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Abstract—In Orthogonal Frequency Division Multiplexing
(OFDM) systems, symbol timing errors and frequency offsets
may lead to a significant performance degradation. For this
reason, it is very important to achieve a high precision time and
frequency synchronization. With the absence of pilot symbols,
blind synchronization algorithms using different metric functions
or statistics of the received signal can be used. This paper
investigates blind synchronization over dispersive fading channels
by utilizing the redundant information contained in the cyclic
prefix (CP). Whereas some proposed methods require channel
information, this paper targets the joint estimation of the symbol
timing offset, the frequency offset and the channel length.

Starting by a previously proposed Maximum Likelihood
method, we show that the approximated Log-Likelihood (LL)
function exhibits a plateau and not a global maximum, leading
to significant fluctuations in the estimated parameters. Yet, the
symbol timing offset and the channel length characterize the
position and dimensions of this plateau. Based on this finding, a
novel method is developed for the joint estimation of the symbol
timing offset, the frequency offset and the channel length from
the approximated LL function. In addition, a second CP-based
synchronization method is proposed, based on a modified timing
function that targets the estimation of the parameters from the
interference-free region within the cyclic prefix.

To demonstrate the performance of the proposed methods and
provide a fair comparison with the most recent CP-based syn-
chronization algorithms, Monte Carlo simulations are conducted
using the OFDM-based Digital Audio Broadcasting (DAB/DAB+)
system under different realistic multipath fading channel condi-
tions. The results show that the proposed algorithms outperform
considerably other algorithms in related work and are robust to
varying channel conditions.

Keywords—OFDM, synchronization, Maximum Likelihood,
timing offset, frequency offset, channel length, multipath chan-
nels.

I. INTRODUCTION

Orthogonal Frequency Division Multiplexing (OFDM) is a
commonly used technology for broadband data transmission
over time and frequency selective fading channels. It is a
multicarrier modulation method based on modulating each
symbol on an orthogonal subcarrier. Due to its high spectral
efficiency and simple detection methods, OFDM has been
widely adopted in many wireless standards as LTE, WiMAX,
IEEE 802.11, DAB/DAB+ , DVB-T and many others.

However, OFDM systems are sensitive to synchronization
errors. The symbol timing offset (STO) describes the unknown
symbol arrival time and thereby the FFT (Fast Fourier Trans-
form) window positioning in the receiver. Therefore, accurate
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time synchronization is essential in an OFDM system. The car-
rier frequency offset (CFO) is caused by a mismatch between
the carrier frequencies of the oscillators at the transmitter and
the receiver, as well as Doppler-effects due to the relative
motion of the transmitter and the receiver in mobile com-
munications. Time synchronization can be performed using a
specific transmitted synchronization signal (preamble), virtual
subcarriers or pilot symbols within an OFDM symbol [1]-[5].
However, in OFDM systems which do not offer any predefined
pilot data like Digital Audio Broadcasting (DAB/DAB+) [6],
the determination of the unknown symbol timing, as well
as the carrier frequency offset is an important challenging
issue and therefore tackled by this paper. Interestingly, this
can be achieved by leveraging the redundancy induced by the
Cyclic Prefix (CP) and exploiting the correlation characteris-
tics within an OFDM symbol [7]-[10].

Based on this principle, various blind synchronization algo-
rithms have been proposed. In [9], the Maximum Likelihood
(ML) principle has been utilized to estimate both the timing
offset and the frequency offset under Additive White Gaussian
Noise (AWGN) channels. This method has also been shown
to perform well under flat-fading channels. However, the
performance degrades in case of a frequency-selective fading
channel as the algorithm results in significant fluctuations in
the estimated timing offset, and tends to get an additional
offset which depends on the time spread of the channel.
An attempt to derive the Maximum Likelihood method over
dispersive fading channels has been taken in [11], where a
Likelihood function is derived based on simplified correlation
characteristics. However, the method has been found to be
non-robust to channel conditions as we will see in this paper.
Two symbol timing synchronization algorithms over multipath
fading channels were proposed in [12]. These are based on the
Maximum Correlation (MC) metric and the Minimum Mean
Square Error (MMSE) metric and utilize a correlation length
equal to the sum of the channel length and the CP length.
Another approach is proposed in [13], based on a Least Square
(LS) principle for joint estimation of the symbol timing as
well as the frequency offset. The paper in [7] proposes a
new timing function to identify the correct STO without any
information of the channel profile and channel length. The
closest to this work is the idea proposed in [14]. In that paper,
a new timing function is proposed and it is shown that the
STO and the channel length can be both estimated from the
transition characteristics of the proposed timing function.

