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ABSTRACT

In this paper, the problem of blind estimation of signal parame-
ters of wide-band signals in mobile communications systems is
addressed. It is shown that the wide-band assumption implies
that a nonunit time-scale factor needs to be accounted for in the
received-signal model even for moderate data-record lengths. Cy-
clostationarity and conjugate cyclostationarity properties are ex-
ploited to estimate the time-scale factor, frequency offset, scaling
amplitude, phase shift, and time delay of the received signal. Sim-
ulation results show the effectiveness of the proposed algorithm.

1. INTRODUCTION

In communication systems, the problem of the estimation of the
received-signal parameters is of great interest for synchronization,
equalization, and power-control purposes. In narrow-band or mod-
erately wide-band systems, parameters of interest are amplitude,
phase, time delay, and frequency offset. The amplitude accounts
for the transmitted power and the attenuation introduced by the
channel, the phase shift is due to the phase rotation introduced by
the channel and the possible phase mismatch between the trans-
mitter and receiver oscillators, the time delay is consequence of
the propagation delay, and the frequency offset is due to Doppler
effect and mismatch between the frequencies of the transmitter and
receiver oscillators.

Both data-aided and non data-aided (blind) algorithms have
been proposed to estimate amplitude, phase, time delay, and fre-
quency offset of the received signal. In particular, some blind al-
gorithms exploit the cyclostationarity properties exhibited by al-
most all modulated signals. Cyclostationary signals have statisti-
cal functions such as the autocorrelation function, moments and
cumulants that are almost-periodic functions of time [3]. The fre-
quencies of the Fourier series expansion of such almost-periodic
functions are called cycle frequencies and are related to parameters
such as the carrier frequency and the baud rate. Unlike second-
order stationary statistics, second-order cyclic statistics (e.g., the
cyclic spectrum and the conjugate cyclic spectrum) preserve phase
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information and, hence, are suitable for developing blind estima-
tion algorithms. Cyclostationarity-exploiting blind algorithms have
been proposed in both single-user [2], [4], [12] and multi-user [7],
[8] scenarios and their performance has been assessed.

In wide-band mobile communication systems, however, the
channel can also introduce a non unit time-scale factor in the re-
ceived signal [13]. Specifically, this non unit time-scale factor
is observed when there is a relative motion between the trans-
mitter and the receiver and the relative radial speed is such that
the product between signal-bandwidth and data-record length is
not much smaller than the ratio between the medium propaga-
tion speed and the radial speed [13]. Therefore, such a model is
appropriate in modern communication systems where wider and
wider bandwidths are considered to get higher and higher bit rates
and, moreover, large data-record lengths are used for blind chan-
nel identification or equalization algorithms or for detection tech-
niques in highly noise- and interference-corrupted environments.
For an application in space communications, see [9].

In the present paper, a cyclostationarity-based algorithm is
presented to estimate time-scale factor, frequency offset, scaling
amplitude, phase shift, and time delay of the received signal. The
time-scale factor and the frequency offset modify the cycle fre-
quencies and the conjugate cycle frequencies of the transmitted
signal. Thus, the proposed algorithm performs the time-scale fac-
tor and frequency offset estimations by estimating a cycle fre-
quency and a conjugate cycle frequency of the received signal.
The estimated (conjugate) cycle frequencies are then filled in the
second-order cyclic statistics exploited to estimate the remaining
parameters. In order to estimate amplitude, time delay, and phase,
the minimization of two mean-square errors (MSEs) is performed.
The former is the MSE between the measured and the actual cyclic
spectrum and the latter is the MSE between the measured and the
actual conjugate cyclic spectrum. Under the assumption that the
transmitted signal exhibits at least one (conjugate) cycle frequency
not too close to those of the disturbance signal, the proposed algo-
rithm provides estimates of the unknown parameters that are intrin-
sically immune to the effects of noise and interference. Therefore,
it is highly tolerant to noise and interference in practice, provided
that a sufficiently long data record is utilized for the estimates. Fi-
nally, it is worthwhile to emphasize that the proposed algorithm is
not based on the assumption of white and/or Gaussian noise. Thus,



it can be suitably used in the presence of unknown narrow-band in-
terference and/or in impulsive noise environments encountered in
many physical channels such as urban and indoor radio channels
[10].

2. RECEIVED-SIGNAL MODEL

In mobile communications, if the relative radial speed between
transmitter and receiver can be assumed constant within the ob-
servation interval, then the transmitted complex envelopex(t) is
received as [13, pp. 240-242]

r(t) = y(t) + n(t)

= Aejϕ x(st − d) ej2πνt + n(t) (1)

wheren(t) is additive noise,A is the scaling amplitude,ϕ the
phase shift,d the time delay,s the time-scale factor, andν the
frequency offset. In (1),s = c/(c + v) andν = −fcv/(c +
v)+ νosc, wherec is the medium propagation speed,v the relative
radial speed,fc the carrier frequency of the transmitted signal, and
νosc the frequency mismatch between the transmitter and receiver
oscillators. Moreover,ϕ = ϕch + ϕosc, whereϕch is the phase
shift introduced by the channel andϕosc is the phase mismatch
between transmitter and receiver oscillators.

