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Time-varying Channel Complex Gains Estimation
and ICI Suppression in OFDM Systems

Hussein Hijazi, and Laurent Ros
GIBSA-lab, CNRS INPG - BP 46 - 38402 Saint-Martin-d&kes - France

Abstract—In this paper, we present an iterative algorithm in OFDM downlink mobile communication systems using
for channel complex gains estimation with inter-sub-carrier- comb-type pilot. Exploiting the nature of Radio-Frequesci
interference (ICI) reduction in orthogonal-frequency-division- channel, the delays are assumed invariant (over severaMDFD
multiplexing downlink mobile communication systems using g ) .
comb-type pilot. Assuming delays information, the time-variation symbols) ar_wd perfectly estimated, and 0”'¥ the complexsgain
of the mu|t|pa’[h Comp|ex gains within one OFDM Symbo| are Of the multl-path Channel haVe to be eSt|mated as we haVe
obtained by interpolating the symbol time-average values, which already done in CDMA context [8]. Note that an initial very
have been previously estimated with LS criteria. After that, performant multipath time delays estimation can be obthine
the channel matrix is computed and the ICI is reduced by by using the ESPRIT (estimation of signal parameters by

using successive interference suppression (SIS) in data symbol . . . .
detection. The algorithm’s performance is further enhanced by rotational invariance techniques) method [4] [6]. In owgcal

an iterative procedure, performing channel estimation and ICI rithm the complex gains are estimated by using the parametri
suppression at each iteration. Mean Square Error theoretical channel model as in [4] while considering the time variation
analysis and simulation results show a significant performance within one OFDM symbol. More precisely, for a block of

improvement for high normalised Doppler spread (especially orEpm symbols, the complex gains time average over the
after the first iteration) in comparison to conventional methods. effective duration of each OFDM symbol of different pathe ar

Index Terms—OFDM, ICI, SIS, channel estimation, time- estimated using LS criteria. After that, the time variatidrthe

varying channels. different paths complex gains within one OFDM symbol are
obtained by using low-pass interpolation. Hence, the chlann

. INTRODUCTION matrix can be computed and the ICI is reduced by using

() FIHosoNAL esuency avision _mtipoing 2 0 e e e
(OFDM) is widely considered as the most promisin

communication technique in the current broadband wirele%ne presented in [10] thanks to an iterative procedure, by
. techniq i gtimating and removing the ICI at each iteration. The sécon
mobile communication systems due to high robustness to t

e
multipath interference [1]. Assuming insertion of pilotaes

ontribution of this article is to give a theoretical and sim
(called comb-type pilot) into each OFDM symbols, th?

lated Mean Square Error (MSE) channel estimation analysis
. _ . function of the normalised (by the OFDM symbol-time)

conventional channel estimation methods consist gelyerag

of estimating the channel at pilot frequencies and ne

oppler spread. This further demonstrates the effectseoné
interpolating the channel frequency response. Estimation

fﬁe proposed algorithm.
the channel at the pilot frequencies can be based on Le&ls-{hls paper is organized as follows. Section I introduces
Square (LS) criterion, or Linear Minimum Mean-Square-

e OFDM baseband model and section Il multipath complex
gains estimation and iterative algorithm. Next, Section IV

Error (LMMSE) criterion for better performance [2]. In [3], ives some simulation results. We conclude the paper in

low-pass interpolation (LPI) has been shown to performebet .
. ! 4 . .. Section V.
than all interpolation techniques used in channel estonati tation: Superscripts-)7 and () stand for transpose
In [4] the channel estimator is based on a parametric channe{VO ation: SUP P P

model, which consists to estimate directly the time delays aand Hermitian ope_rators, res_pectlvélyr(-) _andE[-] arf the
. “trace and expectation operations, respectively.and(-)* are

complex attenuations of the multi-path channel. This emstiim : .
) ; the magnitude and conjugate of a complex number, respec-
yields the best performance among all comb-type pilot chann). . .
. . . o . fively. - and _- denote a vector and a matrix, respectively.
estimators, with the assumption that the channel is inntria =
- : A[m] denotes themth entry of the vectorA and A[m,n]
within one OFDM symbol. However, OFDM system is vul-o| notes th th entrv of the matrixd
nerable when the channel changes within one OFDM symboF. ¢m, ] y =

