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Robust Frequency and Timing
Synchronization for OFDM

Timothy M. Schmidl and Donald C. Coxellow, IEEE

Abstract—A rapid synchronization method is presented for spacing between the subcarriers without a large degradation in
an orthogonal frequency-division multiplexing (OFDM) system system performance [1].
using either a continuous transmission or a burst operation over There have been several papers on the subject of synchro-
a frequency-selective channel. The presence of a signal can be . tion for OEDM i t M . th 4
detected upon the receipt of just one training sequence of two N'zationior Ot In récent years. Voose gives the maximum
symbols. The start of the frame and the beginning of the symbol likelihood estimator for the carrier frequency offset which is
can be found, and carrier frequency offsets of many subchannels calculated in the frequency domain after taking the FFT [2].
spacings can be corrected. The algorithms operate near the He assumes that the symbol timing is known, so he just has to
Cramér—Rao lower bound for the variance of the frequency gng the carrier frequency offset. The limit of the acquisition
offset estimate, and the inherent averaging over many subcarriers for th ier f ffset dsl h b .
allows acquisition at very low signal-to-noise ratios (SNR’s). rangg or the carrier rgquency 0 ;et /2t _e subcarrier )

spacing. He also describes how to increase this range by using

shorter training symbols to find the carrier frequency offset.
For example shortening the training symbols by a factor of
two would double the range of carrier frequency acquisition.
|. INTRODUCTION This approach will work to a point, but the estimates get

N AN orthogonal frequency-division multiplexing (OFDM)WOrse as the symbols get shorter becau;g there are fewer

system, synchronization at the receiver is one importaﬁ{lmples over which to average, and the training symbols need
step that must be performed. This paper describes a metf®de kept longer than the guard interval so that the channel
to acquire synchronization for either a continuous stream #BPulse response does not cause distortion when estimating
data as in a broadcast application or for bursty data as !t frequency offset. . .
a wireless local area network (WLAN). In both cases the Nogami and Nagashima [4] present algorithms to find the
receiver must continuously scan for incoming data, and ragi@'mier frequency offset and sampling rate offset. They use
acquisition is needed. The ratio of the number of overhead bitshull symbol where nothing is transmitted for one symbol
for synchronization to the number of message bits must be k@§iiod so that the drop in received power can be detected to
to a minimum, and low-complexity algorithms are needed. find the beginning of the frame. The carrier frequency offset

Synchronization of an OFDM signal requires finding thé found in the frequency domain after applying a Hanning
Symbo| t|m|ng and carrier frequency offset. Symb0| timin indow and taklng the FFT. The null Symbol is also used in
for an OFDM signal is significantly different than for a singld11]. This extra overhead of using a null symbol is avoided by
carrier signal since there is not an “eye opening” where Using the technique described in this paper. If instead of a con-
best sampling time can be found. Rather there are hundreddig¢ous transmission mode, a burst mode is used, it would be
thousands of samples per OFDM symbol since the numberdifficult to use a null symbol since there would be no difference
samples necessary is proportional to the number of subcarri®&ween the null symbol and the idle period between bursts.
Finding the symbol timing for OFDM means finding an Van de Beek [3] describes a method of using a correlation
estimate of where the symbol starts. There is usually soéh the cyclic prefix to find the symbol timing. If this method
tolerance for symbol timing errors when a cyclic prefix igvere used to find the symbol timing, while using one of the
used to extend the symbol. Synchronization of the carriBfevious methods to find the carrier frequency offset, there
frequency at the receiver must be performed very accurateijould still be a problem of finding the start of the frame to
or there will be loss of orthogonality between the subsymboknow where the training symbols are located.

OFDM systems are very sensitive to carrier frequency offsetsClassen introduces a method which jointly finds both the
since they can only tolerate offsets which are a fraction of tf¢mbol timing and carrier frequency offset [S]. However, it
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Fig. 1. Block diagram of OFDM transmitter.

decoding &  [—bit stream

deinterleaving

Fig. 2. Block diagram of OFDM receiver.

