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Abstract—In this paper, a time domain equalization algorithm
is proposed for single-TX multiple-RX OFDM systems over
frequency selective fading channels. The algorithm, which
cancels most of the intersymbol interference (ISI), utilizes the
orthogonality of the IFFT matrix and the second order
statistics of the received signals. The signals are then detected,
with the aid of only four pilots, from the equalizer output. The
number of pilots required in the proposed algorithm is less
than that in existing algorithms and channel length estimation
is not needed. In addition, the proposed algorithm is applicable
to both the case where the channel length is shorter than or
equal to the length of cyclic prefix (CP), and the case where the
channel length is longer than the length of cyclic prefix which
results in inter-block interference (IBI). Simulation results
confirm the effectiveness of the proposed algorithm in both
cases and indicate that it is more practical as there is no
restriction on the channel and CP lengths.

I.  INTRODUCTION

OFDM (Orthogonal Frequency Division Multiplexing)
technique is considered as the one that has most potential for
next generation communications and has been widely used in
digital audio broadcasting (DAB), digital video broadcasting
(DVB), and broadband wireless local area networks (IEEE
802.11a) [1, 2]. It can effectively mitigate the effects of
multipath propagation on the frequency selective fading
channels as long as the channel length is shorter than or
equal to the length of the cyclic prefix (CP). In this case, the
signals can be easily detected by a set of parallel per-
subcarrier signal detectors on flat fading channels [3].
However, when the channel length is longer than the length
of CP, orthogonality of each subcarrier will be destroyed and
inter-block interference (IBI) occurs, rendering conventional
algorithms [1, 3, 4] inapplicable. Different approaches [5-7]
have been proposed to detect the signals of OFDM systems
wherein the channel length is longer than that of CP. In [5,
6], a time domain equalizer is inserted to reduce the channel
to a filter model with an order shorter than or equal to the
length of CP. The existing per-subcarrier detection algorithm
[3] can thus be applied to detect the signals. This time
domain equalization can also be transferred to a frequency
domain operation as in [7]. However, accurate channel
length estimation, which is difficult in practice, is required in
these algorithms.

In this paper, a time domain equalization algorithm
without channel length estimation is proposed for OFDM
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systems over frequency selective fading channels. Most of
the intersymbol interference (ISI) is cancelled by the time
domain equalizer, which makes use of the orthogonality of
the IFFT matrix and the second order statistics of the
received signals. The signals are then detected from the
output of the equalizer with the aid of only four pilots. The
number of pilots required in the proposed algorithm is less
than that required in existing algorithms [1, 3], which only
consider the case where the channel length is shorter than or
equal to the length of CP and require at least N pilots
(where N is the number of symbols in one OFDM block).
In addition, the proposed algorithm is applicable to both the
case where the channel length is shorter than or equal to the
length of CP, and the case where the channel length is longer
than the length of CP. Simulation results verify that the
proposed algorithm performs well in both cases.

The rest of the paper is organized as follows. In Section
II, the OFDM system model is introduced. The time domain
equalization algorithm is presented in Section III. In Section
IV, the performance of the proposed algorithm is
demonstrated by simulation. Finally, Section V draws the
conclusion.

II.  SYsTEM MODEL

Consider a single-input multiple-output (SIMO) system
with M receive antennas. At the transmitter, the white
signals with zero mean and unit variance are partitioned into
blocks of N  frequency domain symbols as

b, =[5[01 51]

transpose operation. Each block is transformed into a time

l;,.[N —I]JT , where ()" represents

domain block using N -point IFFT as b, =F,b, , where
b, =[5[0] b[1] b,.[N—l]]T , and Fy, is the NxN
IFFT matrix with the ®+Lk+1) th
7N I N mk e §0,1, N =1}, It is obvious that the FFT
matrix is F, and F,F, =1, where (s)° denotes conjugate
transpose and I, is the NxN identity matrix. A CP of
length D is inserted into b, to generate the i th transmitted
signal block as s, =[s,[0] s,[1] s[N'=1]]", in which
N'=N+D and

entry being
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bln—-D+N], 0<n<D-1
s,[n]= . )

b[n-D], D<n< N'-1
The time domain blocks s, are then serially transmitted

over frequency selective fading channels. Denote the
frequency selective channel between the transmit antenna
and the m th receive antenna as 4, (/), which is modeled as

an L, th-order FIR filter. Let L =max_,,(L,) . The
received i th block at the m th receive antenna is therefore

L
Youln] =2 b, (Ds[n=11+w, ,[n]:
=0
n=0,1--N-1, m=12-- M,
h () is  zero-padded L <I<L
sin]=s,[N'+n] for n<0 . s[n]=s,,[n-N"T for
n=2N"',

distributed (i.1.d.) noise, which is uncorrelated with the
transmitted signals. Note that there is no restriction on the
channel length and the length of CP. By defining

