IEEE TRANSACTIONS ON WIRELESS COMMUNICATIONS, VOL. 4, NO. 2, MARCH 2005 765

ICI Mitigation for Pilot-Aided
OFDM Mobile Systems

Yasamin Mostofi, Member, IEEE and Donald C. Cox, Fellow, IEEE

Abstract—Orthogonal frequency-division multiplexing (OFDM)
is robust against frequency selective fading due to the increase of
the symbol duration. However, for mobile applications channel
time-variations in one OFDM symbol introduce intercarrier-inter-
ference (ICI) which degrades the performance. This becomes more
severe as mobile speed, carrier frequency or OFDM symbol dura-
tion increases. As delay spread increases, symbol duration should
also increase in order to maintain a near-constant channel in every
frequency subband. Also, due to the high demand for bandwidth,
there is a trend toward higher carrier frequencies. Therefore,
to have an acceptable reception quality for the applications that
experience high delay and Doppler spread, there is a need for
ICI mitigation within one OFDM symbol. We introduce two
new methods to mitigate ICI in an OFDM system with coherent
channel estimation. Both methods use a piece-wise linear model to
approximate channel time-variations. The first method extracts
channel time-variations information from the cyclic prefix. The
second method estimates these variations using the next symbol.
We find a closed-form expression for the improvement in average
signal-to-interference ratio (SIR) when our mitigation methods
are applied for a narrowband time-variant channel. Finally, our
simulation results show how these methods would improve the
performance in a highly time-variant environment with high delay
spread.

Index Terms—Channel estimation, intercarrier-interference
(ICI) mitigation, mobility, orthogonal frequency-division multi-
plexing (OFDM).

1. INTRODUCTION

RTHOGONAL frequency-division multiplexing

(OFDM) handles frequency selective fading resulting
from delay spread by expanding the symbol duration [1]-[4].
By adding a guard interval to the beginning of each OFDM
symbol, the effect of delay spread (provided that there is per-
fect synchronization) would appear as a multiplication in the
frequency domain for a time-invariant channel.! This feature
allows for higher data rates and has resulted in the selection of
OFDM as a standard for digital audio broadcasting (DAB [5]),
digital video broadcasting (DVB [6]), and wireless local area
networks (802.11a).
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IAdding the guard interval will also prevent inter-OFDM symbol-interfer-
ence.

Transmission in a mobile communication environment is
impaired by both delay and Doppler spread. As delay spread
increases, symbol duration should also increase for two rea-
sons. First, most receivers require a near-constant channel in
each frequency subband. As delay spread increases, this can
be achieved by an increase of the symbol length. Second, to
prevent inter-OFDM symbol-interference, the length of the
guard interval should increase as well. Therefore, to reduce
redundancy, the symbol length should increase [7]. OFDM
systems become more susceptible to time-variations as symbol
length increases. Time-variations introduce ICI, which must
be mitigated to improve the performance in high delay and
Doppler spread environments.

In [8] and [9], authors analyzed the effect of ICI by mod-
eling it as Gaussian noise. A simplified bound on ICI power
has also been derived [10]. To mitigate the introduced ICI, tech-
niques using receiver antenna diversity have been proposed [8],
[11]. However, sensitivity analysis has shown that as normal-
ized Doppler spread (defined as the maximum Doppler spread
divided by the sub-carrier spacing) increases, antenna diversity
becomes less effective in mitigating ICI in OFDM mobile sys-
tems [12].

Jeon and Chang have proposed another method for ICI mit-
igation which assumes a linear model for channel variations
[13]. However, they assumed that some of the coefficients of the
channel matrix are negligible, which is only the case under low
Doppler and delay spread conditions. For instance, their results
showed performance improvement under normalized Doppler
of up to 2.72% and delay spread of 2 us for a two-tap channel.
In high-mobility applications that require ICI mitigation, how-
ever, delay spread can be much longer. For instance, the delay
spread can be as high as 40 us for single frequency network
(SFN) channels? and 20 ps for cellular applications. Further-
more, normalized Doppler can get as high as 10% depending on
the carrier frequency. Their method also relies on the informa-
tion of adjacent OFDM symbols for channel estimation, which
increases processing delay.

To improve the performance in high delay and Doppler spread
environments, we present two new ICI mitigation methods in
this paper. Unlike the method of Jeon ef al., our methods can
mitigate ICI in considerably high delay and Doppler spread ap-
plications such as SFN and cellular networks. Furthermore, in
Method I, we mitigate ICI without relying on the adjacent sym-
bols. Both of our methods are based on a piece-wise linear ap-
proximation for channel time-variations.