In such case, the orthogonality between subcarriers idyeasi

broken down, resulting in inter-sub-carrier-interferern(¢Cl) 1. SYSTEM MODEL

so that system performance may be considerably degraded.
In this paper, we present an iterative algorithm for chann%

estimation with inter-sub-carrier-interference (ICl)doetion

Suppose that the symbol duration after serial-to-patallle
/P) conversion i§,. The entire signal bandwith is covered
by N subcarriers, and the space between two neighboring

The authors are with the GIPSA lab. (ex LIS lab.), Grenobl@anEe (e- subcarriers i51/Tu-_ Denoting the sampling time _st =
mail: hussein.hijazi@lis.inpg.fr, laurent.ros@lis.irfogy T,/N, and assuming that the length of the cyclic prefix is
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T, = N,T, with N, being an integer. The duration of an FrequencyA
OFDM symbol isT' = (N + Ny)T,. In an OFDM system,
the transmitter usually applies dvi-point IFFT to data block
QAM-symbols{X,,[k]}, where n and k represent respectively
the OFDM symbol index and the subcarrier index, and adds the e
cyclic prefix (CP), wich is a copy of the last samples of the [
IFFT output, to avoid inter-symbol-interference (ISI) sad

by multipath fading channels. In order to limit the periodic
spectrum of the discrete time signal at the output of the JFFT

we use an appropriate analog transmission fieff). As Fig- 1. Comb-Type Pilot Arangement withy = 3
a result, the output baseband signal of the transmitter ean b
represented as [4]:

[ NONON NONON |
[ NONON NONON |
[ NONON NONON |
[ NONON NONON |
{ NONON NONON |
[ NONON NONON |
[ NONON NONON |
[ NONON NONON |
[ NONON NONON |
{ NONON NONON |
[ NONON NONON |
R NCRON RONON

ime

If we assumeN transmission subcarriers within the flat
region of the transmitter and receiver filter frequency oese
o0 -1 then by using the matrix notation and omitting the index time
z(t)= > Y Xulklgp(t—nT)®gc(t) (1) n, (4) can be rewritten as:

n=—o0 p=_N

’ Y = HX+W (6)
where® denotes the convolutiog, (¢) is the impulse response )
of the transmission analog filter, ang,(¢) is the subcarrier Where G.[m| and G,[m] are assumed to be equal to one in

pulse that can be described by: the flat region.X, Y, W are N x 1 vectors andH is an
N x N channel matrix, which contains the time average of
Tieﬁ’fﬁt te[-T,, T.] the channel frequency respongEk, k] on its diagonal and
(1) = “ otherwise @ the coefficients of the inter-carrier interference (IE)k, m],

k # m, otherwise.
It is assumed that the signal is transmitted over a multipath

Rayleigh fading channel characterized by: IIl. 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 th

where L is the number of pathsy; is theith complex gains sampled complex gainky (¢T%)} with sampling periodr}.
of varianceail and 7; is the ith delay normalized by the

sampling time {; is not necessarily an integefq;(t)} are

wide-sense stationary (WSS) narrow-band complex GaussfnPilot Pattern and Received Pilot Subcarriers

processes with the so-called Jakes’ power spectrum [5] andrpe N, pilot subcarriers are evenly inserted into the

uncorellated with respect to each other. The average emérgysypcarriers as shown in Fig 1 whefg denotes the interval

the channel is normalized to one. in terms of the number of subcarriers between two adjacent
At the receiver side, after passing to discret time througjjots in the frequency domainL; can be selected without

low pass filtering and A/D conversion, the guard time ige need for respecting the sampling theorem (in frequency

removed assuming that the CP length is no less than the mafdmain) as opposed to the methods shown in [4] [3]. However,

mum delay. Afterwards, & -point FFT is applied to transform a5 we will see with equation (12)V, must fulfill the following

the sequence into frequency domain. Fitle subcarrier output requirement:N,, > L.

of FFT during thenth OFDM symbol can be represented by: | et P denote the set that contains the index positions of the