of carrier frequency offset. The method in this paper avoidsain, which will remain identical after passing through the
the extra overhead of using a null symbol, while allowinghannel, except that there will be a phase difference be-
a large acquisition range for the carrier frequency offset. Bween them caused by the carrier frequency offset. The two
using one unique symbol which has a repetition within half Balves of the training symbol are made identical (in time
symbol period, this method can be used for bursts of datadoder) by transmitting a pseudonoise (PN) sequence on the
find whether a burst is present and to find the start of the bursten frequencies, while zeros are used on the odd frequen-
Acquisition is achieved in two separate steps through tloees. This means that at each even frequency one of the
use of a two-symbol training sequence, which will usuallpoints of a QPSK constellation is transmitted. In order to
be placed at the start of the frame. First the symbol/franmeaintain an approximately constant signal energy for each
timing is found by searching for a symbol in which thesymbol the frequency components of this training symbol are
first half is identical to the second half in the time domaimultiplied by /2 at the transmitter, or the four points of
Then the carrier frequency offset is partially corrected, aridle QPSK constellation are selected from a larger constel-
a correlation with a second symbol is performed to finkhtion, such as 64-QAM, so that points with higher energy

the carrier frequency offset. can be used. Transmitted data will not be mistaken as the
start of the frame since any actual data must contain odd
Il. OFDM PRINCIPLES frequencies. Note that an equivalent method of generating

The OFDM signal is generated at baseband by taking ttiés training symbol is to use an IFFT of half the normal
inverse fast Fourier transform (IFFT) of quadrature amplitudiize to generate the time domain samples. The repetition is
modulated (QAM) or phase-shift keyed (PSK) subsymbof®t generated using the IFFT, so instead of just using the
e = ar + jbi (Fig. 1). In the figure, the block P/S representeven frequencies, a PN sequence would be transmitted on
a parallel-to-serial converter. An OFDM symbol has a usefall of the subcarriers to generate the time domain samples
period?” and preceding each symbol is a cyclic prefix of lengtvhich are half a symbol in duration. These time-domain
T,, which is longer than the channel impulse response samples are repeated (and properly scaled) to form the first
that there will be no intersymbol interference (I1SI) [6]. Thédraining symbol.
frequencies of the complex exponentials gfe= %/7°, and The second training symbol contains a PN sequence on the

the useful part foR N + 1 subcarriers is given by odd frequencies to measure these subchannels, and another
N PN sequence on the even frequencies to help determine
u(t) = Z cr exp(j2rfirt), 0<t < T (1) frequency offset. Table I illustrates the use of PN sequences
kN in the training sequence for an OFDM signal with nine

The baseband signal is quadrature modulated, up-converteg4gcarriers with the points chosen from a subset of a 64-
the radio frequency (RF) and transmitted through the chann@AM constellation. The selection of a particular PN sequence
At the receiver (Fig. 2), the signal is down-converted to aghould not have much effect on the performance of the
intermediate frequency (IF), and quadrature demodulated. TH&chronization algorithms. Instead the PN sequence can be
block S/P represents a serial-to-parallel converter. A carrigiosen on the basis of being easy to implement or having a low
frequency offset ofAf causes a phase rotation PftAf. peak-to-average power ratio so that there is little distortion in
If uncorrected this causes both a rotation of the constellatigif transmitter amplifier.
and a spread of the constellation points similar to additive Complex samples-,, are taken by mixing the received
white Gaussian noise (AWGN). A symbol-timing error willSignal down to the IF, splitting the signal into two branches,
have little effect as long as all the samples taken are withiultiplying by both the in-phase and quadrature local oscil-

the length of the cyclically-extended OFDM symbol. lators, and low-pass filtering and sampling to get baseband
in-phase and quadrature components (Fig. 2). This can be
Ill. ESTIMATION OF SYMBOL TIMING expressed mathematically by writing the IF local oscillator

. i ) . for the in-phase branch as
A. Symbol Timing Estimation Algorithm

The symbol timing recovery relies on searching for a
training symbol with two identical halves in the time do- v;(t) = 2cos(2m firt) 2
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TABLE | 1
ILLUSTRATION OF USE OF PN SEQUENCES FORTRAINING SYMBOLS
freq. num. k C1k Cok | Uk = \/52—?*% o 0.8
-1 T+7 5=5] =i 3 06
-3 0 —5-5j E™
-2 —74+7j —5-5j j _g’o 4
-1 0 —5+5j £
0 T+7j —5-5j -1 o2
1 0 5+5j ’
2 7-7j —5+5j -1 0 ; :
3 0 5—>5j -1 -0.5 0 0.5 1
4 T+7j 54-5j 1 Timing offset (symbols)

Fig. 3.
).