2SFN refers to DAB and DVB type environments in which adjacent base sta-
tions transmit in the same frequencies to save the bandwidth.
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In the absence of time-variations, frequency domain pilot
tones or differential modulation should be used to remove the
effect of channel frequency-variations. As the delay spread
increases, differential modulation across adjacent subbands
degrades the performance. As mobility and/or the length of
the OFDM symbol increase, differential modulation across
adjacent symbols leads to performance loss as well. Therefore,
we use frequency domain pilot tones in this paper since we
are dealing with high delay and Doppler spread environments.
The minimum number of pilot tones required in each symbol
exceeds normalized channel delay spread? by one [14]. These
pilot tones should be equally spaced in the frequency domain
to minimize noise enhancement [14].

In the presence of Doppler spread, however, these pilot tones
can not estimate channel time-variations. In this work, we show
how to estimate these variations utilizing either the cyclic prefix
or the next symbol. Finally, our analysis and simulation results
show performance improvement in high delay and Doppler
spread environments.

II. SYSTEM MODEL

Fig. 1 shows the discrete baseband equivalent system model.
We assume perfect timing synchronization in this paper. More
information on timing synchronization for a pilot-aided OFDM
system can be found in [15]. The available bandwidth is divided
into NV subchannels and the guard interval spans G sampling
periods. We assume that the normalized length of the channel
is always less than or equal to G in this paper. X, represents
the transmitted data point in the sth frequency subband and is
related to the time domain sequence, x, as follows:

N-1
Xi=Y wme T 0<i<N-1L (1)
k=0

@, is the cyclic prefix vector with length G and is related to
as follows:

fp(i):x]\r_g_,_i OSLSG—I (2)

Let T' be the time duration of one OFDM symbol after adding
the guard interval. Then, h,(;) represents the k** channel tap at
time instant ¢ = 4 X T where Ts = T//(N + G) is the sampling
period. A constant channel is assumed over the time interval
ixTs <t < (i+1)xTs with ¢ = 0 indicating the start
of the data part of the symbol. h,(;’) for -G <7 < —1 and
0 <7 < N — 1 represents the kth channel tap in the guard and
data interval respectively.

The channel output y can then be expressed as follows:

G
yi =3 hzigy, +wi 0Si<SN-1L (3
k=0

In (3), (( ), represents a cyclic shift in the base of N and
w; represents a sample of additive white Gaussian noise. Then,

3Normalized channel delay spread refers to the channel delay spread divided
by the sampling period.
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Fig. 1. Discrete baseband equivalent system model.

Y, the fast Fourier transform (FFT) of sequence y, will be as
follows:

N-1

Yi=HioXi+ Y HiaX(ap, +Wi 0<i<N-1 @
d=1

~

cr
where W denotes the FFT of w and the second term on the right

hand side of (4) represents ICI. Define F,, as the FFT of the mth
channel tap with respect to time-variations:

j2ruk

0<m<G & 0<k<N-L
&)

N-1
F(k)="_ h{e
u=0

Then H; 4 can be defined as

G
1 j2mm (i=d) )
Hig=— 3 Falde %= 0<id<N-1. ©
m=0
Furthermore, H; o = Y. _, ha°e ~F Where ha¥e =

(1/N) Zi\:ol A is the average of the m!" channel tap over
the time duration of 0 < ¢ < N x 1. Therefore, H; o represents
the FFT of this average (note that h2Y° solely refers to a time
averaging over symbol data part and is different from channel
ensemble average).

As was noted by previous work, the ICI term on the right-
hand side of (4) can not be neglected as the maximum Doppler
shift, fy, increases (e.g., [8]).

III. PILOT EXTRACTION

Let v < G be the maximum predicted normalized length of
the channel. In this paper, we assume that the normalized length
of the channel is always smaller than v. We insert L > v + 1
equally spaced pilots, P;,, at subchannels [; = (i x N)/L for
0 < ¢ < L — 1. An estimate of H; o can then be acquired at
pilot tones as follows:

In (7), I, denotes ICI [marked in (4)] at I;th subcarrier.
Through an IFFT of length I, the estimate of h%"* would be

j2mik

1 L-1
hzve — E ZO Hli,Oe T

0<k<L-—1. 8)
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prefix

midlpoint time

Fig. 2. Piece-wise linear model in one received OFDM symbol. Solid curve:
real or imaginary part of a channel path. Dashed line: piece-wise linear model.

In the absence of mobility, L pilots would have been enough
to estimate the channel. However in the presence of Doppler,
due to the ICI term of (4), using the estimate of fzi"e for data
detection results in poor performance. This motivates the need
to mitigate the resultant ICI.