@

where for

and w,[n] 1s the independently identically

y.[nal= |:yi,1 (7] yi,z[n] Vi [n]:|T > 3
b)) =[hd) h@ - hOf, )
w,[nl=[w,[n] w,,[n] wolnl] )

we can express (2) in vector form as

v,[n]= ZL:h(l)si[n —ll+w][n], n=01--,N'-1, (6)

Collecting the N'-sampled received signal as

T
R R A | A i )
J=0,41,42,--,
where v.[nl=y _[N'+n] for n<0 and
vi[nl=y. [n—NT7 for n=N', we obtain
yO =HxY +w J=0,£1,42,.... @®

Here

X =[s,[~L—J] 5.[0] sIN-1-J1]", (9

w =[wJ7 wiJ+1T o wIN-1-JT T (10)

h(L) h(L-1) h(0) 0 0
ne MO D w0 el
0 0 h(Z) h(L-1) --- h(0)

A general assumption that the channel convolution matrix
H is of full column rank after removing all-zero columns is
made here. In practice, when the number of receive antennas
M satisfies that A > (L+N")/N', the matrix H has more
rows than columns. Hence, it is most likely of full column
rank. Note that the received signal vector y'’ is the i th

received block signal vector after shifting J samples. It
contains both the (7 —1) th and the 7 th block signals.

When 0<J <N -, the signal vector x” in (9) can be
represented with respect to the frequency domain signal as

— T
) — g ¢ —| B! T
x;” =E;/¢,, where ¢, —[b(H) b.} , and

i

F,(N-L-J+1:N) 0
F) = 0 F,(N—D+1:N)|.
0 F,(1.N=J)
In (12), F, (a: b) denotes a submatrix of F,,, composed by

(12)

the rows between the ath row and the b th row of F, . It

follows that the received signal vector y'’ can also be
rewritten as

¥ =Hx” +w?) = HE6, + 13
0<J<N-L.

III.  TIME DEMAIN EQUALIZATION

In this section, a time domain equalization algorithm
without channel length estimation is proposed for OFDM
systems on frequency selective fading channels. The
algorithm not only works in the case where the channel
length is shorter than or equal to the CP length, it is also
applicable to the case where the channel length is longer than
the CP length. To simplify the derivation of the algorithm,
zero noise is first assumed. The effect of noise on the
developed algorithm is then examined. In the absence of
&)

noise, y;”’ can be expressed as
Y =Hx), J=0,+1,42,---. (14)
v =Hx" =HF.J¢, 0<J<N-L. (15)

Consider the auto-correlation of the received signal
vector y as

e

RY = k{y ") = HES Eee R H
- HEY R H
Based on the orthogonality of the IFFT matrix (F,F, =1,,),

the matrix F.) (12) satisfies

LO0SJ<SN-L.

IL+D O O
. 01
e N R
0 o0 I
IDiD O N-D
FURY -FRY = U (18)

where U is an (N'+ L)X (N '+ L) matrix with only 2 entries
having values of one at the positions (Z+1, N+L+1) and
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(N+L+1, L+1), while all remaining entries are zZeros.
Applying (17) and (18) into (16), we obtain
RY" -RY =HF(F -FUFOH =HUH',  (19)
O —HH"

R}” =HH . (20)

Now, an equalizer can be designed using the second-
order statistics of the received signal vector as

— (RO _ROYRDH* — * *\#
G=R"-R"R”* =HUH (HH")". 1)
in which ()" stands for pseudo-inverse. Applying the

equalizer to the received signal vector y’ (14), it yields

o;” =Gy[” =HUH (HH")"Hx”, 22)
J=0,+1,£2,--.

Under the assumption that the channel convolution matrix

H is of full column rank after removing all-zero columns, it

satisfies [8] that H'(HH)*H =17 in which I7. is an

N'+L)P
(N'+ L)X(N'+L) identity ma(trix ) with all-zero rows
corresponding to the all-zero columns of H . It follows
6 =HUS =H,, 5,.. @3)
where
H,, =[HN+L+]) HL+D], 24
XD =[s[-J1 sIN-JI]'. (25)

In (24), H(a) denotes the ath column of H . It is apparent
that most ISI is cancelled by the equalizer G , while
retaining the 2 preselected columns of the channel
convolution matrix. Namely, the signal vector o'’ contains
only 2 path signals.