Ny N, pilot subcarriers. Then

V= 2 el bl (9 P o | p=s L= 5. 5= 0Ny =1} ()

m=—4

L
h(ta T) = Z g (t)(S(T - 7-lTs) (3)
=1

where W, [k] is white complex Gaussian noise with variancéhe received pilot subcarriers can be written as the sum of
o2, G.[m] and G,[m] are the transmitter and receiver filtethree components:

frequency response values at thegh transmited subcarrier

frequency, andH,, [k, m| are the coefficients of the channel ¥ = é Hy +H,, X+ W, (®)
matrix from mth transmited subcarrier frequency kth re-

i . . where X, is an N, x N,, diagonal matrixY,,, W, are N,, x 1
ceived subcarrier frequency given by: P p > Vp diag Yo W P

vectors given by:

L N-1
1 o m o m—k .
H,[k,m] = NE e TRTEN " ap(qTy)el?" vl (5) = diag{X|[po], X[p1], ..., X[pn, 1]}
=1 q=0

[Y[pOLY[pl]’ e Y[pr—l]]T

wherek,m € [—&, & — 1] and{a}'(¢T})} is theT, spaced W Ipo)s Wip, s Wi 1]]T

5 —

sampling ofith complex gain during theth OFDM symbol.

"sg << Hﬁ
I
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Cp

< ) .
B, ( The ith block of K C. Iterative Algorithm
OrpMambel - OFDM symbols ) >5 In the iterative algorithm of channel estimation and ICI
< o > < A > suppression, the OFDM symbols are grouped in block& of
OFDM symbols each one. Each two consecutive blocks are
o B B B " intersected in two OFDM symbols as shown in Fig 2. For a
block of K OFDM symbols, the iterative algorithm proceeds
a a @ a as following:
c:erpolaﬁon of K samples esﬁmm?d/ Qnerpolalion of K samples estimatﬁd/ initialization
Y Interpolation of K samples estimatedJ Y 7 — ‘].
~ ka,z _ ka
Fig. 2. The diagram of complex gains estimator recursion -

) ) X . 1) ak,i - MY, ki
H, is an N, x 1 vector andH,, is an N, x N matrix with Srs —££ 1p _
ele - : — 2) {6 (qTs), =235 TN 1) = interp(@’ N + Ny)
elements given by: 1 \9ts)s  g=—Ng,..,N—-1 eTply o> g

L - 3) compute using (5) the channel matr@k’l

Hylps] = Hipe,ps] =Y aje 727%™ 4) remove the ICI of pilots from the received data
=1 subcarriersy," ‘

H B Hlps,m] ifme[-5, 5 —-1]-P 5) detection of data symbolg "
Pz[p87m] = 0 if mep kil b ~ ki kit
R A 1P
N-1 TVie—i+l
L 1
withar = > aulaTy) ) Wwhere interp denotes the interpolation function andand

. ) ) ) k represent the iteration number and the number of OFDM
ay is the time average over the effective duration of OFDMympol in a block, respectively. Note that, the steps 3 to 6

symbol of theith complex gain. The first component is thgye executed without considering the first and the last OFDM
desired term without ICI and the second component is tRempols (.c.,k = 2 to K — 1) in order to avoid limiting

ICI term. H, can be writen as the Fourier transform for th@ffects of interpolation. The data symbols detection irp ste
different complex gains time averagev }: 5 are estimated by successive data interference suppresion
Hy=F, @ (10) (SIS) _scheme with the optimal ordering and one tap frequency
= equalizer [10].
Where& anda are respectively théV,, x L Fourier transform _
matrix and theN,, x 1 vector given by: D. Mean Square Error (MSE) Analysis
The MSE of the LS-estimator af is given by:

_ | _ msey = B [(@ys — )" (@5 —@)] = Tr (M B M")
B e el (11) with R = E { Hy, X X" ﬂH] + U2£NP (13)

eijWPWOTl . €7j27rpWOTL

F, =

Itis 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

B. Estimation of Multipath Complex Gains bound among all unbiased estimators. The Standard CRB
The complex gains time averages over the effective duratipCRB) for the estimator aft with ICI known is given by:

of each OFDM symbol for the different paths are estimated - 1 H oo i -1

using the LS criteria. By neglecting the ICI contributiohet ~ SCRB(@) = SNR Ir <(Fp X" Xp Q) ) (4)