IV. PIECE-WISE LINEAR APPROXIMATION

In this paper, we approximate channel time-variations with a
piece-wise linear model with a constant slope over the time du-
ration T" (Fig. 2). For normalized Doppler of up to 20%, linear
approximation is a good estimate of channel time-variations and
the effect on correlation characteristics is negligible. To see this,
Appendix A shows how this approximation affects the correla-
tion function as normalized Doppler increases.

In this section, we will derive the frequency domain rela-
tionship, similar to (4), when the linear approximation is ap-
plied. Let o, denote the slope of the k" channel tap in the cur-
rent OFDM symbol. To perform the linearization, knowledge of
the channel at one time instant in the symbol is necessary. Let

E(z) represent the average of z. Then for the kth channel tap,
E(Jh2ve — h{¥|") is minimized for s = (5 —1) asis shownin

N_
Appendix B. Therefore, we approximate h,(C 1) with the esti-
mate of h7V°. We will have

il](g%_l) — ﬁzvo. (9)
(1)

Consider linearization around h,
proximated as follows:

. Then, h,(:) can be ap-

. N _ N
h,(:)zh,(cz 1)+<i+1—3>><ak><Ts 0<i<N-1.

(10)
Inserting (10) into (3), we will have

7~ (Dyia + M x A) X 7+ 0 (11)

where ¥/, #, and W are N x 1 vectors containing samples of y;,
z;, and w; for 0 < ¢ < N — 1. Furthermore, for 1 < k,m < N,
we will have

hmid(kvm)
BEY g chim<a &
((k=m)) x (12)
—(N-1)<k-m<—-(N-G)
0 else
A(k,m)

0<k-m<G &
—(N-1)<k-m<—(N-@G) (13)

else.

M is a diagonal matrix with diagonal elements of M(k, k) =
Br—1 = Tsx(k— %) for1 < k < N.Itis shown in Appendix C
that taking an FFT of ¢ will result in the following frequency
domain relationship:

Y & HyiaX + C x HoopeX + W (14)
where
N _ N _
H,. :diag{FFT ([h((, D p(E-1)
N_1
hg- ) o ... oD} (15)
Hiope =diag {FFT (Jag a1 - ag 0 .- 0)}. (16)

Here, F F'T'(Z) represents the FFT of the vector Z. W is a vector

containing the FFT of noise samples and C,, ,,, = BA—7” where
B is the FFT of 3 and is defined as follows:
——mw k#0
By =T, x N x le "N a7n
0.5 k=0

To solve (14) for X , both H\jq and Hjp,e should be estimated.
Matrix C is a fixed matrix that is precalculated and stored in the
receiver. An estimate of H ;4 is readily available from (7)—(9)
and (15). In the following subsections, we show how to estimate
H,iope With our two methods. In Method I, this is done by uti-
lizing the redundancy of the cyclic prefix while in Method II the
information of the next symbol is used.

A. Method I: ICI Mitigation Using Cyclic Prefix

The output prefix vector, ¢, of Fig. 1, can be written as fol-
lows:

Up = Q X P+ wp. (18)

_7)7’6
In (18), 7 = [%
e

} , W, contains AWGN samples and
P

C o g (—GHi-1)
Q(Z7.]) - h((i—j+G))2><G

1<i<G 1<j<2xG. (19)
Since v < GG, hg) = 0 for k > G in matrix Q. &, is a
G x 1 vector defined in (2). x"pp’"e is similarly defined for the
transmitted cyclic prefix of the previous OFDM symbol and is
already known to the receiver. Define ( as a vector containing
slopes of all the taps

(=[a0 o a]" (20)
Inserting h,(:) from (10) in Q, it can be easily shown that (18)
can be written as follows:

7, —RxpgrDxX, X+, 1)

Here, R(i,j) = h%:jj@)m forl <i< Gandl < j <

2 x G and can be estimated from (7)—(9). D is a predetermined
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TABLE 1
PROCEDURE FOR METHOD I

Step | Command

1 | Set the initial estimate of Hyjope to zero

2 | Use Eq. 7-9 & 15 to estimate Hy,;q from pilots
3| Solve Eq. 14 for X

4 | Solve Eq. 21 for 5

5 | Use Eq. 16 to estimate Hgjope

6 | If not converged or timed out, go to step 3

diagonal matrix with D(i,i) = Ty x (-5 +i—G) for1 <4 <
G and is stored in the receiver. X,, . is defined as follows:

Rev (p*[1 : G+ 1))

Rev (P2 : G+ 2])
= : (22)