In this paper, we first analyze the approximated Log-
Likelihood (LL) function proposed in [11] showing that it
exhibits a plateau over a wide range of STO and channel

SEPTEMBER 2015 « voLUME VIl « NUMBER 3




INFOCOMMUNICATIONS JOURNAL

length (L) values. This leads to significant fluctuations in
the estimated timing offset. Yet, we show that these two
parameters can be indirectly estimated from the position and
dimensions of this plateau. Consequently, we propose a novel
algorithm that estimates jointly the symbol timing offset and
the channel length from the transition characteristics of the
derived LL function. Moreover, we also propose a modified
timing function which is based on seeking the interference-
free region and estimating the different parameters from the
samples in this region. The two methods are also extended to
estimate the frequency offset.

In order to get a fair comparison between the proposed meth-
ods and the most recent CP-based synchronization algorithms,
all simulations are applied to the same realistic multipath
fading channel conditions and evaluated with respect to the
Mean Square Error (MSE). The OFDM-based Digital Audio
Broadcasting (DAB/DAB+) system [6] is used according to
the channel conditions specified in [15], which are realized
via a tapped-delay-line model as proposed in [16]. Through
Monte Carlo simulations, the proposed algorithms are shown
to outperform other methods proposed in related work and the
method based on the modified timing function is shown to be
robust to different multipath channels.

The rest of the paper is organized as follows: Section II de-
scribes the OFDM baseband signal received with a timing and
frequency offset over a multipath fading channel. In Section
III, the Log-Likelihood function for the joint estimation of the
STO and the channel length is derived. After that, the proposed
approaches are described in Section I'V. Section V provides the
simulation results for different multipath propagation channels.
Finally, section VI concludes this paper.

Notation: Lower bold letters are used to denote vectors.
The complex conjugation of a complex number is denoted by
the superscript (2)*, |z| denotes the absolute value whereas
Re {z} denotes the real part of a complex number. E{-} stands
for the statistical expectation. Finally, all estimated parameters

are described via (*).

II. DESCRIPTION OF THE RECEIVED OFDM BASEBAND
SIGNAL

At the transmitter side of an OFDM based system, the
serial bitstream is first grouped and mapped onto complex
constellation points d,, (k) € C, before being applied to an
Inverse Discrete Fourier Transform (IDFT) of size N,. The
resulting m*" complex OFDM baseband symbol is given for
every subcarrier position n € [0, N, — 1] in the time domain
as follows

27 kn

N,—1
1 _
évm(n):ﬁ > dp (k)™ (1
k=0

u

In order to prevent Inter Symbol Interference (ISI), every
OFDM symbol is preceded by a cyclic prefix (guard interval)
of N, samples. One complete OFDM symbol consists there-
fore of Ny = N, + N, samples. As a result, the final mth
transmitted time domain signal defined over [0, N, — 1] will
be
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zm(n+ N, —Ng) ,ne0, Ng—1]
sm(n) = < xm(n — Ny) ,n €[Ny, Ng—1] (2)
0 , otherwise.

Since the CP is a copy of the last IV, samples, the following
correlation properties are obtained in the transmitted symbol:

Ug ;M2 =N
E{sm(n)s;,(n2)} =0 na=ni+N, ()
0 ,otherwise

where o2 is the signal power.