Example of the timing metric for the AWGN chann8INR = 10

dB
and the IF local oscillator for the quadrature branch at the

receiver as ) ) )
which can also be calculated iterativelit(d) may be used

v (t) = 2sin(2r firt). (3) as part of an automatic gain control (AGC) loop. A timing
! metric can be defined as
Let the output of the mixer after down-conversiondge). The \P(d)[2
demodulated signal before the sampler can be expressed as M(d) = (R(d)? (8)

r(t) = LPF{s(t) vi(t)} + JLPF{s(t) v,(t)} (4)  Fig. 3 shows an example of the timing metric as a window
i ) slides past coincidence for the AWGN channel for an OFDM
where LPF{-} means to low-pass filter the terms in thejgna| with 1000 subcarriers, a carrier frequency offset of 12.4
argument. The output of the in-phase branch is consideredsithcarrier spacings, and an signal-to-noise ratio (SNR) of 10
be real and the output of the quadrature branch is considere@(9 where the SNR is the total signal (all the subcarriers) to
be imaginary. This is a mathematical convention to represejiise power ratio. The timing metric reaches a plateau which
the in-phase and quadrature components as a complex NUMREE. a length equal to the length of the guard interval minus
After sampling, the complex samples are denoted,as the length of the channel impulse response since there is no
Consider the first training symbol where the first half igs| within this plateau to distort the signal. For the AWGN
identical to the second half (in time order), except for a phaggannel, there is a window with a length of the guard interval
shift caused by the carrier frequency offset. If the conjugate where the metric reaches a maximum, and the start of the frame
a sample from the first half is multiplied by the correspondingan be taken to be anywhere within this window without a loss
sample from the second half’(2 seconds later), the effect ofin the received SNR. For the frequency selective channels, the
the channel should cancel, and the result will have a phdeagth of the impulse response of the channel is shorter than
of approximately¢ = wTAf. At the start of the frame, the guard interval by design choice of the guard interval, so
the products of each of these pairs of samples will hatiee plateau in the maximum of the timing metric is shorter
approximately the same phase, so the magnitude of the stivan for the AWGN channel.
will be a large value. This plateau leads to some uncertainty as to the start of
Let there beL complex samples in one-half of the firstthe frame. For the simulations in this paper, OFDM symbols
training symbol (excluding the cyclic prefix), and let the surAre generated with 1000 frequenciess00 to 499. They are
of the pairs of products be slightly oversampled at a rate of 1024 samples for the useful
part of each symbol. In an actual hardware implementation, the

L-1 ratio of the sampling rate to the number of frequencies would
P(d) = Z (g mTd+m+L) (5) be higher to ease filtering requirements. The guard interval is
m=0

set to about 10% of the useful part, which is 102 samples.

which can be implemented with the iterative formula B. Performance of Symbol Timing Estimator

(6) There are two issues to consider when evaluating the
performance of the symbol timing estimator. First, since the

Note thatd is a time index corresponding to the first sample iiming metric is also used to determine whether the training

a window of2L samples. This window slides along in time agequence has been received, there is a probability of either

the receiver searches for the first training symbol. The receivetissing a training sequence and not detecting the signal or

energy for the second half-symbol is defined by falsely detecting a training sequence when none is there. In
this paper the distribution of the timing metric at the correct

P(d+1) = P(d) + (rgyLraver) — (rara+r)-

L—1 start of the frame is calculated. Using this distribution, the
R(d) = Z |7dtmtr]? (7) number of samples that need to be processed during the
m=0 detection phase can be determined and a threshold can be
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set for this detection. Second, there is some degradationténmss; ... sa,,.+m+L has an expected value 862, and

performance if the symbol timing estimate deviates from ttadl the other terms have an expected value of zero.

correct region. Simulations are performed to find the effect of For R(d,p), the magnitude of each term could be taken by

extra interference that is introduced by poor symbol timingdding the squares of the real and imaginary parts. Instead,

estimates for two types of channels. we can define a new set of orthogonal axes in which one axis
1) Distribution of Timing Metric: Let each complex sam-is in the direction of the ternsy_,1.,.+z and the other is

ple r,, = sm + n, be made up of a signal and a nois@erpendicular to it.

component. Let the variance of the real and imaginary cor}]{(d )
ponents be: 01);1
. 2
E[Re{s;n}?] = E[Im{s,,}?] = o2 9) = Z (|5dopt+m+L| +inPhases, ..., {Pdopitm+r})
E[Re{n,}?] = E[lm{n,,}?] = o 10 "o
[Re{nm}?] [Im{n,}?] = op (10) + (quadrature,,_ (na imi})? (13)

so that the SNR is2/02. To find the mean and variance of th
estimator at the best symbol timing, first lookatd) which
can be written as

qiere,inPhasesdopHmH{-} means to take the component in
the direction ofsy_, 1 m+r.. By the CLT,R(d) is also Gaussian
with mean 2L(c2 + ¢2). Note that for usable values of