—
p
—
p
Pmat

Rev (p'[G : 2 x G

where Rev(J]i : j]) represents the vector produced by reversing
the order of elements 4 through j of vector J and J* denotes
transpose of J. Equations (14) and (21) provide enough infor-
mation to solve for X. There are two sets of unknowns, X and
( (Hsjope is formed from FFT of ( ). It is possible to combine
both equations to form a new one that is only a function of X.
However, the complexity of solving such an equation would be
high. Therefore, we use a simpler iterative approach to solve for
X. We start with an initial estimate for X and C In each itera-
tion, we improve the estimate of X using (14) and then improve
the estimate of 5 using (21). This procedure is summarized in
Table I.

B. Method II: ICI Mitigation Utilizing Adjacent Symbols

It is possible to acquire channel slopes without using the re-
dundancy of the cyclic prefix. This can be done by utilizing ei-
ther the previous symbol or both adjacent symbols. A constant
slope is assumed over the time duration of T' + (N/2) x Ty
for the former and 1" for the latter. Therefore, the former can
handle lower Doppler values while adding no processing delay.
On the other hand, the latter would have a better performance at
the price of delay of reception of the next symbol. Since we are
interested in ICI mitigation in high mobility environments, we
utilize both adjacent symbols to acquire channel slopes. This is
shown in Fig. 3. Pilots of the current symbol provide an estlmate

of the channel at the mid-point of the current symbol, h kz -,
This estimate is stored in the system. Upon processing of the

next symbol, an estimate of the channel at midpoint of the next
~ (& —1),next . .
symbol, h,(C 2 )’th, becomes available. Estimate of the slopes

in region 2 (see Fig. 3) can then be obtained as follows:
~ (% —1) ,nect

AT2 h’k — }ALI(CT_I)

0<k<G@G
T SRS

(23)

previous symbol  current rec. symbol next symbol
prefix data prefix data prefix data
mid—lpoint midlpoint mid‘-point time
region 1 region 2
Fig. 3. Piece-wise linear model for method II. Solid curve: real or imag. part

of a channel path. Dashed line: piece-wise linear model.

where o, represents the slope of the kth channel tap in region
2. Sumlarly, a;!, the slope in region 1, is estimated while pro-
cessing the previous OFDM symbol and is stored in the receiver.
Utilizing two slopes introduces a minor change in (11). It can be
shown that in this case, we will have

gmcthodn ~ (hmid +MT1 x A" +MT2 X Arz) X f‘i‘ . (24)

In (24), A" represents channel slope matrix of (13) in the m!"
region (1 < m < 2) with M and M"2 defined as follows:

L (s 2.7 1 =1 <,<ﬂ_
Mpudy:{M%ﬁ ;QJ&O_L_Z 1

v N
M’I“Q(,L'7j): {M(L,J) 'l—j & o> S SN 1. (25)

0 else

Following the same procedure of Appendix C, it can be easily
shown that the frequency domain relationship will be

Ymethodn ~ HmidX‘i‘ (C:T1 xH"} +CT2 x H™2

slope

) xX+W
(26)

slope

In (26), H:ﬂ;pe is the diagonal matrix defined in (16) for the
slopes of the m!" region and can be formed from &;m. C™ and

C™ are fixed matrices. It can be easily shown that

C" (n,m)
_pynm
. —]27r(77, =y T ﬁn(n m) n#m
:j; % —e N x (1 e )
1 N _
iT%® n=m
C"(n,m)
-5 1-(=p-—m
1 —j27r§\;z—m) - —j2x(n—m) \ 2 n#m
:Ts > —e N X (l—e N >
1 N _
ity =
(27)

An estimate of X can then be obtained from (26).

C. Complexity Analysis

In general, solving (14) and (21) in case of Method I and (26)
or (24) in case of Method II requires matrix inversion which
could increase receiver complexity. For Method I, since the size
of (21) is smaller, the main complexity is in solving (14). This
requires an N x N matrix inversion. In general, any matrix in-
version algorithm can be used. Also, (14) and (26) show a spe-
cial structure. For instance, in (14) we need to invert a sum of
diagonal 4 toeplitz x diagonal. The special structure can be
used to reduce the complexity in iterative methods. Comparing
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with the method proposed in [13], Methods I and II can handle
considerably higher delay and Doppler spread (see Section I)
at the price of higher computational complexity (by neglecting
some of the channel coefficients, the complexity of the method
proposed in [13] is reduced to N — ¢ inversions of a matrix of
size ¢ X q, where q is smaller than V). However, depending
on the computational power of the receiver, other less complex
methods like conjugate gradient can be used for matrix inver-
sion. A good survey of such methods and their complexity anal-
ysis can be found in [16], [17]. Furthermore, Section VI shows
how adding a noise/interference reduction mechanism can fur-
ther reduce the complexity.