The obtained symbol in (2) is then transmitted over a
multipath fading channel that is assumed to be quasi-stationary
over M OFDM symbols. The channel impulse response can be
modeled as a tapped-delay line with (L + 1) taps of complex
attenuation factors h([). We note that for a finite channel length
L, h(l) = 0 for I > L. The guard interval length is assumed to
be greater than or equal to the channel length (i.e., Ny > L),
such that only a small part within the guard interval of the
current m*" symbol is corrupted by the preceding (m — 1)**
symbol. In this case, the m*" received OFDM symbol depends,
due to ISI, on both the m* and the (m — 1)** transmitted
OFDM symbols.

Consider € as the normalized frequency offset with respect
to the subcarrier spacing and 6 as the unknown symbol timing
offset. The expression of the m‘" received OFDM symbol can
be written as

2

() =€

L
o <Zh<l>sm_1<n+NS —1-0)

=0

L
D h(l) sm(n —1 - 9)) +n(n), @)
1=0

where 7 ~ N(0, 072]) is a complex additive white Gaussian
noise and n = {0,0 +1,...,6 + N, + N; — 1}. The index
[ within the argument of s,,(n — I — ), describes the time
delay of every propagation path [ € {0, 1, ..., L} with respect
to the sampling time ¢, of the system, i.e. | = |7/ts].

III. LIKELTHOOD FUNCTION

In this paper, the joint estimation of the symbol timing off-
set, the frequency offset and the channel length is investigated
based on the redundancy information in the CP. Since the
cyclic prefix is a copy of the last part of an OFDM symbol, the
correlation characteristics between a given sample 7,,,(n) and
the corresponding separated-by-V,, sample 7, (n+ N,,) needs
to be determined. Hereby, the expression r,,(n + N,) can be
written in function of the m*" and the (m + 1)*" transmitted
OFDM symbols as

L
P (1 Ny ) = 30w <Z A1) $m(n + Ny — 1 — 6)
=0
L
+ > (1) smypa(n— Ny — 1 — 0)) +n(n+ Ny), (5)

=0
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where n ={0,0 +1,...,6 + N, + N, — 1}.

Due to the fact that the transmitted symbols s,,_1(n),
Sm(n) and s,,41(n), the channel taps h(l) and the noise n(n)
are mutually uncorrelated (assuming uncorrelated scattering),
the auto-correlation E{¢,(n)} = E{rn(n)ri(n + N,)}
between samples separated-by-/V,, can be found to be

o232 S p(1)2 nel

B} = | T3¢ Tz PP el
" 02N gy, B n €Ty

0 , otherw.

(6)

with the intervals

L={6,0+1,...,0+L—1}
L={0+LO+L+1,....0+N,—1}
Ii={0+ Ny, 0+ Ny+1,....0 + Ny+ L—1}. (7)

On the other hand it can be verified that E{|r,,(n)|?} =
02> |h)]* + o2 = of. For a normalized channel (i.e.
S R)2 = 1), we geta =02 +o0p.

According to the central limit theorem, the received sample
rm(n) can be approximated for large values of N, as a com-
plex Gaussian random variable of variance o2; the probability
density function (pdf) is given by [11]

exp (Lm0l
£ (ran(n)) = p(>

o7

®)

Consequently, the samples r,,(n) and r,,,(n+ N,,) follow a
bivariate complex Gaussian distribution with a joint pdf [11]:

f (T'm(n)a rm(n + Nu)) =
exp <_ [ (1) |+ 7 (04 Na) |2 =25 Re{ €727 1 (n) r:n<n+Nu>})

o2(1-p2)

)

2 (@21 2)
)
where
E{Tm( ) *(n+N )} 10
o JE QP E G s N7 |

is the correlation coefficient with respect to the complex
samples 7,,,(n) and 7, (n + Ny,).

To derive the correlation characteristics, an observation
window of length (2N, + N,) samples needs to be considered
at the receiver and therefore the likelihood function of the
received vector r,, = [rm(1),7m(2),...,7m (2N, + Ny)]
is required. Yet, the multipath effects introduce correlation
between the received samples which complicates the derivation
of a likelihood function and a closed form expression remains
an open problem. In [11], the following approximation has
been considered to derive a likelihood function:

E{rp(n)ri(n+k)} =0, k=#{0,N,}. (11

Consequently, the likelihood function can be expressed as

An(0,L)=f (rm|9 L)
ranrN
,gf NS Hf P

(12)

where I = I, U I, U I3.

