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A Novel EKF-Based Scheme for Tracking Code Delay
Recovery in DS/CDMA Systems

Pilar Diaz!'2 and Ramon Agusti!

Classical delay-lock loops (DLL) have been widely considered for code synchronization purposes
in DS/CDMA systems, although they have not been devised for operation when channel fading is
present. This paper describes a new code synchronization scheme based on a previously proposed
extended Kalman filter (EKF) approach. The scheme proposed in this paper is able to operate
under low signal-to-interference ratios (SIR), usual at the receiver input in cellular CDM A mobile
environments, and it outperforms the behavior of previously proposed EKF-based schemes, which
failed in such environments. Performance results under realistic mobile environment conditions are
shown in terms of the mean time to lose lock (MTLL) and the tracking error variance 612 for a
wide range of SIR values and under Rayleigh multipath fading. Moreover, the Cramer-Rao lower

boundon 612 is also computed in order to validate the results obtained via simulations.
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1. INTRODUCTION

CDMA systems, claimed to be especially suited
for working on a frequency-selective fading channel,
have been widely treated in the literature in the recent
years. Nevertheless, little effort has been devoted to
the optimization of PN code delay recovering schemes
required to correctly despread the DS spread-spectrum
modulationsin CDMA systems. In particular, the usually
adopted code synchronizers are assumed to be based on
DLL schemes, which are optimum in an AWGN chan-
nel, but not for operation in frequency-selective fading
channels.

A first attempt to introduce specific synchroniz-
ers for operation in those environments was presented
in Ref. 1, where an extended Kalman filter structure
was proposed to jointly estimate the PN code delay in
tracking and the channel impulse response. Nevertheless,
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this approach fails in the presence of the high-interfer-
ence environments usual in mobile communication sys-
tems. For these cases, the MTLL takes a very low value
because the signal-to-noise ratio (or signal-to-interfering
power ratio) at the EKF input for realistic processing
gains (such as 20 dB or even more) and for reasonable
Eb/No ratios (about 5-10 dB) is so low that the deep
channel fades prevent the EKF from acquiring synchro-
nization.

In this paper a scheme based on the EKF approach
is also proposed, but conveniently modified in order to
improve its performance in terms of a larger MTLL fig-
ure and a smaller value of the mean root square error
of estimation when operating under realistic conditions
(i.e., signal-to-interference input ratios from —20 dB
to 0 dB). In particular, the PN code delay and chan-
nel impulse response estimation are decoupled in this
scheme, so the focus is put on the estimation of the
PN code delay in the tracking phase. This means that
an initial PN code misalignment lower than or equal to
half a chip duration is assumed. The decoupled channel
impulse response estimator is considered to be the usual
suboptimum matched filtering approach with sampling
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times shifted by the actual PN code delay. The perfor-
mance of this scheme is assessed by means of computer
simulations in the presence of realistic propagation envi-
ronments for band-limited Nyquist-filtering receivers.

The organization of this paper is as follows. In Sec-
tion 2, the EKF theory is revised and the EKF-based
scheme proposed for delay estimation as well as the
complete system model are described in detail. Section
3 is devoted to dimension some system parameters and
to evaluate, by means of the tracking error variance and
the MTLL, the performance of the proposed scheme in a
mobile environment under two different models of chan-
nel delay generation. Finally, in Section 4 some conclu-
sions are drawn.

2. IMPROVED EKF FOR DELAY ESTIMATION
IN CDMA ENVIRONMENTS

The combination of severefading and large Doppler
shifts arises usually in spread-spectrum communication
channels. For this reason, demodulation in DS/CDMA
systems cannot be accomplished without estimation of
code delay. The specific problem of optimal synchro-
nization in a direct-sequence spread-spectrum receiver is
considered here as a specific application of the extended
Kalman filter delay estimator.