Another important issue is the convergence property of
Method 1. In general, for the range of Doppler values that the
piece-wise linear approximation can be applied, channel slopes
are small enough that the initial estimate of zero in the first step
of Method I results in the convergence of the method after a few
iterations. A more detailed analysis of convergence properties
of such iterative methods is beyond the scope of this paper but
can be found in [17], [18].

V. MATHEMATICAL ANALYSIS OF THE EFFECT OF
LINEARIZATION

In this section, we provide a mathematical analysis of the ef-
fect of piece-wise linear approximation in mitigating ICI. We
assume a narrowband time-variant channel to make the analysis
tractable and leave the case of wideband channels to our simu-
lations in Section VII. We define STR,.. as the ratio of average
signal power to the average interference power. Our goal is to
calculate STR,,. when ICI is mitigated and compare it to that
of the “no mitigation” case. Consider a narrowband time-variant
channel, (). Note that we drop the index % of h,(f) in this section
under narrowband channel assumption. Then, in the absence of
noise, (3) can be simplified as follows:

yi = b x a; (28)
The estimate of x; will be
o Yi €
i = = =T; — X I; 29
=G St T (29)

In (29), e; = h( — b Since A®) is the sum of a consid-
erable number of uncorrelated random variables as estimated
from pilot tones, we approximate its distribution with a com-
plex Gaussian. In practice if A s having near to zero values,
the received signal will not be divided by it. From theoretical
standpoint, if the cases of near to zero R are not excluded, the
variance of Z;, the estimate of z;, will be infinite (this can be
seen from the results of this section). Therefore, we need to ex-
clude the probability of a near to zero h® to make the analysis
meaningful. This can be done by introducing a slight modifica-
tion in the pdf of |A(")|2. Let prob(|h(|?> < 1) = €. Then, foran
¢ near zero, we take the pdf of |A()|2 to be zero for [A()]2 < pu.
Taking an FFT of (29), we will have

Xi=Xi+ A4 (30)

In (30), a; = ( ) ; and A; is the FFT of it. A; is not purely
interference and contains a term that depends on X; as well.
However, it can be shown that the power of that term is consid-
erably small. Therefore, to reduce the complexity of the analysis
we take A; as the interference term which makes the analysis a
tight approximation. SIR,. can then be defined as follows:

SIR e = €1y

:S\: | :,:qw

where o2- is the average power of X and 0% can be calculated
as follows:

~ j2mi(n—m)
N

N-1N-—
02 = E(A;AY) Z Z (32)
Since E(z,z},) = (0% /N)by.m, then
b2 Nl e 2
2= B 33
T4 N X P < 7 om) ) (33)
and we will have
N
SIR e = (34)

N-1 >m |2 ‘
Zm:OE (|}|2Le(m) 2>

Both ¢,, and A(™ have complex Gaussian distributions. Fur-
thermore, they are jointly Gaussian (since a linear combination
of them is the sum of a considerable number of u%BOrrelated

€m

e, will be
- (m

random variables) and correlated. Then, £

as follows (derived in Appendix D):

em |7\ _ pho0? 1
E\|= = mp”—i—(fz(l—pfn)E
h(m) Uh<m> ‘h(m) ‘
) (35)
In (35), 02, = E(h™]?), 02 = E(len|?) and

pm = E(em h<m *)/0e,.0},m) - These parameters are functions
of channel correlation characteristics (or Doppler spectrum)
and are derived in Appendix D. Also, it can be easily shown
that E(1/|h(™[?) = Ei(=In(1 - ¢))/0?,,, where Ei and In
stand for the exponential integral and logarithm in the base of
e respectively. Inserting (35) in (33) will result in the following
STR ve:

N

STRave = N_1 02, xp% +Ei(—In(1—e)x
Em 0 2

. (36)

(1—p2,)%02,,

Th(m)

Fig. 4 shows SIR,. of (36) as a function of fjnorm at
€ = 1075, f4 norm is defined as f; (maximum Doppler) di-
vided by the sub-carrier spacing. Channel power spectrum is
Jakes spectrum [19] for this result. This means that function
R of Appendix D is R(t) = Jo(27 f4t) with Jy representing
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| == ICI mitigation (sim.) |-
- - - no mitigation (anal.)
-* - no mitigation (sim.)