The product [],, f (rm(n)) is thereby independent of # and
L and can be omitted. Subsequently, the likelihood function
becomes

m(n), rm(n + Nu))
m (1)) f (rm(n + Nu))

(13)

-5

Due to the fact that the logarithmic function is a strictly
increasing function, it does not influence the following maxima
search to determine the unknown parameters ¢ and L. Thus,
the so-called Log-Likelihood (LL) function for M received
OFDM symbols is finally given by

M
= > log(An(6, L))

m=1
(14

A(8, log<HAm€L>

m=1

Inserting (13) and the pdf specifications given by (8) and
(9) into (14), one can easily get [11]

A, L) =
2 (pn\Il(n) - p%fb(n)) 2
s oA |
(15)
where the variables W(n) and ®(n) are defined as
M
n) = Z Re{e??™r,, (n) r (n 4+ N,)}
=3 R ),
1; 1
Bn) = 3 5(|rm(n)|2 + \rm(n+Nu)|2). (16)

1

3
[

Alternatively, (15) can now be written as a summation

AO,L) =3, c;r An(0, L) where
2 (pn¥(n) — P20
An(6,L) = v 02.(7(11)_52) () — Mlog (1—p2). (17)

Before obtaining the ML estimates of 6 and L, it is
necessary to estimate the correlation coefficients p,. These
can also be estimated in a Maximum Likelihood way. By the
partial derivation of the LL function with respect to p,,, these
coefficients can be found to be the real roots of the following
equation of third degree:
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02 b — W(n) g2 + (28(n) — 02) p

The ML estimates (0, L) can then be obtained by searching
for the maximum of the LL function:

W—U(n)=0 (18)

0,L) = argma>§A(9,L) (19)

Finally, the frequency offset £ can be estimated from the
argument of ¢(n) = Zﬁ{zl m(n) averaged over the interval
I as follows:

()

nel

(20)

IV. PROPOSED METHODS
A. Log-Likelihood Transition Characteristics

The approximation in (11) is only valid over AWGN or flat
fading channels (L = 0). In this case, the LL function has a
global maximum at the corresponding STO (see Fig. 1). Over
a frequency-selective fading channel, the successive received
samples are correlated due to the multipath effects which

results in a nonzero channel-dependent correlation in (11).

Therefore, the derived likelihood function is not exact and
it has been found to have a plateau instead of a peak at
the corresponding time offset (see Fig. 2) which results in
significant fluctuations in the estimates of ¢ and L.
Interestingly, the position and the dimensions of the plateau
depend directly on 6 and L [17]. In Fig. 1 and Fig. 2, the LL
function is plotted as a function of 6 and L in the case L =0
(flat fading channel) and L = 9, respectively. Graphs (a) and
(b) correspond to STO = 10 and STO = 20. Comparing (a)
and (b) in both figures!, it can be observed that the position

of the plateau depends directly on the symbol timing offset.

On the other hand, the dimension of the plateau is influenced
by the delay spread of the channel. This can be clearly seen
by comparing Fig. 1 and Fig. 2. Over a flat fading channel
(Fig. 1), the plateau is reduced in the plane (L = 0) to a single
point corresponding to the STO, whereas the size of the plateau
increases as the channel length increases. Moreover, we notice
that the decreasing edge of the plateau corresponds to the sum:
(0 + L). Thus, tracking this edge allows to get an estimate of
the sum of the investigated parameters.

Based on this observation, we propose a novel algorithm for
the joint estimation of the STO and the channel length using
the derived LL function over dispersive multipath channels.
In our algorithm (depicted in Algorithm 1), (7 = 0 + ﬁ)
is estimated by tracking the decreasing edge of the plateau.
First, an interval of 7 is defined by finding the maximum
of the LL function at L. = 0. After that, 7 is estimated
by calculating the variations of the LL function around this
maximum and detecting the first significant negative variation
(in our implementation, the first variation that is lower than

'Note that the two curves (a) and (b) do not correspond to the exact same
channel. They were generated over two different simulation runs. This explains
the slight difference in the behavior of the LL function.

