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Abstract

Joint blind timing synchronization and channel es-
timation using receiver diversity are investigated in
this paper. If the channel length is smaller than the
cyclic prefiz length, the diversity based timing synchro-
nization can achieve perfect timing estimator at high
SNR. At low SNR, multiple blocks can be used to im-
prove the performance. The proposed algorithm is able
to identify channel length, therefore it can facilitate
blind channel estimation algorithms that require the
knowledge of channel length.

1 Introduction

Orthogonal  frequency  division  multiplex-
ing (OFDM) systems have recently gained increased
interest due to its high data rate transmission capabil-
ity with high bandwidth efficiency and its robustness
to multipath delay spread. However, as a multicarrier
transmission scheme, it is also very sensitive to tim-
ing and frequency synchronization error. To assure no
(or low) inter-carrier interference (ICI) and inter block
interference (IBI), OFDM receiver has to identify the
symbol boundaries and the optimal timing instances.
In [1][2], training symbol based timing synchroniza-
tion was proposed where a symbol with two identical
halves in time domain is used for synchronization. In
[3], the authors proposed a method of joint timing
and channel estimation by using training symbols as
specified in wireless LAN standard, which is stemmed
from that of [1]. While these training symbol based
synchronization schemes are resource consuming, their
performance is also limited for the following reasons.
Training symbols are usually embedded in between
payload bursts that are usually of much longer dura-
tion for bandwidth efficiency. Thus the synchroniza-
tion is usually limited to the use of only one training
symbol (or block) in delay sensitive applications. The
inability of utilizing multiple training symbols limits
the performance of these methods. Blind symbol tim-
ing synchronization, on the other hand, has the ad-
vantages of higher bandwidth efficiency as it does not
require the transmission of training symbols. Further,
consecutive blocks can be used jointly to improve the

performance without imposing significant delay. In [4],
a blind synchronization algorithm is proposed where
the correlation of cyclic prefix with its corresponding
part at the end of the OFDM symbol block is used.
The method, however, is developed based on the addi-
tive white Gaussian noise (AWGN) channel assump-
tion and will suffer error floor effect in the presence of
time-dispersive channel at large SNR.

Separately in [5], a blind channel estimation using
receiver diversity for coherent OFDM detection was
proposed. The algorithm, however, requires the per-
fect knowledge of the exact timing instance and the
channel length. In this paper, we propose an algo-
rithm of joint blind timing and channel estimation
for OFDM by exploiting channel diversity. The pa-
per is organized as follows. In Section 2, the problem
under consideration is formulated. Then we briefly
present the blind channel estimation algorithm of [5].
In Section 3, we provide the algorithm for joint timing
and channel estimation without knowing the channel
length. Numerical examples are given in Section 4.
Finally, we conclude the paper in Section 5.

2 Statement of the problem

The basic principles of the OFDM technique have
been described in detail in [6]. The transmitter and re-
ceiver block diagrams of an OFDM system are shown
in Fig. 1, where the modulation and demodualtion
processes are efficiently implemented through the fast
Fourier transform (FFT) algorithm.
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Figure 1: Block diagram of an OFDM system using
receiver diversity

In OFDM systems, N subcarriers are used to mod-



ulate information symbols to construct one OFDM
symbol. Cyclically extended guard time is inserted
to maintain inter-carrier orthogonality in the presence
of time-dispersive channel [6]. We consider frequency-
selective fading channels by modeling the channel im-
pulse response as a finite impulse response (FIR) fil-
ter with the filter length assumed to be shorter than
the cyclic prefix length. Because the algorithm pro-
vided in this paper is based on the receiver diversity,
two receivers are used in the diagram. These two re-
ceivers can be realized either through the use of two
receive antennas or via oversampling. For the over-
sampling approach, it is easy to achieve synchroniza-
tion between the two channels.

In [5], we assume that the exact timing instance
CP + 1 (CP is the length of cyclic prefix) and the
channel length L are known. The received signals, af-
ter carrier frequency synchronization and application
of DFT, can be written as !

S’l - H1d+Z1 (1)
Y2 = Hod + 25

where H; = diag(h;) with h; = [H;(0),..., H;(N —
)]T, H;(k) is the channel frequency response cor-
responding to the ith channel at subcarrier k£, d =
[do, ..., dn—1]T is the symbol vector, and z; and z, are
additive white complex Gaussian noise and are uncor-
related with each other. Using simple matrix algebra,
we can rewrite the signal model as

y1 =Dh; +z;, =DW;g + 2 2)
Y2 = Dhy + 2z = DW_gs + 29

where D = diag(d) and g; is the impulse response for
the ith channel and is of length L. W, is the first
L columns of the DFT matrix W. Further we can
write W, = [uy,...,ux]| where each uy is an L by
1 vector.