L-1 SNR, the mean is much greater than the standard deviation.
P(d) = Z SipmSdtm+L + SgpmMdtmtL Thus, for the Gaussian approximation, the probability of

m=0 R(dop) < 0is insignificantly small making the approximation

+ SdtmA LM + Mg dtm+ L (11) ofthe nonnegativeél(d.;) by a Gaussian reasonable. Another

o ] ) equivalent way of thinking about the distribution is that
At the correct symbol timing, this can be broken into parts th%(dopt) is Rician with the mean much larger than the standard
are in-phase and quadrature to #je . sa.,.+m+z Product geviation. In this case the Gaussian approximation may be
which has phase. This is just another way of looking at,caq [8].

the problem with a new set of axes with one axis in the  pefine the square root a¥/(d) to be ¢(d) = | P(d)|/R(d)
direction and the other axis perpendicular to it. For usab@ee (14) at the bottom of the page).

values of SNR, when the magnitude is taken the quadraturesince the standard deviations of both the numerator and
part will be small compared to the in-phase part and can Rgnominator are much smaller than the means, the approx-

neglected, so imation a(1 4+ b)/(1 +¢) ~ a(l + b — ¢) can be used.

—1 Another way to explain this is that there is a Gaussian random
|P(dopt)| & 77¢ Z S et SdoAmet L variable in .the numerator and a Gaussian raqdqm variable in
0 the denominator, and since the standard deviation of both of
L-1 these Gaussian random variables is much smaller than their
+ Z inPhaseg{ 5. fm dope+mtL mean values, the above approximation can be used to write
m=0 their ratio as a single Gaussian random variable. As long as

+ Sdputm AL+ “30N+m”dopt+m+L} this approximation holdsg(d.p¢) is Gaussian with

(12) o2

tq = Elg(dopi)] =

whereinPhase,{-} means the component in tifedirection. ) o ) _
The quadrature part is neglected because the Rician disfitiS can be justified because linear operations on a Gauss-
bution can be approximated by a Gaussian when taking lJreilgn_random variable will result in another Gaussian random
envelope of a dominant signal with Gaussian noise [g]. TH&rable [9]. ,

dominant in-phase part is so much larger than the quadraturdVhen calculating the variance, note that

part that the envelope can be approximated by the in-phase e—i%
part. Note that the first term ofP(dop:)| is much larger
than the second term since tl:étgopt mSdop+m+L Products and
all have phaseb and add in-phase, while all the other terms
add with random phases. By the central limit theorem (CLT), .
|P(dop)| is Gaussian with meaBLo? since each of the. = |sdoputmrr[nPhases, s {Ragtmrr}

2
Szopt+rnsdopc+7’n+l/ = |Sdopt+nl+L‘ (16)

- *
inPhaseg { Sy +m Moy +m+L }

q(dopt) -
L—1

—7 * L-1 . * * *
e i¢ Em:O Sdopt +Tnsdo})t +m-+L + Zm:O lnPhase¢{Sdopt +Tnndopt +m+L +Sdopt +m+Lndopt +m + ndopt +Tnndopt +m+L}

SR (|Sdopetmtz| +inPhases, ..., {ng,petmir}) g (quadraturesdopﬁmﬂ (R tmrr}) 2
(14)
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Since these terms are the same in both the numerator éoukup table can be implemented baseddiid,:), So that
denominator, they do not contribute to the overall varianceo square roots or divisions need to be performed.

Then Even if there is a frequency selective channel, all the signal
20202 + 204 + 1220202 + 240t energy will go into the signal component term except when

o2 = var[g(dop)] = —— - ; : 5'2 " the length of the channel impulse response becomes so large
L(Z% + 2%) that it is longer than the cyclic prefix. At this point, the energy

(14 p2)o2o2 + (14 2u2)os located at longer delays becomes interference and would be