SEPTEMBER 2015 « voLUME VII « NUMBER 3

Robust CP-based Synchronization for DAB/DAB+
Systems over Dispersive Fading Channels

0 a0
0 20 10 o L
o

(a) STO =10

(b) STO =20

Fig. 1. 3D plot of the LL function for STO = 10 (a), STO = 20 (b) in
the case of a flat fading channel (L = 0).

(a) STO =10

(b) STO =20

Fig. 2. 3D plot of the LL function for STO = 10 (a), STO = 20 (b) in
the case of a multipath fading channel of length L = 9.

—2% is sought). The fact that the LL function behaves
similarly in this area for all values of L enables to get a robust
estimate 7.

Now that (6 + L) has been estimated, it only remains to
estimate one of these two parameters to obtain the other
one. From Fig. 1 and Fig. 2, it can be observed that the
LL function in the plane (L = 0) reaches its plateau at
the required STO. Therefore, the estimate 0 is obtained by
capturing the increasing edge of the LL function. This can
simply be obtained by detecting the last significant positive

Algorithm 1 Search Algorithm for 6 and L
Step 1: Find 6,4, = arg maxy A(6, L = 0)
Step 2: Find 7:
AL(0) = EL{A(0, L)}
for 0 = 010z 10 0oz + Ny — 1 do
if AAL(Q)/AL(Q) < —0.02 then
T =0,
break;
end if
end for
Step 3: Find 0:
for 0 = 7 to 7 — N, do {decreasing order}
if AA(6,0)/A(6,0) > 0.02 then
6 = 0;
break;
end if
end for
Step 4: Find L =7 — 0
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variation reaching the plateau. Moreover, since 0 < L < N,
we first define an interval of the STO [(7 — N,), 7]. This has
been found to increase the robustness of the estimated 6 value.
Finally, after obtaining 0, the estimate of the channel length
can be obtained as: L = 7 — 6.

B. Modified Timing Function

In addition to the method based on the transition charac-
teristics of the Log-Likelihood function, we also propose a
new modified timing function that allows a high performance
estimation of the timing offset and the channel length. Whereas
the LL function involves a summation over the interval I, the
modified timing function limits this summation to the interval
I 2.

A0, L) =

>y { 2 (pn¥(n) — pr®(n))

o (1= p7)

~ Mlog (1~ pp) }

1)

nels

Indeed, from (6) it can be seen that the intervals [; and I3
involve channel effects whereas the interference-free region
I, is independent of the channel profile. By limiting the
summation to this interval, the timing function exhibits then
a peak allowing an easy and accurate estimation of both the
timing offset and the channel length as follows:

(0,L) = argmax A(0, L)

22
hax (22)

Note that (21) is a function of two variables where the inter-
val I, in the summation depends on the unknown parameter L.
Consequently, (21) needs to be evaluated for different values
of L. The two dimensional function exhibits then a peak at
the corresponding values of 6 and L.

The frequency offset can also be estimated similar to (20)
but by limiting the summation to the interference-free region
IQZ

(23)

V. SIMULATION RESULTS AND DISCUSSIONS

In order to demonstrate the performance of the proposed
methods and compare them with the most recent blind synchro-
nization algorithms, all procedures are applied to the OFDM
based Digital Audio Broadcasting (DAB/DAB+) system in
transmission mode III according to the specifications in [6].
In this mode every OFDM symbol consists of 192 active
subcarriers which are modulated via a 7/4-DQPSK, a FFT
size of N, = 256 and a guard interval of N, = 63
samples, respectively. The channel is specified according to
the norm given in [15], which is based on the COST-207
channel specification [18]. The Typical Urban (TU) and Bad
Urban (BU) channel models are adopted for the simulations.
The corresponding channel-tap powers and delays as well as