Let y; (i = 1,2) denote the noiseless received signal,
then we have

yi = H,d=DW,g; (3)

and

Vi=Yi+z (4)
In the noiseless case, using element-by-element cross
multiplication, it is easy to show that

y1(k)ui g2 = y2(k)uf’ g1 (5)
The matrix form of the above equation is

YiW;rg =Y W;rg (6)

IThroughout the paper, we use bold face capital letters to
denote matrices while bold face small letters to denote vectors.

where Y; = diag(y;),7 = 1,2. Equivalently, we have

[ YoW, —Y W, | [ &1 ] =0 (7)
g2

Therefore, the channel can be retrieved up to a scalar
ambiguity by simply finding a solution for the above
homogeneous equation. The equation can be ex-
pressed in a quadratic form: g?VHVg = 0 where
g =g, gl and V = [ Y2W, —Y;W_, |. This
allows the easy extension to the noisy case. Define
V=[YyW; —-Y;W; | Instead of finding the ex-
act solution we simply try to minimize the quadratic
term V¥V under a unit norm constraint. The solu-
tion is the eigenvector corresponding to the smallest
eigenvalue of the matrix VZV, which is equivalent to
finding the right singular vector corresponding to the
smallest singular value of V.

If the channel response is quasi-stationary when we
can assume that it remains constant during several
OFDM blocks, channel estimation can be improved
by utilizing multiple OFDM blocks. Assume K blocks
are used for channel estimation. It is straightforward
to extend the algorithm to the following minimization
problem:

K

min g [Z VkHVk] g st gl=1 (8)

g
k=1

where V, is constructed for each OFDM block.

The above channel estimation algorithm is based
on the exact knowledge of the timing and the channel
length. In the next section, the joint blind timing
and channel length estimation algorithm by exploiting
receiver diversity is provided.

3 Joint timing and channel estimation

It is known that the symbol timing ¢ may vary over
an interval [L,CP + 1] without causing ICI or IBI
if the channels are assumed to be of shorter length
than that of the cyclic prefix, i.e. L < CP. In this
case, the orthogonality between the subcarriers won’t
be destroyed. It only introduces a different phase shift
for each subcarrier,

¢ =2rfer k=0,1,...,N—1

where 7 is the timing offset defined as CP + 1 — gq.
Suppose g; is the channel impulse response of length
CP with zeros appended to g; for i = 1,2, and W¢p
is the matrix composed of the first C'P columns of the
DFT matrix W and Wep = [iy,...,uy]|", where
each n; is now a C'P by 1 vector. In the noiseless
case, we have

yi(k) = dg—r)0f}_ 8 9)



Here,

(k—7) = k—T1 ifk>r
"1 k—-7+N ifk<Tt

By cross multiplication, we have

yi(k)uf_ 8 = ya(k)af_, & (10)
By defining rotation matrix
R = diag(][1, eijw%’efj%r%"’ . ’e—jQW(NEUT]),

the matrix form of equation (10) can be written as
Y WepRg: = YoWepRg:) (11)

Equivalently,

R O g ~
[YQWCP -Y Wep ] |: 0 R:| |:§; :| :Vg/:

Lemma 1 If the timing instance q satisfies L < q <
CP + 1, there exists g* such that

Vig)g" =0 (13)

Equation (13) also implies min eig(V(q)#V(q)) =
0 for those timing instances ¢. If the timing offset 7 is
0, we have g* = g up to a scaler constant [5]. Other-
wise we have g* = Rg and this results in a phase rota-
tion of the output. If the timing offset 7 exceeds the re-
gion, V(¢)#V(q) is full rank and min eig(V(q)" V(q))
is going to be much larger. Fig. 2 is an example of
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Figure 2: Example of the output statistic for timing
synchronization. The true ICI/IBI-free timing interval
is between 8 and 17 (inclusive).

;H;
the minimum eigenvalue of V. 'V as a function of the
timing instance. We notice that there is always a flat

bottom region corresponding to the ICI/IBI-free in-
stances.

At the first stage of the timing synchronization,
those instances should be identified. We also need
to know the exact block timing instance (or initial
phase) to avoid (or to be able to correct) possible
phase rotation of the demodulated symbols. This
can be achieved by recognizing that the last point of
the ICI/IBI-free region,i.e.,C’ P+ 1, corresponds to the
“perfect timing” instance in a sense that it will not in-
troduce any phase rotation if it is the starting point of
DFT. In the noiseless case, the ICI/IBI-free instances
start from L to CP + 1, so by identifying this region
which is of length CP — L + 2, we can estimate the
channel length that can be used for blind channel es-
timation.

3.1 Preprocessing in Identification of the
ICI/IBI-free timing instances

The identification of ICI/IBI-free timing region is

not a trivial task. Because of noise, the minimum

eigenvalue of matrix VHV deviates from 0.

To facilitate timing synchronization based on the V
matrix, we first study the minimum eigenvalues M(q)
as a function of timing instance g¢:

M(q) = min |cig(V(¢)"V(q)) (14)
Theorem 1 If the timing instance q satisfies
L<g<CP+1

we have

E(V V)=V V4ol (15)
and e
min [eig(E(V V))} = (16)

where o2 is the noise power and I is identity matrix
. . . . —Hw
with the same dimension of matriz V.~ V.

