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Abstract—In this paper, we present a Mean Square Error have proposed an algorithm for channel matrix estimatiah an
(MSE) theoretical analysis for a multipath channel complex inter-sub-carrier-interference (ICI) reduction whose@xion
gains estimation algorithm with inter-sub-carrier-interference is done per block of OFDM symbols. Assuming the avail-

(ICIl) mitigation in orthogonal frequency division multiplexing . - f . . .
(OFDM) high speed mobile receiver. Each complex gain time- ability of delay information, the complex gains time-véioa

variation is approximated in a polynomial fashion within several Within one OFDM symbol were obtained by interpolating the
OFDM symbols, where the polynomial coefficients are obtained complex gains time average estimated over each symbol of
from the estimated time-averaged gain values. After that, the the block. This algorithm (without ICI suppression) penfisr
channel matrix is easily computed and the ICI is reduced peger than the conventional methods and becomes better

by using successive interference suppression (SIS) during data_ . . . . . .
symbol detection. The algorithm performance is further enhancd with starting ICI suppression, but with high computational

by an iterative procedure. Theoretical analysis for Rayleigh COmplexity.

channel with Jakes’spectrum and simulation results show that  In this paper, we present a new low-complexity iterative
the low computational complexity proposed algorithm has good algorithm for complex gains estimation with ICI mitigation
performance in the presence of high normalised Doppler spread. using comb-type pilot. By exploiting the nature of the

Index Terms—OFDM, Time-varying channels, Polynomial ap- cha_mnel, the delays are assumed_ invariant and perfectly
proximation, Mean square error estimated as we have already done in OFDM [1] and CDMA

[2] contexts. Notice that an initial very performant mudtth
time delays estimation can be obtained by using the ESPRIT
(estimation of signal parameters by rotational invariance
ORTHOGONAL frequency division multiplexing (OFDM) techniques) method [10] [11]. First, we compute the complex
is an attractive technique for high-speed data transnmissigains time average over the effective duration of the OFDM
in mobile communication [7]. Assuming insertion of pilot-symbol by using LS criterion as we have already done in
tones (called comb-type pilot) into each OFDM symbol1]. Then, we show that each complex gain time-variation
the conventional channel estimation methods consist genesin be approximated in a polynomial fashion within several
ally of estimating the channel at pilot frequencies and negFDM symbols where the coefficients of each polynomial
interpolating the channel frequency response. The chanae calculated from the estimated time average values.djenc
estimation at the pilot frequencies can be based on Leds&nks to the polynomial modeling, the channel matrix can be
Square (LS) criterion, or Linear Minimum Mean-Square-Erraccomputed with low complexity from the estimated coefficgent
(LMMSE) criterion for better performance [8]. In [9], lowags and the ICI is reduced using SIS in data symbol detection.
interpolation (LPI) has been shown to perform better th&n gthe present proposed algorithm has demonstrated a great
interpolation techniques used in channel estimation. improvement in performance while reducing complexity as
For fast time-varying channel, many existing works resocompared to the one presented in [1] thanks to an iterative
to estimate the equivalent discrete-time channel tapsiwdnrie procedure. Moreover, we give a theoretical Mean Square
modeled by the basis expansion model (BEM) [3]. The BEMrror (MSE) analysis (including lower bound computatioh) o
methods [3] are Karhunen-Loeve BEM (KL-BEM), prolateour channel estimation algorithm in terms of the normalised
spheroidal BEM (PS-BEM), complex exponential BEM (CEfby the OFDM symbol-time) Doppler spread. This further
BEM) and polynomial BEM (P-BEM). A great deal of atten-demonstrates the effectiveness of the proposed algorithm.
tion has been paid to the P-BEM [4], although its modelinghis paper is organized as follows. Section Il introduces
performance is rather sensitive to the Doppler spread;rnevthe OFDM system model and section IIl the polynomial
theless, it provides a better fit for low, than for high Dopplemodeling. Section IV presents polynomial coefficients
spreads. estimation and iterative algorithm. Next, Section V gives
Our interesting is to estimate directly the physical channsome simulation results. We conclude the paper in Section VI
instead of the equivalent discrete-time channel taps. That
means estimating the physical propagation parameters suctWotation: The notations used in this paper are as follows.
as multipath delays and multipath complex gains. In [1], wdpper (lower) bold face letters denote matrices (column
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vectors). [x]; denotes thekth element of the vectok, and
[X]k,m denotes thék, m]th element of the matriX. | y is a 107 1