2.1. The Extended Kalman Filter

The Kalman filter is basically a linear adaptive
filter with feedback, and therefore it converges faster
than other predictors. The extended Kalman filter (EKF)
behaves similarly to a standard Kalman filter but for a
nonlinear model. This model, if sufficiently smooth, can
be approximated by a linear function by means of Taylor
series. In Ref. 1 it is shown that the EKF is capable of
estimating the channel delay in the tracking phase from

Diaz and Agustl

the received samples and maintaining synchronization
between the received code and the local code. Never-
theless, this delay estimator only works (i.e., the predic-
tor only converges) when the signal-to-interfering ratio
at the receiver input is large enough. Since this is not the
usual condition in a CDMA cellular system, some signal
processing before estimation is required.

For the sake of improving the signal-to-interfering
power ratio at the EKF input, the delay estimator, pro-
posed in this paper and shown in Fig. 1, consists of two
blocks:

1. A first block known as “pre-filter,” responsible
for processing the received signal and improving
the signal-to-interfering power ratio.

2. A second block, which is the EKF, now capa-
ble of estimating the channel delay in a CDMA
environment. This is possible because the signal-
to-interfering power ratio has been increased due
to the processing performed by the previous
block.

Let us focus on this second block, the EKF. The
samples of the signal at its input, X(k), can be expressed
as follows:

X(k) = H(z(k)) + n(k) (D

where H(z(k)) are the samples of a nonlinear function
of the delay 7(k), and n(k) are the samples of a term
representing interference and noise in general. The filter
is able to compute the channel delay estimate every bit
interval from these samples:

T = EG(|X(), Xk = 1), X)) (2)

The equations that rule the filter behavior, known
as measurement-update equations, are given by [2]

PRE-FILTER

r =E£—»@ —»@4 fTb dt|-—»X (k) —» —1»T
| f A 0

KALMAN Ll
FILTER k
ik
| !
c (1) d &K

Fig. 1. Delay estimator based on the EKF.
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Ti/k = Thjk=1 + K (k) [X(k) = H(tie=1)]

0 .
K(k)= Pific=1 E H*(Tk/k—l)

2
2
Piji-1+ o,

. [‘ % H(ti/k-1)

Pijic = [1_ K(k) g H(ti/k=1) | Prji—1 3)

where (73 is the variance of n(k), and K(k) and Py/x are
known as the gain vector and the error covariance matrix,
respectively. For the sake of simplicity, the channel delay
is assumed to follow a first-order autorregressive (AR)
process [1]:

t(k+1) = yr(k) + w(k) 4)

where w; is a white Gaussian process with zero
mean and variance Gf., and y is a parameter adjusted
to account for transmitter and receiver timing jitter.
According to the first-order AR model considered, the
prediction equations, known as time-update equations,

are given by

T+ 1k = Ref[ti/i]; Pieife = Pk + oy (5)

2.2. System Description

The complex envelope of the signal transmitted by
a subscriber in a DS-CDMA system can be expressed as

28 <«
s(r)ﬂ/ 20 Z die(t = kTp) (6)
¢ k=—0o0

where T} is the bit period, S thetransmitted power, R.(0)
the autocorrelation function of the spreading code c(¢)
at the origin, and the binary symbol d; represents the
transmitted bit during the kth interval, as the signaling
scheme considered for analysis in this paper is the coher-
ent BPSK. The signal ¢(#), which represents the spread-
ing code assigned to a particular subscriber, is given by

N—1

()= Z cip(t = iTe) (7)

where ¢; are binary symbols, N is the number of
chips/bit, and therefore the processing gain 7. is the chip
period (T, = Tb/N), and p(¢) is the pulse waveform of
the code.

Supposethat 1/ T. is the bandwidth occupied by the
real bandpass transmitted signal. The impulse response
complex envelope of the time-variant frequency-selec-
tive channel can be modeled in this case as [3]

L—1

he(t,7') = Z om(D3(t" = mTe + (1)) (8)

m=

where L is the number of propagation paths and o (¢)
are their complex amplitudes. In a mobile environment,
these amplitudes may be statistically characterized by a
Gaussian complex distribution, and the mean received
power of each path is determined by the power delay
profile (PDP) of the channel.