LS-estimator ofx is: . . . . . .
S-estimator ofa is where SN R is the normalized signal to noise ratio. It is easy

as=MY, 12 to show that
—1 . —
with M = (FpHXpHXp Fp) EAXx,H (12) mse; (with ICl) >  SCRB(a)
- = = = = == = (15)
Since theT,-spaced sampling of the complex gain taken mse; (without ICl) = SCRB(a)

in the middle of the effective duration of OFDM symbol . . N .
: S So, by iteratively estimating and removing the I1@ilse;
is closest to the complex gain time average over the effec-

iive duration. th | timati f will be closer toSCRB(a).
ve dura |or]:[, en we a;sumg:: a5 IS an _es 'r_na lon o The MSE of the assumption that; ¢ is an estimation of
a, = [ea(5Ty),...,ar(5Ty)]" . So, by estimatingw for

2 J X a, is given by:
some OFDM symbols and interpolating them by a factor B —
(N + N,) by using low-pass interpolation [3], we obtain an mse. = E[(@s—a)”(@s — )]
estimation of the sampled complex gaifis;(¢7s)} at time = mse; + mses + msejs + msea; (16)
T, during these OFDM symbols, for each path.
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where mses is the MSE betweer and o, and, mseis
and mses; are the cross-covariance terms, which are ve
negligible, given by:

mses = E[@-a.)"@-a)] -

o
L 1 N—-1N-— 3
9 -B -Mse, (theoretical)
= z O—Ozl 2 JO <27rdeS (ql - q2)) -o—msez(slmu)
0 . )

2 N 0.0251
_ E JO 27deTS (q _ 7) +1 - & -mse, with unknown [CI (theoretical)
N 2 -6 -mse with unknown ICI (theoretical)
0.02f] - ¢ -Mse. with unknown ICI (theoretical)
—%—mse, with unknown ICI (simu)

mseis = FE[(@,s—a)"(@-a,)]

—x—mse with unknown ICI (simu)

0.015 ——mse with unknown ICI (simu)

MSE (mean square error)

— H/— — 001
msesy = E[@-a,)"(@s—a)] = msej,
where Jy(-) denotes the zeroth-order Bessel function of th ooos|
first kind andf; is the channel maximum Doppler frequency
The MSE of the multipath complex gain estimator at tim 8o o o ol 02 o5
. . fT
T, is given by: ‘
s 9 y Fig. 3. Comparison between mean square errors (MSEYféiR = 20dB
K—-1 N-1
~k k\NH ( ~k k N
mser. = E|:Ct — o, — :| 10 with known
n=) > Bl -apt(a;-ap T
k=2 q:_Ng —e—mse | with unknown ICI (simu)
. T —y—mse, after one iteration (simu)
Wlth Q’; = I:alf (qTS)7 ceey a’z (qTS):I (17) mse | after two iterations (simu)
—4—mse, after three iterations (simu)

Assuming performant interpolator and respecting sampling
theorem in time domainf{T < 0.5), then we have:

mser, = mse. (18)

mse, (mean square error)
=
S

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 oL 005 om0l T
in terms of the average signal-to-noise ratio (SNR) [4] [3ig. 4. The mean square error of the LS-estimatorSo¥ R = 20dB
and maximum Doppler spread,T" (normalized by1/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
(# = 2MHz). A 4QAM-OFDM system with normalized
symbols,N = 128 subcarriersN, = & subcarriers)N, = 16
pilots (G.e.,Ly = 8) and K = 10 OFDM symbols in each
block is used. (note thdtS N R)dB = (:)dB+3dB). These
parameters are selected in order to be in concordance veth th
standard Wimax IEEE802.16e (spacing between subcarriers

i
0.2 0.3

T
=—6— SCRB with known ICI
-E-mse, with unknown ICI (theoretical)

—s—mse, with unknown ICI (simu)

—p—mse, after one iteration (simu)
mse after two iterations (simu)

—4—mse, after three iterations (simu)

mse, (mean square error)
=
S

must be about0K H = for a carrier frequency. = 2.5GH z). w0t !
The BER performance of our iterative algorithm is evaluated )
under a rapid time-varying channel such &g = 0.05 and S W

faT = 0.1 corresponding to a vehicle spe&f, = 140km/h

. Fig. 5. The mean square error of the LS-estimator figi’ = 0.1
andV,, = 280km/h, respectively, forf. = 56GHz.