Average SIR

0 2 4 6 8 10 12
Percentage of fj \orm

Fig. 4. Average SIR versus % of fq norm for a narrowband channel.

zero-order Bessel function. This analytic result matches the
corresponding simulation as can be seen from the graph. For
comparison, SIR,y. for the case of “no mitigation” is plotted

as well. Appendix D shows how o2, o2 and p,, can be

h(m)?
found for the case of “no mitigation”. The graph indicates how

ICI mitigation through linearization improves S1R.ye.

VI. NOISE/INTERFERENCE REDUCTION

In Section I1I, an estimate of h,"® was acquired using equally-
spaced pilots. In most cases, the number of active channel taps
will be less than v + 1, especially in an SFN environment (see
Fig. 5 as an example). In such cases, some of the estimated
channel taps would be noise/interference samples after the IFFT
in (8). Therefore, if these taps can be removed, the effect of
noise/interference will be reduced. To do so, estimated channel
taps are compared with a Threshold. If the value of a tap is
below the T'hreshold, it will be zeroed:

hive| < Threshold => hi** =0, 0<k<L—1
(37
The optimum way to define the T'hreshold is to relate it to the
received signal-to-noise plus interference ratio (SNIR) such that
the taps comparable to or below noise/interference level are ze-
roed. However, this requires estimation of the power of noise/in-
terference which may not be feasible in a high mobility envi-
ronment. Instead, we define a simple but effective Threshold.
Upon estimation of ;szo from (8), the tap with maximum abso-
lute value is detected. Let M AV represent this maximum. Then,
all the estimated taps with absolute values smaller than 24V
for some v > 1 will be zeroed. Choosing small v increases
the chance of losing channel taps with significant values and
only improves the performance if the noise/interference level
is high. On the other hand, choosing a high ~ will reduce the
risk of losing taps with considerable values at the price of less
efficiency in high noise/interference cases. In general, in the ab-
sence of knowledge of SNIR, it is better to choose ~ such that
losing the taps below the T'hreshold does not introduce consid-
erable performance loss. Following the same criteria, we choose

if

0-1 T T

e

=

®
i

0.06 i : 1

0.04 J

Relative power of the paths

g

=

)
i

% 50 ] 100 _ ) 150
Delay as a multiple of sampling period

Fig. 5. Power-delay profile of channel#2.
TABLE II
PARAMETERS OF THE SIMULATED SYSTEM
Parameter Value
Input Modulation 8PSK
bit rate (excluding the redundancy) 7.3Mbps
# of sub-carriers (N) 892
# of pilots (L) 223
length of the guard interval (Tg) 44.4us
length of one OFDM symbol (7") 273.5us
Ts = NLH 26us
G=71 173

~ = 10 in our simulations in the next section. In the case of
losing a tap, the power of such a tap is less than 1% of the power
of the strongest channel tap. This will lead to a slight perfor-
mance loss at very high SNIR which should not be a problem
since these cases already have a very low error rate.

Furthermorg, the number of nonzero channel taps can be es-
timated from h}'¢ after (37) is applied. Let N, < L represent
this estimate in the current OFDM symbol. Therefore, we only
need to estimate IV, slopes. This will reduce the complexity of
both algorithms. For instance it will reduce the number of un-
knowns from G to N,, in step 4 of Method I. This reduction can
be considerable for SEN channels.

VII. SIMULATION RESULTS

We simulate an OFDM system in a time-variant environment
with high delay spread. System parameters* are summarized
in Table II. We simulate two power-delay profiles. The power-
delay profile of channel#1 has two main taps that are separated
by 20 ps. Power-delay profile of channel#2 is shown in Fig. 5

4Parameters are based on Sirius Radio second-generation system specifica-
tion proposal for an SFN environment.
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Fig. 6. Error floor versus maximum normalized Doppler.

and has two main clusters with the total delay of 36.5 us to rep-
resent a case of reception from two adjacent base stations in an
SEN environment. Each channel tap is generated as a random
process with Rayleigh distributed amplitude and uniformly dis-
tributed phase using Jakes model [19]. Therefore, the auto-cor-
relation of each tap is a zero-order Bessel function. For both
channels, the power of channel taps is normalized to result in
a total power of one. To see how ICI mitigation methods re-
duce the error floor, Fig. 6 shows the average bit-error rate, P,
(before decoding), in the absence of noise for both channels. In
the “no mitigation” case, pilots are used to estimate h" which
is then used to detect transmitted data without any estimation
of time-variations. As can be seen from Fig. 6, average P, in-
creases considerably for the “no mitigation” case. Both of the
proposed methods reduce the error floor considerably. Method
IT shows a slightly better performance than Method I. This is
due to the iterative way of solving for unknowns in Method I.
Also, channel#1 results in a lower error floor due to its shorter
delay and smaller number of taps, as expected. To see the ef-
fect of noise, Fig. 7 shows average P, (before decoding) as a
function of average received SNR for fj norm = 6.5%. Av-
erage received SN R is defined as the ratio of the average total
signal power received through all the channel paths to the av-
erage received noise power. Average error rate for the ideal case
of no Doppler is also plotted for comparison. It can be seen from
Fig. 7 that ICI mitigation reduces the error rate considerably for
both channels. In particular for channel#1, the error rate is al-
most reduced to that of the case with no Doppler.