From (6) and (8), the signal received can be
expressed as

L—1

r(t) = Z an(t)s(t —mT. +1(1)) + ny (1) )

m=

where 7(¢) is the delay introduced by the mobile chan-
nel and n,(f) represents both interference from other
users and thermal noise, although this noise may be
neglected in an interference-limited cellular mobile envi-
ronment.Later, for performance analysis purposes, n,,()
is assumed to be white Gaussian noise with null mean
and variance o_.

From (1) it follows that the useful term H(k) of the
driving EKF signal X(k) is only a function of t(k), so the
bit and the channel impulse response estimates have to
be previously obtained in order to remove these variables
from H(Ti/x-1) in (3).

2.2.1. Bit Estimation

The bit estimation has been obtained from the con-
ventional structure of a Rake receiver. Figure 2 illus-
trates the basic scheme of the receiver employed in this
study.

Let 7x be the delay introduced by the mobile chan-
nel during the kth bit interval, which will be assumed
as nonvariant within this time interval, and r,(¢) be a
(—nT.)-second delayed version of r(¢) (n =0, 1, 2):
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Fig. 2. Rake receiver with diversity M = 3.

L—1

B 28 *
rn(t) - ; ( R¢(0) am(t) k_ZOO

cdike(t— (m—n)T. — kT + r(t)))

+n,(t+nT.) (10)
The signal at the output of each delay unit is correlated
with the code generated at reception, lined up with ¢(1—
kTp +71i) within this bit interval. If the term of interest is

isolated into (10), i.e., n = m, then r,(z) may be expressed
as

ra() = V'25/ R(0) an(0) Z
k==

cdie(t = kTp + 1)+ n'(t +nTy) (11)
where the multipath has been included in the term which

represents the interference noise produced by the other
system users,

L—1 bXS 00
I’l'(l‘ + I’ch) = Z m am([) Z
m= k="

m¥n
cdike(t— (m—n)T. — kT +71k)

+ny(t+nT,) (12)

Let 7x be the estimate of the channel delay and
a,(k) be the complex amplitude of the nthpropagation
path during the kth bit interval. The signal at the out-
put of each delay unit r,(z) is correlated with the code
generated locally at reception, ¢(z — kT) + 7x), in order
to obtain the samples X,(k) (n = 0, 1, 2) during this bit
interval. These samples may be expressed as

1 kTp— Tk
Xu(k) = —F/— c(t = kTp +T0)ra(t)dt
V R:(0) J:k_l)Tb_ATk

Vs 7o
= ) dian (k) I c(t)e(t +ex) dt
0

R(0

+ n, (k) (13)

where e(k) = (k) — T(k) is the estimate error.
The term n,(k) in (13) is the interfering noise at the
output of the nth correlator arm

kTp =7

1
np(k) = —F—
“ V R(0) Vk-1D)1-7%

ce(t= kT +Tn’ (t +nTe) dt (14)

of zero mean and variance given by
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Th Th 1
Var[n,(k)]= E "(t+nT.+kTp —7
atln ()] L L o T KT, =)

cn'(u+nT, +kTp, —Ti)e(t)c(u) dt du

1 Th Th
= No6(t — u)c(t)c(u) dt du
R:(0) Io Io
= NoTs (15)
Concerning the useful term of the signal X,(k),

which will be designated as H,(k), let us note that it is
a function of the autocorrelation of ¢(¢) and is given by

Vs 7
H, (k) _RC(O) dron (k) J:) c(t)e(t +ex) dt

=25 diTran(h) % (16)

where the expression for R.(g) is

R"(S)ZT%,JA c(e(t +e) dt
T»

1
I
YE [ ] J;}

sp(t—iT)p(t—jTe +¢) dt (17)

If R,(e) denotes the autocorrelation of the code
waveform p(¢), then

1
R.(g) = Tb Z Z ciciRy (e~ (i = )T.) (18)
1 J

Since the waveform approximately has a time dura-
tion equal to the chip interval, we should only retain in