N x N identity matrix and diagx} is a diagonal matrix with //

X on its main diagonal. The superscrigts’” and (-)¥ stand
respectively for transpose and Hermitian operatprs, Tr(-)
and -] are respectively the determinant, trace and expectatic

Average Variance of Coefficients

operations, and Re, || - || and (-)* are respectively the real
part, magnitude and conjugate of a complex number or matri. ~ *° | —=—Ist coeficientc ||
|X||? is the Frobenius matrix norm andy(-) denotes the o o s comticen e 1]
zeroth-order Bessel function of the first kind. oot ooseors o T o2
Fig. 1. The average variance of each coefficient for a normalizhannel
[I. OFDM SYSTEM MODEL of L = 6 paths andV, = 3

We denote the number of subcarriers by N and the sampliagdH is a N x N channel matrix with elements given by:
time byT;. The duration of an OFDM symbol 5 = vT; with 1 L N-1
v = N + Ny where N, is the length of the cyclic prefix. In [H],.,, = — Z [efj%(’"ﬁl*%)n Z al(qu)eﬂw’”&’“q
an OFDM system, the transmitter usually appliesMépoint N =1 a=0
IFFT to a data block normalized QAM-symbole,,[b]} . . 3)
(i-e., E[z(m[blz(my[b]*] = 1) and adds a cyclic prefix (CP)where{a(qT%)} is theT, spaced sampling of thith complex
N1 gain andwlb] is white complex Gaussian noise with variance
ass(mlq] = 1 Z 2(n) [b]ej%%” , wheren andb represent o2. The channel matrix contains the time average of the
N po N channel frequency responsH]; , on its diagonal and the

respectively the OFDM symbol index and the subcarrier indéefficients of ICI[H]y ., for k # m.

and g € [-N,, N —1]. The output baseband signal of the [1l. COMPLEX GAIN POLYNOMIAL MODELING
transmitter is sent over a multipath Rayleigh fading chénne

characterized by:

In this section, we show that, for high realistic
I doppler spreadf;T, each sampled %omplex gaiy, =
ht, ) = Z a(t)8(r — nTy) 1) [@l(*NgTs), e al((UNC - Ng — 1)TS)] within Nc OFDM

P symbols can be approximated W|thTa polynomial model of
. . . N, fficientsc, = y ey CN— . Thus, f D =
where L is the total number of propagation paths, is the » COCTICIentst, Oy -+ ENe ;’l us dorq. < B
Ith complex gains of variance?, and 7; is the /th delay [_]I\\,Cg;}’Nc_ng_”’ ai(qTs) can be expresse asi(qTs) =
normalized by the sampling timer(is not necessarily an 2-d~o Ca. 4°+&lg], whereg[] is the model error. We also
integer). {c ()} are wide-sense stationary (WSS) narronshow that a good approximation can be obtained by calcglatin

T
band complex Gaussian processes with the so-called Jakbs' N. coefficients from onlye; = {az,o,-‘-,@z,z\ch ,
power spectrum of maximum Doppler frequenfy [5] and dv+N—1
uncorellated with respect to each other. The average emérgywherea; o = — Z a;(¢Ts) is the time average over
the channel is normalized to onée(, Zle ail =1). N q=dv

At the receiver side, after passing to discrete time throudfie effective duration of théd + 1)th OFDM symbol of the
low pass filtering and A/D conversion, the CP is removeldh complex gain.
assuming that its length is no less than the maximum delay. Af
terwards, aV-point FFT is applied to transform the sequenc@Ptimal Polynomial: The optimal polynomialxopt,, which
into frequency domain. If we consider that thetransmission 1S least-squares fitted (linear and polynomial regresg@jnp
subcarriers are within the flat region of the frequency raspo ¢, and itsN. coefficientscopy, are given by:
of e_ach of_the transmitter e_md receiver filters, thgn, ongtti Clopt, = QTCoptl — Sq
the index timen, the N received subcarriers are given by [1]:

-1
o, = (QQT) Qe (4)
y = Hx+4+w (2) . ]
whereQ is a N. x vN, matrix of elementgQ]y ,, = (m —
wherex, y, w are N x 1 vectors given by: Ng_l)(k—l) andS = Q7 (QQ”T - Qs avN, xv N, matrix.
It provides the MMSE approximation for all polynomials
N N N T L - .
X = [m[—;],x[—g +1], 7x[5 — 1]} containing Nc coefficients, given by:
N N N T 1
y = |yl=Glul-5 1yl 1] MMSE, = -El(en — aop)" (1 — aopy)] - (5)
N N N T 1 T
— _ _ _ _ = Tr{(lun, — SRq, (lon. — S
wo= [ul-Flel-F + 1wy 1] AT (o~ SRa (o )
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Fig. 2. The real part of the exact complex gain and its optimajrmomial
modeling for one path channel realization over 12 OFDM symivaith
faT = 0.1 and N. = 2 (left) and 3 (right)