It can be shown that the time-scale factors can be considered
unitary provided that the condition

BT ≪ c/v + 1 (2)

is fulfilled, whereB is bandwidth ofx(t) andT is the data-record
length [13, pp. 240-242]. In such a case, the channel between
transmitter and receiver can be modelled as linear periodically time
variant.

There are practical situations, however, where theBT prod-
uct does not satisfy (2) and, hence, the time-scale factor cannot be
considered unitary [5]. For example, let us consider the transmit-
ted signal in a code-division multiple access (CDMA) system with
chip periodTc, number of chip per bitNc, bit periodTb = NcTc,
andTc-duration rectangular chip-pulse. By assuming an approxi-
mate bandwidthB ≃ 1/Tc, it results that condition (2) becomes

BT ≃ NbNc ≪ c/v + 1 (3)

whereNb = T/Tb is the number of processed bits in the data-
record of lengthT . Therefore, ifc ≃ 3·108 m s−1, v=100 km h−1,
andNc = 512, then (3) leads toNb ≪ 2·104. That is, if the maxi-
mum number of processed bits exceeds few hundreds, the non-unit
time-scale factor should be accounted for. Further examples where
condition (2) is not fulfilled occur in ultra wide-band communica-
tions [11] and space communications [9].

The signal model (1) is adopted in radar/sonar applications
wherex(t) ∈ L2([0, T ]), [0, T ] being the observation interval. In
this case, the signal parameters are estimated by resorting to the
wide-band ambiguity function (see, e.g., [6]). In communications
applications, however, for the purpose of signal-parameter estima-
tion or synchronization, the transmitted and received signals are
modelled as cyclostationary and, hence, with infinite energy. Con-
sequently, their wide-band ambiguity function can be defined only
resorting to generalized functions.

3. THE PROPOSED METHOD

The proposed estimation method is based on the computation of
second-order cyclic statistics of the received signalr(t). The cyclic
autocorrelation function (at cycle frequencyα) and the conjugate
cyclic autocorrelation function (at conjugate cycle frequencyβ) of
r(t) are defined as

Rα
rr∗(τ) ,

〈
r(t + τ)r∗(t) e−j2παt

〉
(4)

and
Rβ

rr(τ) ,

〈
r(t + τ)r(t) e−j2πβt

〉
(5)

respectively, where superscript∗ denotes complex conjugation and
〈·〉 infinite-time average [3]. The Fourier transforms ofRα

rr∗(τ)
andRβ

rr(τ), denoted bySα
rr∗(f) andSβ

rr(f), are referred to as the
cyclic spectrum and the conjugate cyclic spectrum, respectively
[3].

Under the assumption that bothx(t) andn(t) in (1) are zero-
mean and statistically independent, the cyclic spectrum and the
conjugate cyclic spectrum of the received signalr(t) are given by

Sα
rr∗(f) =

A2

|s|
e−j2παd/sS

α/s
xx∗

(
f − ν

s

)
+ Sα

nn∗(f) (6)

Sβ
rr(f) =

A2

|s|
ej2ϕ e−j2π(β−2ν)d/s

S(β−2ν)/s
xx

(
f − ν

s

)
+ Sβ

nn(f) (7)

respectively, whereSα
xx∗(f) andSβ

xx(f) are the cyclic spectrum
and the conjugate cyclic spectrum, respectively, ofx(t) and
Sα

nn∗(f) andSβ
nn(f) those ofn(t).

Let α0 andβ0 be a cycle frequency and a conjugate cycle fre-
quency ofx(t), respectively. Moreover, assume that the values of
the time-scale factors and the frequency offsetν are such that, for
some∆α and∆β, there is only one cycle frequency ofy(t) in the
setJ(α0, ∆α) , [α0 − ∆α/2, α0 + ∆α/2] and only one con-
jugate cycle frequency ofy(t) in the setJ(β0, ∆β), and, more-
over Sα

nn∗(f) = 0 for α ∈ J(α0, ∆α) and Sβ
nn(f) = 0 for

β ∈ J(β0, ∆β). Thus, accounting for (6) and (7), estimates ofs
andν can be obtained by

ŝ =
α̂

α0
ν̂ =

1

2
(β̂ − ŝβ0) (8)

where

α̂ = arg max
α∈J(α0,∆α)

∫

R

∣∣Ŝα
rr∗(f)

∣∣2 df (9)

β̂ = arg max
β∈J(β0,∆β)

∫

R

∣∣Ŝβ
rr(f)

∣∣2 df (10)

with Ŝα
rr∗(f) andŜβ

rr(f) being estimates of the cyclic spectrum
and the conjugate cyclic spectrum ofr(t), respectively. Note that
the above mentioned assumptions can be easily verified provided
that|α0−αI | > ∆α/2 andsα0 ∈ J(α0, ∆α) with αI the closest
to α0 cycle frequency ofn(t) and, in addition,|β0 −βI | > ∆β/2
andsβ0 + 2ν ∈ J(β0, ∆β) with βI the closest toβ0 conjugate
cycle frequency ofn(t).