If the timing instance ¢ is out of the interval, even
though M (q) is also increased by o2 on the average, it
is much larger than that for ICI/IBI-free region due to

the fact that V'V is full rank. When plotting M (q)
as a function of the timing instance ¢, we always have
a shape of upside down trapezoid correspondingly.
Since we are only interested in the upside down
trapezoid part, we can first preprocess the output to
eliminate the effect from non ICI/IBI-free region. A
heuristic way is to set a threshold. Since the value of
M (q) is a function of noise power, the threshold is not
a constant, but SNR dependent. In practice, SNR is
not known a priori. Therefore, we choose the thresh-
old based on the available data M(q). Let Myq, =



The threshold is

Th= Mmzn + (Mmaz - Mmzn)/?’ (17)

and set

Th  if M(q) > Th

M(‘”‘{ Mg iwdg)<rh 1Y)

The number 3 in the formular for the threshold was
chosen empirically after it was found to provide accu-
rate simulation results.

This is a preprocessing step and the purpose is to
roughly refine the region of interest and eliminate the
impact from non ICI/IBI- free region. The experi-
ments show that this heuristic approach works well
for a large range of SNR (SNR > 10dB).

3.2 Multiphase Linear Regression

In Fig. 2, we can see clearly that after the pre-
processing, the region of ICI/IBI-free timing instances
is much easier to identify than directly from original
data. The bottom of the upside down trapezoid is ex-
actly the region we are looking for. Its last point is
the “perfect timing instance” without introducing any
phase rotation; and its length is equal to CP — L + 2.
This trapezoid, however, is not perfect in the sense
that its edges have jitteries due to the noise in the
observation. Since the trapezoid can be approximated
by three lines, multiphase linear regression analysis [7]
is used here to model this shape:

Bro+B11q g0 < q<sp
B20 + P21q sp<qg<ep (19)
B30+ 0319 ep<qg<q

M(q) =

where sp and ep are start-point and end-point of the
bottom line respectively. [qo, ¢1] is the region refined
after the preprocessing by the threshold. In Fig. 2, we
have go = 5,q1 = 20 and sp = 8,ep = 17. Our least
square estimation of the ICI/IBI- free region is

min (M(q) — M(q))? (20)
sp,ep,B

where

a=lq,-..,q1)" and 8 = [Bio, B11; P20, B21; B0, B31)-

The corresponding estimate of the timing instance is
q=¢p (21)

and the estimate of the channel length
L=CP+2—(ép—sp+1) (22)

Once we have the start timing instance and the chan-
nel length, the algorithm provided in section 2 can be
used to estimate the channel and retrieve the input
symbols.

4 Numerical Examples

In this section, several Monte Carlo simulation re-
sults are provided to illustrate the effectiveness of our
algorithm. In all simulations, we consider an OFDM
system with 64 subcarriers and cyclic prefix of length
CP = 16. Randomly generated QPSK symbols are
used as input symbols. The following channel pair is
generated randomly as Rayleigh fading channels with
unit norm and channel length L = 8:

g1 = [.12 + .06i, —.13 + .06i,.1 — .15i,.19 — .12i,

— 25+ .08i,.23 — .174,.03 + .31i,.78 — .15i]T

go = [—.15— .12i,.19 — 067, .11 + .19i, —.13 + .18i,
.04 — .28, —.22 + .26i,.5 — .14i, —.59 + .07i]”

The channels are fixed during the multiple OFDM
blocks used to improve the performance. This is rea-
sonable given the quasi-stationary channel response
assumption.

- Timing estimation The mean value of timing
estimation is very close to the true value 17. The
mean-squared error of timing estimation is pro-
vided in Fig. 3. For SNR> 20dB, the MSE is less
than 1072 based on 1000 Monte Carlo runs and
we can always achieve perfect timing estimation.

- Estimation of the effective channel length
The mean value of channel length estimation is
very close to the true value 8. The mean-squared
error of channel length estimation is provided in
Fig. 4. For SNR> 20dB, the MSE is less than
10~2 based on 1000 Monte Carlo runs and we can
always achieve perfect channel length estimation.

- Channel estimation Comparing with the result
in [5], where we assume that perfect timing in-
stance and the channel length, which are 17 and
8 separately in this example, are known, we can
see that the performances are the same for SNR
> 20dB. It is shown in Fig. 5.

- SER for QPSK data symbols The SER is ob-
tained by simulation using: a)the joint blind tim-
ing and channel estimation algorithm provided in
this paper; b)blind timing estimation and true
channel; c)perfect knowledge of the timing in-
stance and the channel. The results are shown
in Fig. 6. When SNR> 20dB, all the three situa-
tions have SER less than 1072,

5 Conclusion

In this paper, a receiver diversity based algorithm
for joint blind timing synchronization and channel es-
timation is presented for the OFDM system. As far
as SER is concerned, the proposed algorithm achieves



a performance close to the scheme that assumes exact
knowledge of the transmission channel for high SNR
scenarios.
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