Fig. 3. Comparison between MMSE and M&E for a normalized channel
with L = 6 paths

whereR,, = E [aqa’] is thew N, x vN, correlation matrix  From Fig. 2, it is observed that we have a good polynomial
of «; of elements given by: approximation. As we see in Fig. 3, we have MgE: MMSE
) and for f;7 < 0.1, MSEges < 1074, even with justN, = 2
Rou]km = 04,70 (27deTs(k - m)> (6)  coefficients. This proves that, for high realistigZ’, we can

- approximatea; with a polynomial model ofN, coefficients
The N, coefficients cop, are correlated complex gaussiar]

i ) ! : S and we can calculate the polynomial approximation which
variables with zero-means and covariance matrix given by:

) . approaches the MMSE approximation from only the time
= E[Copt, Copt, /] = (QQT)f QR4 Q7 (QQT)f (7) average values;. Under this polynomial approximation, the

o channel matrix (see equation (3)) for theéh symbol of N,
Fig. 1 shows the average (over= 6 paths) variance of eachoFpm symbols can be simply defined as:

coefficient for N. = 3. We notice that the variance decreases
very quickly in terms of number of coefficients. That means c
the second and the third coefficients are very small. Z B(n.a)

Rcoptl

with B(n,d) = M(n,d) diag{Fxa}

11)

Desired Polynomial: We now aim to find the polynomial T ) ,
wherexq = |ca1,---,¢q,| , Fis the N x L Fourier matrix

approximation of N, coefficients by knowing onlyx;. This

polynomial and its coefficients are given by: andM, 4) is a N x N matrix given by:

Odes = Q7 Ches =V @ and cges = T '@ (8) [Flom = e 2% -5m (12)
whereT is the transfer matrix between.; andea;, andV = N-l ommk
QTTL. For N, = 3, T is given by: [M(n,d)]k7m = (g+ (n— 1)”) e AN

1 N_1 (N—1)(2N—1) q=0

2 6
= N-1 (N-1)(2N-1) _ 2 wheren € [1, N.]. Note that the terms of the matriM ,, 4

T 1 o WELEN-D Sy gy, 4 h [1, N.]. Note that the t f th trd (., )

1 N2 % (N71)(26N71) 2N — 1) + 402 can be easily computed and stored by using the properties of

2 6 H
o power series.

Note that, forN. = 2, the transfer matrix will be th@ x 2
upper block matrix in the top—left corner of the matfiixwith 1IV. POLYNOMIAL COEFFICIENTSESTIMATION AND
N. =3. ITERATIVE ALGORITHM

The MSE of this polynomial approximation is given by: . )
In this section, we propose a method based on comb-type

_ 1 —
MSEges = WE[edesegs] = ©) pilots and multipath time delays information to estimate th

N, coefficientscgeg Of the polynomial approximatiomqe
T H eg S
Tr(Ral +V RgV Ra@v -V Ralal> for each path.

vN.

whereeges = o — ageg, Ry, IS the correlation matrix of;

andRa,, is the cross-correlation matrix between andc A. Pilot Pattern and Estimation of Polynomial Coefficients

with elements given by: The N, pilot subcarriers are evenly inserted into the
o2, kv—Ny—1 mv—N,— subcarriers at the positiorB = {p; | ps = (s — 1)Ly +

R, Jkom = Z Z JO (gﬁdes(ql _ q2)> 1, s=1,...,N,} with L; the distance between two adjacent
Gr=kv—v qa=mv—v pilots. As we will see with equation (15)y, must fulfill the

2 mu+Ng—1 following requirementN,, > L. The received pilot subcarriers
o P

[Revai]im = ﬁ Jo (wade(k —q— Ny — 1)) can be written as the sum of three components:

g=mv—v

(10) y, = diag{xp}Fpa +Hpx +wp (13)
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wherexy, y, andw, are N, x 1 vectorsHy is aN, x N matrix, where i represents the iteration number. The data symbols
detection in step 5 are estimated by SIS scheme with the