Recovery in DS/CDMA Systems 93

(18) those terms which are significant when & = ¢, [see

(I7)]:

1 N—1 ©Q
R((S): — Z Z CiCi_IRp(g_lTC)
YE 1= ==
! 0 N—1
=— R, (e~ IT,) cici-1 (19)
Ty = =

where Q is such that R,(ex £ Q7c) = 0. The second
sum in (19) represents the sequence periodic correlation,
which is given by

N—1

9('(k) = Z CiCi+k

_ (N, kmod N=0
{ -1, otherwise (20)
so one has
1
R(e)= — | NR,(¢) — Ry(e~ lTCD
Ty =
170
L L -
o Ry(2)~ Z“Q R (e~ IT) || (1)
|I=F()

When this is computed for £ = 0, the following expres-
sion is obtained:

1 1
R"(O):Tc Ry(0) = —= |;“Q Rp(lTCD (22)

I#0

Finally, the sample value at the decision unit input
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Z(k) (see Fig. 2) is given by

M=1
Z(k) =

n-—

0 () X ()

M=1
= (k) [H (k) + (k)] (23)

n-—

where M is the number of Rake arms. If (16) is replaced
in the above expression, we obtain

M=1
Z(k) = an(k)

n-—

. ( \/E dkaOln(k) M;jl(l(;)_:q_ +nn(k))

— de /ZS T R(,(g) g=ek
R:(0)
M—1 M—1

(k) o (k) +

n-— n-—

on(yna(k) — (24)

where (k) is the channel amplitude estimate.

Since coherent BPSK is the signaling scheme con-
sidered in this study, the bit estimate at the decision unit
outputis di = sign[Real(Z(k))].

2.2.2. Impulse Response Estimation

Let us see how to compute the estimate of the chan-
nel impulse response with a filter matched to the pseu-
dorandom sequence in a DS/ CDMA system. Although
this technique is not optimal in the sense that sequences
are not ideally orthogonal [4], we will adopt this sim-
ple estimation technique since it could be appropriate
for a CDMA environment. Anyway, it is considered as
a first approach to assess the performance of the EKF-
based structure proposed in thispaper as a PN code delay
recovering scheme.

Let us assume that a PN sequence without modula-
tionisbeingtransmitted andlet o; be the impulse response
of the channel and pn( j) the PN sequence. The samples
of the received signal at the matched filter input in the
absence of interchip interference can be expressed as

L—1

x(j) = Z; apn(j=1) (25)
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Let ¢(j) be the impulse response of the matched fil-
ter, which is given by

() = pn(N =) (26)

When the thermal noise is negligible with regard to
the interference power, the signal y(j) at the filter output
takes the following form:

N—1 L1

y(J) = x(j) * e(j) = Z Z; oupn(i = De(j = i) =~ Noy

(27)

From (27) it can be seen that the samples obtained at the
output of the matched filter every 7. seconds are suffi-
cient to get the estimate of the channel amplitudes o;.

2.3. The Proposed EKF-Based Scheme for Delay
Estimation

After establishing a procedure to estimate the trans-
mitted bit and the channel impulse response, let us ana-
lyze the channel delay estimation scheme based on the
EKF for operation in tracking. The implementation of
such a delay estimator is illustrated in Fig. 1. The sam-
ples at the EKF input are given by

M—1 KT}
X(k)= c(t— kTy)r(t +nT.) dt
e (k= 1)Tp
M—1 R( (g) B
= 28 di Ty ot (k) Re(@)|o=ny.
n= R‘(O)
M—1
+ na(k) (28)

n—

Let us note from Figs. 1 and 2 that the local codes in
both structures (the Rake receiver and the delay esti-
mator) are delayed Tx seconds. The equilibrium point
of the filter (tx — k) should be prevented from being
near the origin area (tx — 0) in order to have a cor-
rect operation of the synchronism scheme. The reason
for this fact is that the gain vector K(k), which is propor-
tional to the derivative of R.(t), is zero in the absence
of noise, or not defined in this area, depending on the
pulse waveform employed. Therefore, if the gain vector
K(k) were zero, the filter would not be able to follow
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the variations of the delay even if [X(k) — H(k)] was not
near zero, as the measurement-update equation, given by
Tk = Te—1 + K(k)[X(k) = H(k)], shows.