Rayleigh Channel verify the theoretical MSE. We verify thatiser, ~ mse,,
Path Number | Average Power(dB) | Normalized Delay that means our interpolation method over a blockko©OFDM
; :Zg}g 004 symbols is adequate. FgT < 0.1, mses is negligible with
3 —5919 T respect tomses, thusmser, ~ mse;.
1 ~10.219 32 Fig 4 gives the evolution ofnse; with the iterations in
5 —12.219 4.6 terms of f;T for SN R = 20dB. We notice that, with all ICI,
6 —14.219 10 mse; is far from SCRB and when we commence to reduce

Fig 3 shows the MSE in terms g§T for SNR = 20dB. Itis the ICI, by improving the estimation of ICI at each iteration
observed that, with all ICI, the MSE obtained by simulatiomse; shows a significant improvement especially after the first
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Fig. 6.

Fig. 7.

iteration and approaches the SCRB fafl’ < 0.1. However,
by increasingf,;T, we show frommse, given in Fig 3 that
a moves away froma,. Hence, for f,7 > 0.1, MSE of
multipath complex gains estimator is significant and the ICI

2 -1
0
05 1

-05

Real Part of Complex Gains Imaginary Part of Complex Gains

1
OW -05

0 200 400 600 800 1000 1200 0 200 400 600 800

1000 12

00

o’Hw 0shg e T e

0 200 400 600 800 1000 1200 0 200 400 600 800

1000 121

00

200 400 600 800 1000 1200 0 200 400 600 800

00

DAQFw\%ﬂ\&ﬂjy

200 400 600 800 1000 1200 0 200 400 600 800

Ows——ta— UM

0 200 400 600 800 1000 1200 0 200 400 600 800

[ 200 400 600 800 1000 1200 B 0 200 400 600 800
x exact time average complex gain
O LS estimated time average complex gain
—— exact complex gain
—e— estimated complex gain

The LS estimated complex gain of six paths over 8 OFDM sy}sb

after one iteration witlS NR = 20dB and f3T = 0.1

T T T T T T

%
B : 4

10°F

—6— perfect knowledge of channel and ICI

== SIS algorithm with perfect channel knowledge
_,|| =9 after one iteration

10 after two iterations

—€— after three iterations

- B - inverse diagonal with all ICI

= # = LS pilot with LPI

- # - LMMSE pilot with LPI

10" ; ;
0 5 10 15 20 25 30 35 40
SNR (dB)

Comparison of BER fofyT" = 0.05

are not estimated and nor removed perfectly.

Fig 5 shows the evolution ofnser, ~ mse; with the
iterations in terms o6 N R for f; T = 0.1. After one iteration,
a great improvement is realized amdse; 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 ICl|
level and, for high SNR ICI are not completely removed d

to the data symbols detection error.

For illustration, Fig 6 illustrates the real and the imagyna
part of the exact and estimated (after one iteration) mathip 7]
complex gain for one channel realization over 8 OFDM
symbols with SNR = 20dB and f;,7 = 0.1.

1000 1200

It is well

107F

—6— perfect knowledge of channel and ICI

—#— SIS algorithm with perfect channel knowledge
_,|| =¥ after one iteration

10 after two iterations

—4&—after three iterations

- B - inverse diagonal with all ICI

= % = LS pilot with LPI

||~ * - LMMSE pilot with LPI

0 5 10 15

20 25 30 35 40
SNR (dB)

Fig. 8. Comparison of BER fof;7 = 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 imgdov
during each iteration. After two iterations, performané®wor
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 (ICl) for OFDM system. Thearati
analysis and simultion results of our iterative algorithinow
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 firsaiten
for high Doppler spread.
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