To see how ICI mitigation methods reduce the required re-
ceived SN R for achieving a specific pre-decoding bit error rate,
Fig. 8 shows the required received SN R for reaching an av-
erage P, = 0.02 before decoding. The graph shows how ICI
mitigation saves power. For comparison, the required received
SN R for the case of no Doppler is 17.6 dB for both channels.
It can be seen that both methods reduce the amount of required
power to a level close to that of the no Doppler case. For in-
stance, at fg norm = 8%, the amount of power saving is around 4
dB. Compared to the “no mitigation” case, the amount of power
saving increases considerably as fq norm increases.
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VIII. CONCLUSION

In this paper, we proposed two new methods for ICI mit-
igation in pilot-aided OFDM mobile systems. Both methods
used a piece-wise linear approximation to estimate channel
time-variations in each OFDM symbol. Performance improve-
ment was shown analytically by deriving SIR,y. formulas in
a narrowband mobile environment. In high delay and Doppler
spread environments, our simulation results showed consider-
able performance improvement. They illustrated that applying
these methods would reduce average P, or the required received
SN R to a value close to that of the case with no Doppler. The
power savings become considerable as fj norm increases.

APPENDIX A

Consider a wide-sense stationary process h and its piece-wise
linear approximation hy;,, shown in Fig. 9. h can represent any
of the channel taps. hlg) represents hy;, at time instant m x 7.
It is of interest to compare the auto-correlation function of h;,,



772

L h (veal or imag. part)

mlTs

moTs t

Fig. 9. Piece-wise linear approximation of a random process h.

Rin(t = mTy, 2z = nTy) = (hls)h(")*) to that of h. From

lin

Fig. 9, hl(f: ) and hfm) can be expressed as follows:
m m } (m1) h (mo)
B = hin® 4+ 7 x Sin_—Jlin_ 7 mo<m<m
n n ), (n1) _ h (no)
i =hi + € x S g S S (39

For simplicity, we assume that hl(f;) = h®) fors z = mg, my,
ng and ny. Then, Ryn(t, 2z) will be

Ryn(t =mTs,z = nTs)
- (1-1) <1 - ;) x 2 (B ")
+ (% - ;—§2> x E (h<m0>h<m>*)

+ (; - ;_f> x B (hm)h")

&3 ma)p (n1)
—i—ﬁxE(h( Y >) (39)
Let R(t = mTy, z = nT,) = R((m—n)xTs)= E(h™ h)*)
represent the auto-correlation function of process h. Then, we
will have

Riin(t, 2) = Rin(7, €, F)
- (% - ;_i) x R((k—1)T)
+ <% - ;—i) x R((k+1)T)
+ <1 - % - % + 2%) x R(KT). (40)

Since h is a wide-sense stationary process, we will have
R(t,z) = R(t — z) = R(t — { — kT). Define P as the average
power of the difference of R(t, z) and Ry;, (1, z) over D OFDM
symbols

k=D-1

’1? T
/ / (Rin(7.€.K) — R(r — € — KT))? drd¢
0 0 (41)

k=0

5Due to the presence of noisefinterference, k") may differ from h(=) for
@ = g, my, ng and n;. Extending the analysis to include this difference
should be a straightforward extension of the work in this appendix.
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Fig. 10.  Phormalizea versus % of fq X 1.

We are interested in Pyormalized Which can be defined as follows:

P
Pnormalized = (42)
WD [ R (r — € — KT)drdé

For R(t) = Jo(2m f4t), we characterize Ppormalized Of (42).
Fig. 10 shows P,ormalized as a function of f; x T. We pick
D large enough, i.e. D > 1/(fs x T), so that R(DT) be-
comes negligible. The graph suggests that for f; x T of up to
20%, Ppormalized 18 negligible. For instance, for fqy x T = 15%,
Ppormalized 18 1%.