(17) " added to the noise terms.
At a position outside the first training symbol, the terms in
M (dopt) is (q(dopt))?, Which is the square of a Gaussiathe SUMP(doutside) @dd with random phases since there is not
random variable. Since the variance is much smaller than thgeriodicity for samples spaced hysamples. For the purpose
mean, this also can be approximated by a Gaussian randehtomputing the mean and variance of the timing metric, the
variable since linear operations performed on a Gaussian ra&amples can be considered to be composed of just noise terms
dom variable will produce another Gaussian random variabkince noise terms will also add with random phases, so the
2 statistics will be independent of the SNR. This assumption
M(dopt) = (11 + (0, 03)) is verified by the simulation results shown in Fig. 6 which
- Ng + gﬂqn(o’gg) + (n(otag))z’ will be explained later in this sc_ection. The real and imaginary
parts of P(doutsige) are Gaussian by the CLT. The sum of

2L(a§ + a%) 2

~ “g + 2“'1”(0’ 03) (18) the square of two zero-mean Gaussian random variables, each
wheren(y, 02) is used to denote a Gaussian random variabféth a variance of 1 is a chi-square random variable with
with a mean ofy, and a variance o#2. two degrees of freedom and is represented by the symhol
The expected value is The mean ofy3 is 2 and the variance is 4 [9]. To simplify
. the computations, let the variance of the real and imaginary
pias = E[M(dope)] = _ 95 (19) components of, be:

2
o2+ 02
and the variance is ( ) E[Re{rn}?] = E[ln{r,}?] = o}. (23)
429 Both Re{P(doutside)} and Im{P(doutsiae)} are Gaussian-
varlM (dop )] = 4“104 ) o . distributed with zero mean and a variance 2ffo*. Incor-
_ 20, [(1+ pan)o2on + (1 + 2pn)0] 20) porating this scaling factor, we have

L(os2 + o%)4

|P(doutside)|2 = 2L0—3X§ (24)
At high SNR the mean is approximately 1 and the variance is
approximately202[(1 + 1)o202]/[L(c2)*] ~ 4/(L-SNR).  The mean and variance @P(doutside)|? are

The value ofM (d.¢) also can give an estimate of the SNR,

which is E[|P(doutside)‘2] = 4LOF:L (25)
o M (dopt) var[|P(doutside)\2] = 16L2a§. (26)
SNR = —/—————. (21)
1=/ M(dopt) The denominatoR(dussiae) has a Gaussian distribution by

This equation is derived from (19). This can be written d&€ CLT, and its square is also Gaussian because the standard
SNR = —1+1/(1— q(dept)). The denominatofl — g(d.p:)) deviation is much smaller than the mean. Again, this is a
is Gaussian, and its reciprocal will also be Gaussian sinkgéar operation on a Gaussian random variable (using the
the standard deviation is much smaller than the mean for IGRProximation), so the result is also Gaussian. Thus,

values of SNR. Again, this is a linear operation on a Gaussian

2 4
random variable (after the approximation). Then R(doutsiae)” ~ n(L*(207)", L*(207)") @7
E[SNR] = a? — SNR where the~ operator means “is distributed.” The ratio of these
a2 two random variables (after dividing both the numerator and
o o2 denominator by a constant) is
var[SNR] = —%L—.. (22)
(1= )" 12
. . M(doutside) ~ LXZ
This estimator works well for the SNR below 20 dB. Above n(l,%)
this level, M (d,:) is so close to 1 that an accurate estimate of 1 4
the SNR can not be determined, but only that the SNR is high. ~ X2 =" (07 L3>

For example, itM (dopt ) = 0.9, thenSNR = 18.5 = 12.7 dB. 1

This can be used to set a threshold so that very weak signals ~ ix% (28)

will not be decoded, or it can be used in a WLAN to feed back

to the transmitter to indicate what data rate will be supportétere, the variance of the Gaussian random variable is propor-
so that an appropriate constellation and code can be choseriofAal to 1/L2 and can be neglected. The mean and variance
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Fig. 6. Mean and variance at an incorrect timing point with= 512 for

X simulation the exponential channel.