TABLE I
CHANNEL PARAMETERS FOR THE SIMULATION

(a) Typical Urban channel according to [15], [18]

Values

[0,0.2,0.6,1.6,2.4,5.0]
(-3,0,—2,—-6,—8,—10]
[Jakes,Jakes,GauB1,Gau31,Gau32,Gauf32]

(b) Bad Urban channel according to [15], [18]

Parameters

Tap delays [ps]
Tap powers [dB]
Doppler profile

Values

[0,0.4,1.0,1.6,5.0,6.6]
[-3,0,-3,-5,—-2,—4]
[Jakes,Jakes,GauB31,Gau31,Gau32,Gaul32]

Parameters

Tap delays [us]
Tap powers [dB]
Doppler profile

Doppler profiles are summarized in Table I. The multipath
channels are thereby realized via a tapped-delay-line model
according to [16] and are fixed in each OFDM symbol but
independent from one run to another within 10> Monte Carlo
trials. Without loss of generality, in every simulation run the
symbol timing is fixed to § = 5 samples and the frequency
offset ¢ is 1/3 of the subcarrier spacing, i.e. 2.667 kHz. Unless
otherwise stated, M = 5 OFDM symbols are considered. The
results are evaluated in terms of the probability of lock-in?
(P(é = 0)) +, the Normalized (with respect to N2) Mean
Square Error (NMSE) between the estimated and real STO,
and the NMSE of the frequency offset for different signal-to-
noise ratios (SNR).

In the following, the modified ML method in AWGN and
flat-fading channels [9], [19] is specified by (MLA) under the
assumption of an ideal knowledge of the correlation coefficient
according to (10). The Maximum Correlation procedure of
[12] is denoted by (MC), and the Minimum Mean Square Error
algorithm is denoted by (MMSE). The algorithm based on a
new timing function proposed in [14] is denoted by (NTF).
The ML algorithm over dispersive channels [11] according to
(19) is denoted as (MLD). Recall that this algorithm exhibits
significant fluctuations in the estimated STO, resulting in a
high error floor. Finally, the proposed method based on the
transition characteristics of the LL function is denoted by
(LLTC) and the method based on the modified timing function
(21) is denoted as (ML-12).

Fig. 3 shows the simulation results ((a) Probability of Lock-
in, (b) NMSE of STO, and (c) NMSE of CFO) in case of a
Typical Urban channel whereas Fig. 4 shows the results for a
Bad Urban channel model [15], [18]. Observing Fig. 3(a) and
Fig. 4(a), it can be clearly noted that the proposed algorithms
outperform significantly the other algorithms in terms of the
probability of lock-in. In contrary to other algorithms which ex-
hibit an error floor, the performance of the proposed algorithms
increase with the SNR. This can also be seen in the NMSE
curves of the STO in Fig. 3(b) and Fig 4(b). Moreover, it is
interesting to note that the (ML-I2) method is more robust to
channel conditions than (LLTC) as it shows high performance
over both channel models whereas the performance of (LLTC)

2Note that this definition is different to some works where the probability
of lock-in is evaluated with respect to the interference free region, where the
correction of the remaining rotation is left to the equalizer.
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SNR [dB] SNR [dB]
(a) Probability of Lock-in as a function of SNR (a) Probability of Lock-in as a function of SNR
0
10 ‘ ‘
< - —a—MLA
t < S —A-MLD,
-X -LLTC
11-12
<4 NTF
2 -©-MMSE
10 | ——DMC
£a)
wn
=
Z

_ -6
10 ‘ 10 : ‘ :
5 10 15 20 25 5 10 15 20 25
SNR [dB] SNR [dB]
(b) NMSE of the STO as a function of SNR (b) NMSE of the STO as a function of SNR

NMSE
NMSE

- -7
-1 0 I I I 1 0 1 L L
5 10 15 20 25 5 10 15 20 25
SNR [dB] SNR [dB]
(c) NMSE of the CFO as a function of SNR (c) NMSE of the CFO as a function of SNR
Fig. 3. Simulation results in case of a Typical Urban channel [15], [18] Fig. 4. Simulation results in case of a Bad Urban channel [15], [18]
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(a) NMSE of the STO as a function of M

10 T T T T T T T T ; : :
]

=

%)

=

Z

1 0_7 L L L L L L L L L L L
2 4 6 8 10 12 14 16 18 20 22 24
M
(b) NMSE of the CFO as a function M

Fig. 5. Simulation results in case of a Typical Urban channel [15], [18] for
SNR= 15 dB

is much less over the Typical Urban channel.