APPENDIX B

Call F(s) = E(|h2® — h{"|2). The goal is to minimize F
over 0 < s < N — 1. F can be written as follows:

| N-1N- w ( (
(s) E(npe —|—E<‘h5 >
N2 u= Ou’Z ( )
! NZ_IE(h(“)h*(S)
N u=0 t
Ly (ni™ng) 43)
ot E hu s
N u=0 ‘
| N-1n-1
F(s) =Nz Z Ri(u —u') + R(0)
2u;0_111 =0
- N Z Re{Ry(u—s)}. (44)
u=0

Here, Reg} stands for the real part of argument and Ry (z) =
E(hS 07, From (44) minimization of F is equivalent to
maximization of F’ = Zu 0 ' Re{Ry,(u — )} over s. Without
loss of generality, assume Ry, (z) = o7Jo(2m f42Ts) where Jy
represents zero-order Bessel function. Since N7, < (1/fq)
(which means that the length of the symbol data part is less
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than channel coherence time), it can be easily seen that F” is
maximized for s = (N/2) — 1 and s = N/2 (N is assumed
N

even). Therefore, we approximate ;>
have
wve.

1) . .
with the estimate of

APPENDIX C

Let 43 = AZ. Since A is a circular toeplitz matrix, taking an
FFT of 41 will result in a multiplication by a diagonal matrix in
the frequency domain. Therefore, we will have Y1 = HslopeX
with Y7 representing FFT of v, and Hjjope as defined in (16).
Let §» = My. Taking an FFT of it, we will have Y5(k) =
B‘@)NTYI(’“) where B is the FFT of § and ® y represents circular
convolution in the base of N. Taking an FFT of /3, it can be easily
calculated that B is as defined in (17) [20]. Therefore, we will
have

—

Y & HpiaX 4 Vs = Hpia X + C X Hslope)? +W 45

APPENDIX D

A. Proof of (35)

Let e;, = G + jby, and h(m) = Cm + jdm where ap,, by,
¢m and d,,, are zero mean Gaussian variables with independent
inphase and quadrature parts. We will have

2
E =F
( ) (55a
Z +0b2) cd)

E (a
2, + d?
em T E (b ) |dm

(E( m)
2 +d2,

€m

h(m)

aZ, + b2,

E

E
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o2, = E(c,) = 5072, and 7, the correlation coefficient
of a,, and c,,, being equal to p,, (defined in Section V).
E(b2,)|a,, can be similarly calculated. Inserting E(a2,)|.,, and

E(b2,)|q,, in (46) will result in (35).

Cm

B. Finding oe , and pm,

T

1) The Case of ICI Mitigation: From (7), (8), in the ab-
sence of noise and for a narrowband channel, we will have
hae = h*® 4+ Apave, where Apave is the estimation noise
with variance of UZAWC. It can be easily shown, using (7) and

2 _ _ N—1 i i 3
(8), that 0% . = — OO 2D LI WIDRIT)

the auto-correlation function of the narrowband channel as
defined in Appendix A. Furthermore, it can be shown that
E(Apave x h{™*) = 0 due to the independency of the trans-
mitted data points and channel. Similarly, in the next OFDM

symbol, have:next —  pave next + Apavemext, Where A pave.next
is the estimation noise with 0% pavenext | = aih“e Define
Am = (m—.5N+1)(Ts/T) and ,,, = 1 — Ay, Using Method

II, we will have

}Al(m) — nmilave + /\milave,next m e Regzon2 (47)

A similar formula can be written for estimation in Region 1.
Using these formulas, after some lengthy but straightforward
computations, the following formulas can be derived: (see (48)
located at bottom of page).

2) The Case of No Mitigation: In this case, we will have
h(m) = have for < m < N — 1. Then, the parameters can be
easily derived as follows:

) NR(0) + 23NV RGTL)
i N2 + O A ave
N-1

)NZRmk)

N-1
It can be easﬂy shown [21] that E(a2)l.,, = ol (1 — _ ¥ Lo B((m—k)T) —U,;,(m) 49)
r2) + (rZ,02 [o2 )2, with 02 = E(a2,) = .502 , "o Oj(m)Te,, '
NR(0) 4+ 232N P R(iTy)
o= o8 (MIORRLAO) Ly
\ TLS+N—1
nm m . .
+27553 > <N—z——>xR(sz)
i=L —N+1 §
5 N—1 F=+N-1
2 —R(0)+02,, ——=x |n R((m—=k)T) +Am Y R((m—k)Ty)
€m h(m) N m s m s
k=0 k:TLS
N-1 Fo+N-1
4 (S0 RUm =) 420 SE R (=0T ) = o
Pm = (48)
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