— theory

Mean

[lI-B-1 can be used to determine both the probability of not

107" " s " s " " "

0 5 10 " e 30 35 40 detecting a t_raining sequence when one is pfesent and of
. Variance at correct timing with L = 512 falsely detecting a training sequence when one is not present.
10 T v T ﬁ T T " As an example of how this can be done, let there be 1000
10h 1 subchannels and lek = 512. If the system is designed to
g . detect a signal if the SNR is at least 10 dB, then from Egs.
§°F X pmaton ] (19) and (20), when the signal is present the mean is 0.827
107} and the variance i§.58 x 10~*, so the standard deviation is
- . . ‘ . ) ‘ ‘ 2.36 x 102 at the correct timing. If no signal is present, then
0 5 10 e 30 35 40 from (28) the mean i4.95 x 10~2 and the standard deviation

is also1.95 x 1073, If the threshold is set at 0.1, then the

Fig. 5. Mean and variance at the correct timing point wit= 512 for the margin for error when the training signal is present is
exponential channel.
0.827—-0.1

2.36 x 102
Similarly, when the signal is not present, the margin for error is
0.1 -1.95x 1072

(30) 1.95 x 10—3

=30 standard deviations. (31)
of the timing metric are

E[M(doutside)] - (29)

=

=50 standard deviations. (32)
Var[M(doutside)] = ﬁ
If the desired probability of error of missing a training se-

Fig. 4 shows a plot of the expected value of timing metrigyence is1 x 10=3, this requires that the threshold be 3.1
M(d) versus SNR at both the best timing instant and a poi§andard deviations below the mean found with (19). When
outside the training symbol. The dashed lines indicate thrggmputing the probability of false detection, note that the
standard deviations from each curve. training signal is not present for most of each frame. If there

Figs. 5 and 6 show the results of simulations performege 100 OFDM symbols within one frame, then most of the
on the exponential frequency selective channels with 10@fhe the training symbol is not present. Since the sliding
subcarriers for the correct timing and an incorrect timingyindows for the symbol timing estimator are half a symbol
respectively. The correct timing point was chosen at thgng, there can be about 200 uncorrelated values of the symbol
start of the useful part of the first training symbol, and thgming estimator within one frame. If the probability of false
incorrect timing point was chosen one symbol after that. Fggtection within one frame is desired to be 10~3, then the
each SNR value, the simulation was run 10000 times, eagfbhability of false detection at any point in time should be
time generating different PN sequences, channels, and nojggouts x 10~¢. From [10] the cumulative distribution function
Note that the simulated variance is slightly higher than thgg, X3 is
calculated by theory for the incorrect timing. This is caused ) )
because there is a correlation between the signal tefmg F(x3) = 1—exp[-x3/2]. (33)
and r44m+r1, While the calculation assumes that they arg. get a probability of error ob x 10~
independent.

2) Probability of Missing the Training Sequence or of Fals
Detection: The probability distributions calculated in Section (24.4 —2)/2=11.2 standard deviations. (34)

6 requiresy3 to be
gess than 24.4, which corresponds to
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Signal Power TABLE I
W]////A RepucTion IN SNIR (dB) DUE TO ERRORS INSYMBOL TIMING
- AWGN Exponential
-Tg 0 T time SNR (dB) | peak [ avg 90% | peak [ avg 90%
0 0.0087 0.0007 | 0.0213 0.0034
Noise Power 10 0.0060 0.0000 | 0.0336 0.0003
. 20 0.0364 0.0000 | 0.1828 0.0014
-Tg 0 T time 30 0.3068 0.0000 | 1.2374 0.0119
40 0.9023 0.0000 | 4.1953 0.0599
Self-Interference Power . . . )
of the symbol is outside the guard interval, there will be both
T et a decrease in signal energy and an increase in interference,
-1g 0 T time

resulting in a lower SNIR. This occurs because samples from
Fig. 7. Relationship of signal, noise, and interference power to the symitple previous or next symbol are input into the FFT along with

timing position for the AWGN channel. The shaded portion in the first plg .
indicates the range where the synchronizer can estimate the start of the syn#[?dlﬂples from the current symbol. For example, if the start of

to maximize SNIR. the symbol is estimated to be at either tifi¢11 or at time
-1, —T'/11, then the signal-to-interference ratio (SIR) is 10,

assuming that the interference level is the same as the signal

In this example, both the probabilities of missing a trainin%vel, as would be the case with a continuous transmission

sequence or of false detection within one frame are less tf@un[ not with bursts of data. The SNIR will be lower than

1t>< 1|0_3' TShIi\lsRa!lfotvr\]/stthedthrgszolg totﬁe adj,l[J.Steq t,:) opzralfo when the noise is included. For the simulations in this
at a lower I that 1S desired. Another option IS 1o redu aper, it is assumed that a continuous transmission format is

g“?n‘?‘r']“"””t ofncomt[))utr?tltonrperfor_?:ed Wr;'le S(renarlchw}%_for t HL% d because this represents the worst case in terms of self-
aining sequence by not processing every sample. This COfR, o rance. With multipath delay spread, the symbol timing

be useful in a burst mode when data may not arrive very oftet lerance window from-T, to 0 is reduced by the length of