To avoid the origin area (tx — 0), a control sub-
routine has been designed in order to force the filter to
work in what will be known as the “optimum work-
ing area.” The proposed algorithm consists in having a
“slightly misalignment” between the received code and
the local code at the receiver. Whenever the estimate of
T takes an absolute value lower than a given threshold,
e.g., 0.2T,, the local code generated at the receiver is
shifted in order to increase 74 and prevent the filter from
working around the origin area. Whenever the estimate
of 7, takes an absolute value greater than another given
threshold,e.g., 0.4 T,, the local code is shifted toward the
other direction to ensure that the filter is in tracking, i.e.,
to ensure both codes are not misaligned more than half
a chip.

Moreover, it is necessary to dimension the initial
values of the filter. The equations that rule the filter
behavior are described in (3), so themeasurement-update
equation concerning the channel delay estimate is given
by Tk = Tk—1 +K(k) [ X(k)— H(k)], where the samples X(k)

M1
X(k) = H(k) + (k) (29)

n-—

are formulated in (28).

Since the term of interest of the samples at the
EKFinput, H(k) is an even function with respect to the
channel delay 7, the filter has two different equilibrium
points:

R:(0)

H(R) o=, Z V28 d Tyom(k) Re(e)|e=ny.
= H(k)|e=x (30)

given that an autocorrelation function like R.(g) is
always an even function when the value of 7- is set
at the first filter iteration (k = 0). Therefore, it happens
that if 7-; is initially set to the correct sign, the filter
will converge to the correct equilibrium point (tx — 7),
but if it is initially set to the opposite sign, the filter will
reach the other equilibrium point (7x = ~tx) and will
become stable since

X(K)| = = Hk)|e==ge 0 (1)

In order to solve this problem of initialization, we
proposeto introduce a block that computes a signal com-
parison, as follows. If we consider no noise, when the fil-
ter has been initially set to the correct sign and 7x — 7,
the sample X(k) at the EKF input (see Fig. 1)

X(k)—z; Vs dknozn(k)ig)(‘ﬁL (32)

is smaller than the sum of the samples X,(k) (n =0, 1,
2) at the Rake correlator output (see Fig. 2):

R.(0)

Z X (k) = Z V25 deTyan (k) ez

Z \/_ dkaan(k) (33)

Otherwise, when it is initially set to the incorrect sign
and Tr — 1k, the sample X(k) at the EKF input

X(k)—z; VaS diTyan() D= (3

R:(0)

is larger than the sum of the samples X, (k) (n =0, 1, 2),
which in this case is given by the following expression:

Z Xk = Z V2 di Ty (k) ==

R:(0)

R.(0)

Z\/_ S deTyan(k) 2= (55

A signal comparison will allow us to find out if the
filter has been initially set to the right sign. Otherwise, the
filter should be again initialized with the opposite sign.

In practice, when the signal is corrupted with noise,
the procedure described above can be repeated during
several bits in order to filter a certain amount of noise
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and increase the reliability on detecting the correctness
of the sign. This iteration procedure has been employed
in the simulations carried out to assess the delay esti-
mator performance, which will be presented in the next
section.