The simulation results for the frequency offset are shown
in Fig. 3(c) and Fig. 4(c), for the Typical Urban and Bad
Urban channels, respectively. The results of the MLD and
MLA methods are similar to each other and do not show
much improvement with a higher SNR. On the other hand, the
proposed methods show very high performance as the MSE of
the frequency offset is close to the Cramér-Rao lower bound
(CRLB), which is derived in [11].

Finally, Fig. 5 and Fig. 6 show the results of the STO mean
squared error and the CFO mean squared error as a function of
the number of OFDM symbols M for an SNR of 15 dB over
the Typical Urban and the Bad Urban channels, respectively.
In terms of STO estimation (Fig. 5(a) and Fig. 6(a)), the
proposed algorithms outperform all other algorithms for most
values of M and over both channels. The (LLTC) method
shows again that its performance depends on the channel
profile. While its performance is worse than (ML-12) over the
Typical Urban channel model, it shows a better performance
over the Bad Urban channel. It is interesting to see that the

e ——RILA
“A-MID
> -y-LLIC
| - ML-I2
10l 4 NTF. |
-6-MMSE
=M
1072 :
=
7
Z
c
10
107
""""""""" <
_______ N IS St SIS s
10 s 20 Y

12 14 16 18 20 22 24
M

(a) NMSE of the STO as a function of M

10 L L L L L L L L L L L
2 4 6 8 10 12 14 16 18 20 22 24
M
(b) NMSE of the CFO as a function M
Fig. 6. Simulation results in case of a Bad Urban channel [15], [18] for

SNR= 15 dB

(NTF) method works well for high values of M (AM>20) and
outperforms slightly (ML-12) over the Typical Urban channel.
However, a high value of M results in higher computational
complexity and requires bigger buffer sizes. Due to the good
performance for a small parameter )M, the proposed methods
can be used in the acquisition as well as the tracking phase.
As for CFO estimation (Fig. 5(b) and Fig. 6(b)), the proposed
algorithms show a similar performance and outperform the
(MLA) and (MLD) methods significantly, especially over the
Bad Urban channel.

VI. CONCLUSION

In this paper, blind synchronization based on the cyclic
prefix in OFDM systems has been investigated. A previously
proposed Maximum Likelihood method for the joint estima-
tion of the symbol timing offset and the channel length over
dispersive channels has been revisited. It has been shown that
the method yields significant fluctuations in the estimation
of the symbol timing offset. This is due to a simplification
considered in the derivation of the Log-Likelihood method
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which was found to exhibit a plateau instead of a global
maximum.

Observing that the dimensions and the position of this
plateau depend directly on the values of the STO and the
channel length, we have proposed a novel CP-based synchro-
nization method. The method estimates the symbol timing
offset and the channel length from the size and position of
the plateau of the obtained LL function. Moreover, observing
that the interference-free region within the cyclic prefix is
characterized by channel-profile independent correlation char-
acteristics, a modified timing function is also proposed. This
function has been found to exhibit a global maximum allowing
a simple estimation of the STO and channel length. In addition,
both methods were extended with frequency offset estimation
by seeking the argument of the correlation function during the
interference-free region.

Simulation results based on the DAB/DAB+ system speci-
fications over realistic channel models have verified the high
performance of the proposed methods. In contrast to other
CP-based synchronization algorithms, the proposed method
based on the modified timing function has been found to be
robust to channel conditions showing a high accuracy in the
estimation of the timing and frequency offsets over different
channel models.
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