3) Reduction in SNIRTwo channels are used in S|mula-the channel impulse response.

tions to measure the performance of the estimation algorlthmsTWO methods to determine the symbol timing are compared

First the AWGN channel is used to show how the algorithmg, o "pagis of reduction in SNIR. The first method is to
perform on a benign channel, and it is also used as a baﬁﬁply find the maximum of the timing metric. The second

for comparison. M frequgncy selective channel with Method is to find the maximum, find the points to the left and
exponential power delay profile is used to show that ttHe

loorith P i listi . / ght in the time domain, which are 90% of the maximum,
algorithms perform well in a more reaistic environment, average these two 90% times to find the symbol timing
Sixteen paths are chosen with path delays of 0, 4,-860

samples, so the impulse response of the channel is shorter stri{jnate. The rationale behind this method is that the best
o . . imi oints typically lie in a plateau. By trying to determine
the guard interval. The amplitude of each path is calculatfﬁ gp ypiea'ly P y ying

from the exponential distribution, S0 e center of this plateau, it is more likely that the estimate
’ will not fall slightly off the plateau. Table Il compares the two
A; = exp(—1,;/60) (35) methods on the basis of reduction in SNIR for the AWGN and
frequency selective channel. For each type of channel, 10 000
where 4; is the amplitude of theth path andr; is the delay simulations are run at each SNR, and in each run, different PN
of the ith path is samples. The phase of each path is chosgyuences, channels, and noise are generated. The averaging
from a uniform distribution fron to 2. method performs significantly better than simply finding the
The reduction in the Signal-to-nOiSG-plUS'interference ratiféak of the t|m|ng metricl and it involves on]y S||ght|y more
(SNIR) due to a symbol timing error can be calculated for thesmputation. With a 40-dB SNR, a symbol timing offset of one

simulated channels. SNIR can be defined as sample away from the plateau would result in about 10 dB in
o2 degradation in SNIR for the AWGN channel. The averaging
SNIR = 02 + o2 (36)  method of finding the symbol time resulted in no degradation

in 10 000 runs for the AWGN channel and a degradation of just

whereo? is the variance of the intersymbol interference (ISiinder 0.06 dB for the exponential channel at an SNR of 40 dB.
added by incorrect symbol timing. Fig. 7 plots the average

signal, noise, and interference power levels versus time for an |\, EsTiMATION OF CARRIER FREQUENCY OFFSET
AWGN channel. Note that interference here refers to the ISI

from symbols before and after the training symbol in the timg carrier Frequency Offset Estimation Algorithm
domain. The time from-1}, to 0 is the length of the guard
interval, and the time frond to 7" is the length of the useful
part of the OFDM symbol. If the synchronizer estimates th
the useful part of the symbol starts at any time within the guard ¢ =aTAf (37)
interval, which is the shaded area in the first plot of Fig. 7,, . .
then there is no reduction in SNIR due to incorrect symbx\fh'Ch can be estimated by

timing. However, if the synchronizer estimates that the start b= angle(P(d)) (38)

The main difference between the two halves of the first
gtaining symbol will be a phase difference of
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near the best timing point. If5| can be guaranteed to be less 102
than, then the frequency offset estimate is Moose’s Method
Af = /(xT) (39) 10°

and the even PN frequencies on the second training symbol
would not be needed. Otherwise, the actual frequency offset

Error Variance
~
o

would be 4

¢ 2z 10

Tt (40) ; New Method
where z is an integer. By partially correcting the frequency 10 0 05 1 15 P
offset, adjacent carrier interference (ACI) can be avoided, Frequency Offset (Subchannel Spacings)