In summary, the scheme proposed here to perform
the channel delay estimate for DS-CDMA systems under
multipath fading is the structure shown in Fig. 1. The
control subroutine proposed in order to achieve an opti-
mum operation can be summarized as:

1. Set the filter parameters and check the estimate
sign with a signal comparison:

M=1
Z X, (k) > X(k) (36)

2. If the sign is incorrect, set the parameters to the
opposite sign. Otherwise, check regularly the fil-
ter working area to ensure that

02T. <7k <04T, (37)

3. ESTIMATOR PERFORMANCE IN MOBILE
ENVIRONMENTS

To analyze the performance of the channel delay
estimator, the whole receiver has been simulated under
realistic mobile environment conditions, which have
been selected for the purpose of evaluation. To do this,
the classical Doppler spectrum [5] has been assumed
with a Doppler frequency value of 50 Hz, which
accounts for a mobile speed of 60 km/h and a carrier fre-
quency of 900 MHz. The channel PDP has been modeled
as exponential because of its wide acceptance [6] and the
delay spread normalized to the bit interval has been set
to Dgy = 0.01. The signaling scheme considered is the
coherent BPSK at a bit rate of R, = 10 Kbps and the
length of the maximum-length shift register sequences
employed in the simulations is assumed to be N = 127,
which also represents the processing gain. Therefore, the
signal-to-interference ratio at the receiver input may be
expressed as

SIR = (Eb/No)/N (38)
The AR parameter in Eq. (4) for (k) was set in the

EKF to correspond to the case of nearly constant delay,
so y was taken to be equal to 0.9999.
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The pulse waveforms considered in the design and
analysis of the synchronism scheme proposed in this
paper are the Nyquist pulses with rolloff zero. Let us
thus obtain the function R.(¢) in terms of the autocorre-
lation function of a Nyquist pulse R,(¢&):

0
Rle) _ T NR,(g) = Ry(c = kT.) |
R(0) T, (=
|k| 70
;2
= Ry(e)” - kZ‘Q Ry(¢ = kT.) (39)
|k| 70
where
R,(g) = sinc(e/ T)
Re(0) = Ry(0)/ Tc =1/ T (40)

Concerning the channel impulse response, a data
frame has been designed for simulation purposes in order
to estimate thisresponse during the reception of a known
preamble, composed of Q bits, and estimate the transmit-
ted bits during the reception of the information block,
composed of D bits. To have better performance in a
time-variant environment, the estimates of the channel
amplitudes are updated during the reception of theinfor-
mation block accordingto a data-aided procedure. Q and
D have been dimensioned in the simulation to 5 and
95 bits, respectively, since they are suitable values for
Doppler shifts around 50 Hz and for high frame effi-
ciencies. By using this procedure instead of a continuous
pilot broadcasted by the base station in the downlink,
either the uplink or the downlink paths may be consid-
ered in the analysis.

3.1. First-Order AR Model Parameters

To undertake the filter design, the first step was the
computation of typical values of the variance o of the
white Gaussian process w.(k), which represents the first-
order AR model. To do this, let us note that the delay
variation between two consecutive bits is given by Ar =
Ae/c = va/c if the mobile speed v is assumed to be con-
stant within thisinterval. Here Ae is the distance covered
by the mobile within this time interval and ¢ = 3 x 108
is the light speed.
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Table I. Delay Shift as a Function of the Mobile Speed

v (m/s) At/ T,
1. 42 x 1077
5. 2.1 x 107°
10. 42 x107°
50. 2.1 x 1077

Table I shows the channel delay shifts normalized
to the chip period 7. as a function of the mobile speed
for R, = 10 Kbpsand N = 127. In any of these cases,
the delay shifts are much smaller than the chip period.
This is reasonable because otherwise it would not be pos-
sible to follow the channel delay variations. The values
included in Table I are similar to the time shifts produced
by system clock drifts.

Simulation results for different values of o, showed
that the EKF converged quickly in tens of iterations for
SIR =—15 dB when &, =1.27 x 10”* T, and &, =1.27 x
107° T, [7]. For o, =1.27 x 10~ T, the filter evolution
was much slower, which resulted in a very long “pull-in”
time. The parameter o,, was assumed to be known by the
filter, i.e., the value employed to compute the channel
delay estimate in the EKF, which is referred to as o,,
was the same as the value used for generating the actual
delay introduced by the channel o, according to thefirst-
order AR model.