T
@ = |a1,...ar| andFy is the N, x I Fourier transform optimal ordering and one tap frequency equalizer [1]. Notic

matrix with elements given by: that at the end of ISy = N...
N-1
1 . . . .
a= S aqT,) and [Foly; = e 92 ¥7  (14) C. Computational Complexity
q=0 We now aim to find the implementation complexity in term

The first component of (13) is the desired term without 1C9f number of multlphcatlon for the sliding stage. The megs
and the second component is the ICI term. By neglecting the Fp» G, T~' and M, 4) are pre-computed and stored if

ICI contribution, the LS-estimator af is [1]: the pilot subcarriers are fixed and the delays are invariant
for a great number of OFDM symbols. The complexity for
as = Gy, (15) LS-estimator ofa in step 1 isL x N, and for estimation

oo oo B - of N. polynomial coefficients in step 2 i x N2. The
whereG = (Fp diag{xp} c_ilag{xp}Fp) Fo diag{xp}". Es-  computation cost of computing the channel maktix, in step
timatinga for N consecutive OFDM symbols, the. polyno-  3is N N.(N + L), less than that in [1] which HENQ(NJr 1).
mial coefficients of each complex gains are obtained (sectigpe complexity of removing the ICI in step 4, 5 and 6 is

3) by: Np(N = N,) + SRl TNHD (N — 1),

A _ -1

Caes = T 'As (16) p. Mean Square Error (MSE) Analysis
where Cyes = [Cdes  ---» Cdes, ] ANdALs = [@Ls, ... OLs, ] are  Let A, = (IClp, i1y 1Clp, ] with ICI, =
N, x L matrices. Hp, X(n) is the ICI for thenth symbol of N. OFDM symbols.

The error of the estimator af over N, OFDM symbols is

defined as€ = AT — AT, The error between théh exact

In the iterative algorithm, the OFDM symbols are groupe@lommex gaina; and thelth estimated polynomiakiges is
in blocks of N. OFDM symbols each one. The algorithmyiven by:

execution is done in two stages: initialization stage (I8) a R
sliding stage (SS). IS applies only to the first received bloc & = a—Va = ey — Ve (17)
(i.e. n=1,...,N.) and SS applies to each following OFDM
symbol ¢.e. n > N.) while benefitting from (N, — 1)

preceding time averages complex gains estimated with |

B. Iterative Algorithm

wheree/ is thelth row of the matrix€. So the MSE between
@Ie Ith exact complex gain and thHéh estimated polynomial

reduced. IS and SS proceed as following: IS given by:
1

initialization : MSE, = Ele/” ]

. v,

1 +— 1 1

if (IS); = MSEges + — E{el vH v el}

Ypm‘ = [yp(u), - yp(Nc,i)] where yp(n’i) = yp(”) n=1,..,N, ) e

elseif (SS); — Re(E {eg!éa Y eﬂ) (18)
n+—n-+1 v

{[ALs]k,m, k=1,.,N.— 1} = {[ALs]k,m, k=2, ..,Nc} If ICI are completely eliminated then, the elements&fre
uncorrelated with respect to each other and to the eleménts o

Yo Yo €des - Thus, from (18) we have:

recursion : _ WE )

)if (1S); Als = GYp MSE, (without ICI) = MSEqe; + - 3+ E|[€)1l€)i,] 9)
elseif (595 ais = Gy"ww Interpreting the right hand side of (19), the first component
{[ALS]Nc:m’ m = 1,..,L} = {[aLs]m, m = 1,..,L} is the model error, whereas the second component is the

2) Cges = T 'As MSE of thelth estimated polynomial without ICI. This second

3) compute the channel matrix using (11) component is due to the error of the estimatoraofvithout
if (IS); |3|(n yn=1.,N, ICI amplified by a gainG = m linked to the polynomial
elseif (S9); |2|(NM_) modeling. So, the lower bound (LB) of the estimator of

4) remove the pilot ICI from the received data a (without ICI) leads to the LB of MSE (without ICI).