and then the remaining offset @ /7 can be found. After _ ) ) I
.. ~ Fig. 8. Comparison of Moose’'s method and new method of estimating
the two training symbols are frequency correctedddyn7)  frequency offset.
(by multiplying the samples byxp(—j2t¢/T)), let their
FFT's bex; andzs, and let the differentially-modulated equal tog.o.rect. The effect of the remaining frequency offset
PN sequence on the even frequencies of the second trainimgthe system performance is discussed in [2] and will not be
symbol bew;, (as illustrated in Table I). The PN sequencdiscussed here. By using the method in [7], the GaRao
v Will appear at the output except it will be shifted R¢g bound is found to be
positions because of the uncompensated frequency shift of "
2z/T. Note that because there is a guard interval and there var(¢/m] = 2. L-SNR’ (44)
is still a frequency offset, even if there were no differentialhis is not surprising because Moose shows that his estimator
modulation between training symbols 1 and 2 (i.e., PN si& the maximum-likelihood estimator (MLE) of differential
qguencewv, = 1), there would still be a phase shift betweemphase, and Rife states that the Cramér—Rao bounds are almost
z1,, and zo . of 27(T + T)22/T. Since at this point the met by the MLE with high SNR. Since the frequency offset
integer z is unknown, this additional phase shift is unknownestimate is made by averaging over hundreds or thousands of
However, since the phase shift is the same for each pairbcarriers, the effective SNR is usually very high. To illustrate
of frequencies, a metric similar to (8) can be used. et that the frequency acquisition range is greatly widened with
be the set of indices for the even frequency componentsis new method, Fig. 8 compares the error variance for
X={-W,-W+2,..-,-4,-2.24,--. W — 2 W} The Moose’s frequency estimation methods (with two repeated
number of even positions shifted can be calculated by findihglf-symbols) with the new method for 1000 carriers with an
g to maximize SNR of 10 dB. The simulations were performed with 10 000
runs per frequency offset value. Since Moose’s method is
5 (41) designed to work only with a very small frequency offset,
23 kex lz2.l?) it fails for larger frequency offsets. In Fig. 8, the CramRao
with integerg spanning the range of possible frequency offseound is 2.03 x 10°. Note that the simulation here for
and W being the number of even frequencies with the PNloose’s algorithm uses the shortened symbols as described
sequence. Then the frequency offset estimate would be in [2], which results is a frequency acquisition range-ef
= 5 N subchannel spacing.
Af =l¢/(xD)] + (26/T). (42) Fig. 9 compares the error variance for the carrier frequency
offset estimate to the Crégn-Rao bound for different values
B. Performance of Carrier Frequency Offset Estimator of SNR. In the simulation the carrier frequency offset was set

Since the carrier frequency offset is found in two steps, B9 2.4 subcarrier spacings so the estimator has to get the integer
finding the fractional and then integer part of the offset, theR&rt correct and get a good estimate of the fractional part of
are two issues to consider in evaluating the carrier frequerf§}f carrier frequency offset to make a good overall estimate.
offset estimator. First the variance of the estimator of tHfddain, 10000 trials were run at each SNR value.
fractional part of the frequency offset can be found. Second,2) Distribution of Frequency Offset MetricThe expected
the distribution of the carrier offset metric can be found foyalues and variances of the estimatefy) can be calculated
both the correct and incorrect integer offsets to determine te@ Similar method as in Section 11I-B-2 to determine if
probability of making an error in finding the integer part offcorrect €N be found reliably. At the correct frequency offset,

2
(g) = | Ehex f”ik+2gvztff2,k+zg|

the carrier frequency offset. all the signal productssy ., . . 452 htgom.. have the
1) Variance of Fractional Part of Carrier Frequency Offsefame phase and
Estimator: Using the method in [2] ot
~ 1 B = E[B(gcorrect)] = m (45)
a = — . (2= on
var[¢ /] 7 I.SNR (43)

Since the carrier frequency offset estimate (in subcarrier 4 9 9 4
spacings) is made up of the sum of the initial estimate andvar[B(gcorrect)] = 03 [(2+2pp)olor + (14+ 415)03] '
an even integer, the variance of the initial estimaiter, will W (o2 +02)

be equal to the variance of the final estimate if the intggier (46)
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10° . upon the receipt of just one training sequence. By averaging
over all the subchannels, it works well in frequency selective
channels. This method also gives very accurate estimates of
E symbol timing and carrier frequency offset and provides a
very wide acquisition range for the carrier frequency offset.
It also provides an estimate of the SNR, and the probability of
false locks or missing the training symbols is very low. For a
wireless LAN, such a fast and low-overhead synchronization
process is necessary because there will be only one training
sequence transmitted in each burst for synchronization.

107

—— Cramér-Rao bound
X simulation

Error Variance

&
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Fig. 10 shows a plot of the expected value of frequenc J

V. CONCLUSION

A method has been presented for the rapid and robyghag c. cox (s'58-M'61-SM'72-F'79), for photograph and biography,
synchronization of OFDM signals, and acquisition is obtainege p. 884 of the July 1997 issue of thisARSACTIONS
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