Another parameter of quality is the normalized esti-
mate error jitter o, 2 , which quantiﬁes the delay estimate
tightness and is deﬁned as G E[(t(k)— r(k|k 1))? /T

0.1
el |
5
" .01 b
cf
6.00081 RPN BRI R
10—!2 10_”' 10-15 10_9
Q
(a) -
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Figure 3a shows the error jitter as a function of oy,
or ¢, for the range from 1.27 x 10°¢ T, to 1.27 x 107°
T., and for SIR = —15 dB. The synchronizer is able to
work for values of o, smaller than (or equal to) 1.27
x 107* T, but for larger values the jitter increases very
quickly, which results in performance degradations. This
is why, from a design point of view, o, has been set to
1.27 x 107 T.. The value o, = 1.27 x 10™* T was not
chosen because it was on the limit of the range of con-
vergence. To check the validity of such a selection, the
error jitter for different o, was computed while keeping
1.27 x 107° T, as a design parameter. The
results, illustrated in Fig. 3b, show that the choice is cor-
rect, since the filter even converges for variance values
1.27 x 107° T.

Finally, and in order to validate somehow the results

constant o), =

greaterthan o, =

obtained, we resorted to the Cramer-Rao bound [§].
When the delay, though unknown, is deterministic (i.e.,
it does not change in time), the tracking error vari-
ance for any unbiased estimator is lower bounded by the
Cramer—Rao bound, which for delay estimation is given

by [1]

E{[t— (41)

oy /2 Z‘—X(k)

where K is the whole number of samples upon which
the estimate is based.

0.1
lo' SR
0.01 |
0.001
(
0.0001 T T
19712 11! 100 187

(b) K

Fig. 3. Normalized delay estimate jitter as a function of the parameter o), of the first-order AR model (SIR = —15 dB).
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In Fig. 4, the performance of the EKF-based syn-
chronism schemeis compared to the Cramer—Rao bound.
Results shown in this figure demonstrate how the estima-
tor proposed in this paper is very close to the optimum. If
the design parameter o, had been set to a smaller value,
the results obtained would have been even closer to the
Cramer—Rao bound, as it is assumed to be a first-order
AR processin the estimation process, whereas the actual
delay, though unknown, is a constant.

3.2. System Performance: Jitter and Mean Time to
Lose Lock (MTLL)

To assess the performance of an estimator, it is also
necessary to evaluate the jitter as a function of the SIR
at the receiver input and the MTLL of the estimator. The
MTLL is defined as the mean time in which the filter is
able to maintain the system synchronism.

Although the pulse waveforms considered in the
analysis are the Nyquist pulses, in order to get some
knowledge of the influence of the waveforms on the
delay estimator performance, square pulses have been
also introduced, under identical channel conditions, as
an example for comparison purposes. Figure 5 shows the
normalized jitter for rectangular and Nyquist pulses for
the scheme proposed in this paper. The values obtained
show that the rms jitter is lower than the 10% of the
chip interval 7. even for SIR = =20 dB. For compari-
son purposes, results for the scheme proposed in Ref. 1
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Fig. 5. Normalized delay estimate jitter as a function of SIR (dB) for
the scheme proposed in Ref. 1 and for rectangular and Nyquist pulses
with the enhanced scheme.

have also been included, which have been obtained with
perfect bit and channel estimates under the same envi-
ronmentassumptions.

To evaluate the MTLL, long simulations have been
runin orderto allow the evolution of the estimator within
a period equivalent to 1 h of operation or until the error
reaches values greater than half a chip. We have analyzed
the behavior of both the structure proposed in Ref. 1 and
the enhanced scheme proposed in this paper for code syn-
chronization. The results obtained from these simulations
aredepicted in Fig. 6 asafunction oftheSIR ratio. Results
onthe MTLL for alinear model, which will be introduced
in the next section, are also illustrated. This figure shows
that the EKF-based scheme is able to maintain code syn-
chronization even for very low SIR ratios. It is also illus-
tratesthepoorbehaviorofthe EKF approach presented in
Ref. 1, at least for those SIR ratios which are common in
DS/ CDMA cellularsystems. If theresultsobtained forthe
enhanced EKF-based schemeare also compared to those
obtained in classical DLL-based approaches, an impor-
tantimprovementofthe performance offered by the EK F-
based estimator is obtained. For a DLL-based synchro-
nism scheme of a CDMA system workingat R, =10 Kbps,
the MTLL obtained in Ref. 9 fora VCO stability of 10~°
and a processing gain of 20 dB was approximately 20
s. The mobile channel was modeled by two independent
Rayleigh propagation pathswithan SIR =—15 dB forthe
first one and an SIR = —25 dB for the second one and for
Doppler shiftsof 50 Hz.
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Fig. 6. MTTL as a function of SIR (dB) for the first-order AR model