The Standard CRAMER-RAO BOUND (SCRB) [14] for the

sub-carriersy, - . PV
" estimator ofa with known ICl is given by:

5) detection of data symbolg,,, .,

6) yp . =Y - Hp ),Z(n 1) 1 -1
(n,i+1) P(n) (n,3) ) H H
i itl SCRB, = SNR (F diag{x, } d|ag{xp}F> (20)
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Fig. 4. MSE forfy;T = 0.1 and N, = 2
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where SNR = % is the normalized signal to noise ratio.
Hence, the LB of the MSE betwee®, and &qeq iS given by:

LBZ = MSEdes! + g X [SCRBa]l,l (21)

In our case, the estimator afis the LS-estimatori(e., A = -
Ars). Hence, (18) and (19) become: 3 :
—— perfect knowledge of channel and ICI
1 —6— SIS algorithm with perfect channel knowledge .
- B~ [1] using all diagonals of channel matrix
MSE, = MSEdes + ng[ R g, (22) 107 -« - i pumgwnh LA (conventional methotd) \‘\‘\‘t
ViNe

- #- LMMSE pilot with LPI (conventional method)
—w— after one iteration

T || 2 aticr three erations
- N, RG(E |:eé{95l v Ap:|gl> % 5 10 15 20, 2 30 35 40
with R = E[AVIVATT] +0%|V|] Iy,
Fig. 5. BER forN. = 2: (a) f4T = 0.05; (b) f4T = 0.1
MSE, (without ICI) = MSEges + IVIFlia)* (23) pilots (i.e., Ly = 8) and -~ = 2MHz is used. (note that
vN, SNR P el = T, = :

T i ) (SNR)dB = (%)dB+3dB). These parameters are selected
whereg;" is the /th row of the matrixG. It is easy to Show i order to be’(with a scale factor) in concordance with
that: MSE (with ICl) > LB, the standard Wimax IEEE802.16e. The BER performance is
{ MSE, (without ICl) — LB, (24) evaluated under a relatively rapid t|me—var.y|ng chann@hsu
as fyT = 0.05 and fyT = 0.1 corresponding to a vehicle
So, by iteratively estimating and removing the ICI MSEll  speedV,, = 140km/h andV,,, = 280km/h, respectively, for
be closer to LB. fo=5GHz.
Fig. 4 shows the evolution of MSE with the iterations in
. . . . . terms of SNR forf;T = 0.1. It is observed that, with all ICI,
In this section, we verify the theory by simulation and Wg,e \SE obtained by simulation agrees with the theoretical
test the performance of the iterative algorithm. The nofmal e of MSE. After one iteration, a great improvement is
ized channel model is Rayleigh as recommended by Gsr,'g'alized and MSE is very close to LB of our algorithm

Recommendations 05.05 [12] [13], with parameters shown iy ecially in low and moderate SNR regions. This is because
Table I. A 4QAM-OFDM system with normalized SymlbOIS’at low SNR, the noise is dominant with respect to the ICI

V. SIMULATION RESULTS

_ ; _ N i _
N = 128 subcarriers,N, = <= subcarriers,N, = level and, at high SNR ICI is not completely removed due to
TABLE | the data symbols detection error. Fig. 4 also shows that, for
PARAMETERS OF CHANNEL faT = 0.1 and SNR < 30dB, the MSE of the polynomial
- T Rayleigh Ch‘ji"’wl T approximation MSkesis negligible and the main contribution
Pat ]\17“7" < ”emgffzofg”( B) | Norma = Delay of the MSE is due to the LS-estimator. In this case, we indeed
2 2219 04 have from (21) that LB~ G x [SCRB,];; since MSkes is
3 -6.219 1 negligible when compared to SCRB. So, to find the smallest
4 -10.219 3.2 possible LB we have to choos®. = 2, sinceg increases in
5 -12.219 4.6 X )
5 14219 10 terms of N, as shown in Table Il. However, at high SNR, LB
TABLE Il is asymptotic to MSkes thus, the smallest possible LB will
THE GAIN G IN (21)WITH N = 128 AND Ny = 16 be with N. > 2 (see Fig. 3).
N. T 2 3 2 Fig. 5 gives the BER performance of our algorithm for

g 117 | 1.39 | 1.73
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Fig. 6. Comparison of BER, for the case of imperfect knowledgdetays, Fig. 7. Delay estimation errors for the fourth and sixth pathsing
for No =2 and f4T = 0.1 the ESPRIT method [10] (estimated correlation matrix, avetameer 1000

OFDM symbols,i.e 0.072sec), forfyT = 0.1

N. = 2, compared to conventional methods (LS and LMMSE
criteria with low-pass interpolation (LPI) in frequencyrdain) _ . .
[8] [9], our algorithm in [1], and SIS algorithm with perfectiteration for high Doppler spread. Moreover, our algorithm
channel knowledge fof,;T = 0.05 and f;T = 0.1. As refer- performs better than the conventional methods and its BER
ence, we also plotted the performance obtained with perf@grformance is very close to the performance of SIS algurith
knowledge of channel and ICI. This result shows that owyith perfect channel knowledge.
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