In order to recover the transmitted signals from o\,
knowledge of the matrix H,,,

performance, it is preferred to use some pilots to estimate
H,,, . As the matrix H,, has only 2 columns, 4 pilot

part

is required. For better

symbols are enough, namely,

A

Hpart = Oi,pilotX:i pilot (Xi, pilotX:,pilot )# > (26)

where O, :[050) 051):| ,and X, .

. pilot consists of the 4

23

pilot symbols as X, ,, :[x(o) x J The number of

i i, part i,part
pilots required in the proposed algorithm is less than that
required in existing algorithms [1, 3], which only consider
the case where the channel length is shorter than or equal to
the length of CP and require at least N pilots.

With the estimated matrix ﬁp

signal vector x\”)

i, part

the partial transmitted

art ?

can be detected based on least-squares
criteria as in [8]

) =H H

i, part part™ " part )

H o). 27)

part 1

Since the signal vector %)

i, part
and s,[N —J], any path signal with the parameter ./ having
different values can be utilized to estimate the frequency

contains 2 path signals s,[-/]

domain signal l;,.[n] by FFT operation. Note that knowledge

of the channel length is not required in the proposed
algorithm. It turns out that channel length estimation is not
needed in the proposed algorithm, while it is needed in the
existing algorithms [5-7].

So far the derivation is based on zero-noise assumption.
When additive white channel noise with variance o’ is

present, the auto-correlation matrix of y*” is
J J J)* J Upka s wl 2
R =E{yy{”" | =HFJE"H +0°L,..  (28)

0<J<N-L.
The noise contribution can be subtracted when the noise
variance ¢ is known. When ¢° is unknown, it can be

estimated from the singular value decomposition of R(yD )

D) aprt 1 2 .
where RY” =HH +07°1,,,. Since some error generally

exists in the estimation of ¢ and this error will degrade the
performance, it is preferred not to subtract the noise

contribution from R(y” in our implementation. Instead, the

equalizer G is constructed based on R(y” as if it were

noiseless. As the partial transmitted signal detection is
performed based on some pilot symbols, the noise
contribution has little impact on the overall performance.

IV. SIMULATION RESULTS

Computer simulations are conducted to investigate the
performance of the proposed algorithm. In the following
examples, an OFDM system with A/ =2 receive antennas is
considered. The OFDM parameters are: N =16 and D=4
The transmitted signals are modulated by QPSK scheme.
The frequency selective fading channel responses are
randomly generated. The performance measure, BER (bit
error rate), is computed by averaging the Monte Carlo test

results on 3 X 10° OFDM blocks.

First, the case L =3 is considered. As the channel length
(L =3) is shorter than the length of CP ( D=4), the
conventional per-subcarrier detection algorithm [3] can be
applied. Both the conventional algorithm [3] using Least-
Squares criteria and the MMSE signal detection algorithm
with the exact channel state information (MMSE-ideal, with
Gy = HHH +1/SNR)™" ) are implemented for

comparison. Fig. 1 shows the BER performance of various
algorithms for the case 7 =3 . It is obvious that the proposed
algorithm is superior to the conventional algorithm over the
range of SNR considered. Note that the performance of the
MMSE-ideal algorithm can be considered as a lower bound.
Next, the case L =6 is considered. Only the MMSE-ideal
algorithm and the proposed algorithm are implemented as
the conventional algorithm is inapplicable when the channel
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length is longer than the length of CP, which destroys the
orthogonality of subcarriers resulting in IBL. Results are
shown in Fig. 2. It indicates the proposed algorithm also
performs well when the channel length is longer than the
length of CP. To illustrate the impact of the channel length
and the CP length on the proposed algorithm, the
performance for L =3,4,5,6 cases is shown in Fig. 3. It is
apparent that the performance only degrades slightly when
the channel length increases from3 (L <D )to 6 (L>D). It
demonstrates that the proposed algorithm is robust against
the channel length and is more practical as there is no
restriction on the channel length and the CP length.

1%2 system, L=3

—+— Proposed algorithm
—& MMSE-ideal
—&— Conventional algarithm

L L L
5 10 15 20 25
SHR

Fig. 1 BER versus SNR for the 7 =3 case

V. CONCLUSION

This paper has proposed a time domain equalization
algorithm for SIMO OFDM systems without channel length
estimation. The proposed equalizer cancels most of the ISI
using the orthogonality of the IFFT matrix and second order
statistics. Only 4 pilot symbols are required to detect the
transmitted signals from the equalizer output. The number of
pilots required is less than that required in the existing
algorithm and channel length estimation is not needed.
Simulation results have verified that the proposed algorithm
performs well in both the cases where the channel length is
longer than, or shorter than/equal to the length of CP.
Consequently, the proposed algorithm constitutes a more
practical solution.
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