with both the scheme proposed in Ref. 1 and the enhanced scheme and
for the linear model (v = 30 m/s)4

In the case analyzed in this section, it has been
assumed that the filter perfectly knows the delay gen-
eration model of the real channel, i.e., the first-order AR
process. This might not happen in practice, so the filter
behavior when the real delay generation model is not the
same as the AR process considered in the EKF will be
analyzed in the next section.

3.3. Linear Model for Delay Generation

In orderto check the validity of the EKF-based syn-
chronism scheme proposed in this paper, a linear model
for generation of the real channel delay will be intro-
duced. Such a model is useful for checking the filter
robustness, as it consists in the assumption of a constant
increase (or decrease) of the channel delay, which will
be dependent on the mobile speed. By doing this, it is
intended to model a mobile coming near or going away
from the base station at a constant speed. Consequently,
the delay introduced by the channel varies from interval
to interval according to the expression t(k+1) = t(k)+Ar,
where the delay increment is At = va/c, with ¢ thelight
speed and v the mobile speed.

Independently of how the channel delay is actually
generated, the EKF algorithm is designed assuming a
first-order AR model [see (4)] for two reasons: for its
simplicity and because in practice the real model of the
channel variation is not known since it is dependent on
the mobile, theenvironment, and other factors. The anal-
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Fig. 7. Normalized delay estimate jitter as a function of the mobile
speed v (m/s) for SIR = =15 dB.

ysis shown in this section intends to prove that even in
this case the filter is still able to compute a high-quality
estimate.

For the sake of assessing the system performance
in this case, we have obtained the jitter at the estima-
tor output as a function of the mobile speed v. Figure 7
depicts the results obtained for an SIR equal to —15 dB.
From this figure, we can conclude that the EKF-based
synchronism scheme proposed in this paper is capable of
recovering the delay introduced by the channel with the
little error, even when the generation model assumed by
the EKF is different from the real one. Results for other
models (random models) are shown in Ref. 7.

Results showing the MTLL are illustrated in Fig.
6. They prove that the EKF-based synchronism scheme
proposed in this paper does not diverge within a period
of time long enough and within the range of low SIR
ratios considered. Therefore, it is a suitable scheme for
code synchronizationin a DS/ CDMA system in the pres-
ence of Rayleigh multipath fading, or even for synchro-
nization among the different users at the base station in
DS/CDMA synchronous systems, as shown in Ref. 10.

4. CONCLUSIONS

In this paper, a novel delay recovering scheme
based on the extended Kalman filter (EKF) has been
proposed to operate in the tracking phase. It has been
demonstrated that it works properly in fading multipath
environments, even for extremely low SIR, thanks to



100

the preprocessing performed before the adaptive filter,
and without the need to estimate the number of prop-
agation paths arriving at the receiver. The preprocess-
ing performed on the received signal before being fed to
the EKF makes necessary the use of a control subroutine
such as that described in the paper.

The delay generation model assumed by the filter
algorithm is a first-order AR model with parameter o).
It has also been shown that even in the case that the real
model does not coincide with that assumed by the EKF,
the delay channel estimator performance is good enough.
Moreover, the filter parameters have been dimensioned
for optimum operation and it has been shown that the
proposed scheme presents good performances in terms
of the normalized delay estimate jitter and MTLL.
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