IV. SIMULATION RESULTS

In this section, we verify the theory by simulation and
we test the performance of the iterative algorithm. The mean
square error (MSE) and the bit error rate (BER) performances
in terms of the average signal-to-noise ratio (SNR) [4] [3]
and maximum Doppler spreadfdT (normalized by 1/T )
for Rayleigh channel are examined. The normalized channel
model is Rayleigh as recommended by GSM Recommenda-
tions 05.05 [7] [9], with parameters shown in the table below
( 1

Ts
= 2MHz). A 4QAM-OFDM system with normalized

symbols,N = 128 subcarriers,Ng = N
8

subcarriers,Np = 16
pilots (i.e., Lf = 8) and K = 10 OFDM symbols in each
block is used. (note that(SNR)dB = ( Eb

N0

)dB+3dB). These
parameters are selected in order to be in concordance with the
standard Wimax IEEE802.16e (spacing between subcarriers
must be about10KHz for a carrier frequencyfc = 2.5GHz).
The BER performance of our iterative algorithm is evaluated
under a rapid time-varying channel such asfdT = 0.05 and
fdT = 0.1 corresponding to a vehicle speedVm = 140km/h
andVm = 280km/h, respectively, forfc = 5GHz.

Rayleigh Channel

Path Number Average Power(dB) Normalized Delay

1 −7.219 0
2 −4.219 0.4
3 −6.219 1
4 −10.219 3.2
5 −12.219 4.6
6 −14.219 10

Fig 3 shows the MSE in terms offdT for SNR = 20dB. It is
observed that, with all ICI, the MSE obtained by simulation
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Fig. 3. Comparison between mean square errors (MSE) forSNR = 20dB
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Fig. 4. The mean square error of the LS-estimator forSNR = 20dB
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Fig. 5. The mean square error of the LS-estimator forfdT = 0.1

verify the theoretical MSE. We verify thatmseTs
≈ msec,

that means our interpolation method over a block ofK OFDM
symbols is adequate. ForfdT ≤ 0.1, mse2 is negligible with
respect tomse1, thusmseTs

≈ mse1.
Fig 4 gives the evolution ofmse1 with the iterations in

terms offdT for SNR = 20dB. We notice that, with all ICI,
mse1 is far from SCRB and when we commence to reduce
the ICI, by improving the estimation of ICI at each iteration,
mse1 shows a significant improvement especially after the first
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Fig. 6. The LS estimated complex gain of six paths over 8 OFDM symbols
after one iteration withSNR = 20dB andfdT = 0.1
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Fig. 7. Comparison of BER forfdT = 0.05

iteration and approaches the SCRB forfdT ≤ 0.1. However,
by increasingfdT , we show frommse2 given in Fig 3 that
α moves away fromαc. Hence, forfdT > 0.1, MSE of
multipath complex gains estimator is significant and the ICI
are not estimated and nor removed perfectly.

Fig 5 shows the evolution ofmseTs
≈ mse1 with the

iterations in terms ofSNR for fdT = 0.1. After one iteration,
a great improvement is realized andmse1 is very close to
SCRB especially in low and moderate SNR region. This is
because for low SNR the noise is dominant relative to the ICI
level and, for high SNR ICI are not completely removed due
to the data symbols detection error.

For illustration, Fig 6 illustrates the real and the imaginary
part of the exact and estimated (after one iteration) multipath
complex gain for one channel realization over 8 OFDM
symbols with SNR = 20dB and fdT = 0.1. It is well
observed that we have a good estimation of multipath complex
gains for very rapidly channel.

Fig 7 and Fig 8 gives the BER performance of our proposed
iterative algorithm, compared to conventional methods (LSand
LMMSE criteria with LPI in frequency domain) [2] [3] and
SIS algorithm with perfect channel knowledge forfdT = 0.05
andfdT = 0.1. We plotted also as reference, performance ob-
tained with perfect knowledge of channel and ICI. This result
shows that, with all ICI, our algorithm performs better than
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Fig. 8. Comparison of BER forfdT = 0.1

the conventional methods. Moreover, when we start removing
ICI our iterative algorithm offers an improvement in BER
after each iteration because the estimation of ICI is improved
during each iteration. After two iterations, performance of our
algorithm and SIS algorithm with perfect channel knowledge
are very close. At high SNR, we cannot reach the performance
obtained with perfect knowledge of channel and ICI because
we have an error floor due to data symbols detection error.

V. CONCLUSION

In this paper, we have presented an iterative algorithm
to estimate multipath complex gains and mitigate the inter-
sub-carrier-interference (ICI) for OFDM system. Theoretical
analysis and simultion results of our iterative algorithm show
that, by estimating and removing the ICI at each iteration,
multipath complex gains estimation and coherent demodula-
tion have a great improvement especially after the first iteration
for high Doppler spread.
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