Estimates of the remaining parametersA, ϕ, andd can be ob-
tained by two minimum mean-square error procedures.



From equation (6) it follows that the estimates of the amplitude
and time-delay can be obtained by minimizing with respect toγ
the function

g(γ, γ∗) ,

∫

R

∣∣∣∣Ŝ
ŝα0
rr∗ (f) − γ Sα0

xx∗

(
f − ν̂

ŝ

)∣∣∣∣
2

df . (11)

In the ideal case of perfect measurements (Ŝα
rr∗(f) ≡ Sα

rr∗(f)),
according to (6) withSα

nn∗(f) ≡ 0, the solution of the minimiza-
tion problem is

γ(opt) =
A2

|s|
e−j2πα0d (12)

from which it followsg(γ(opt), γ(opt)∗) = 0. In the real case of
finite data-record length, the functiong(γ, γ∗) can be minimized
by solving the equation

∂

∂γ
g(γ, γ∗)

∣∣∣∣
γ=γ(opt)

= 0 (13)

with γ andγ∗ considered as independent variables [1]. This leads
to

γ(opt) =

∫

R

Ŝŝα0
rr∗ (f) Sα0

xx∗

(
f − ν̂

ŝ

)
∗

df

·

[∫

R

∣∣∣∣S
α0
xx∗

(
f − ν̂

ŝ

)∣∣∣∣
2

df

]
−1

. (14)

Consequently, according to (12), the estimates of amplitude and
time-delay are obtained as

Â =
∣∣∣γ(opt)ŝ

∣∣∣
1/2

(15)

d̂ = −
1

2πα0
∠

[
γ(opt)] (16)

where∠[·] denotes the angle of a complex quantity.
From equation (7) it follows that the estimate of the phase can

be obtained by minimizing with respect tōγ the function

h(γ̄, γ̄∗) ,

∫

R

∣∣∣∣Ŝ
ŝβ0+2ν̂
rr (f) − γ̄ Sβ0

xx

(
f − ν̂

ŝ

)∣∣∣∣
2

df . (17)

In the ideal case of perfect measurements, (Ŝβ
rr(f) ≡ Sβ

rr(f)), ac-
cording to (7) withSβ

nn(f) ≡ 0, the solution of the minimization
problem is

γ̄(opt) =
A2

|s|
ej2ϕ e−j2πβ0d (18)

from which it followsh(γ̄(opt), γ̄(opt)∗) = 0. In the real case of
finite data-record length, the functionh(γ̄, γ̄∗) can be minimized
by solving the equation

∂

∂γ̄
h(γ̄, γ̄∗)

∣∣∣∣
γ̄=γ̄(opt)

= 0 (19)

which leads to

γ̄(opt) =

∫

R

Ŝŝβ0+2ν̂
rr (f) Sβ0

xx

(
f − ν̂

ŝ

)
∗

df

·

[∫

R

∣∣∣∣S
β0
xx

(
f − ν̂

ŝ

)∣∣∣∣
2

df

]
−1

. (20)

Thus, according to (12) and (18), the estimate of the phase is ob-
tained as

ϕ̂ =
1

2
∠

[
γ̄(opt)

γ(opt)
e−j2π(α0−β0)d̂

]
. (21)

Finally, note that it can be straightforwardly verified that

g(γ, γ)∗|γ=γ(opt)+ǫ = g(γ, γ∗)|γ=γ(opt) + S|ǫ|2 (22)

where

S ,

∫

R

∣∣∣∣S
α0
xx∗

(
f − ν̂

ŝ

)∣∣∣∣
2

df . (23)

Thus,γ(opt) is a global minimum for (11) sinceS > 0. Analo-
gously,γ̄(opt) is a global minimum for (17).

4. SIMULATION RESULTS

Monte Carlo simulations have been carried out to corroborate the
effectiveness of the proposed estimators. In the experiments,x(t)
is a binary pulse-amplitude-modulated (PAM) signal with Nyquist-
shaped pulse with 0.85 excess bandwidth and bit periodTb = 9Ts,
Ts being the sampling period. The noisen(t) is a stationary circu-
lar white Gaussian noise and the signal-to-noise ratio in the band
(−1/2Ts, 1/2Ts) is 10 dB. The received-signal parameters are
s = 1.0013, ν = 0.00047/Ts, A = 1, ϕ = 0.78, andd = 2.7Ts.
The cycle frequency and conjugate cycle frequency ofx(t) are
α0 = β0 = 1/Tb [3]. The (conjugate) cyclic spectra are esti-
mated by the frequency-smoothed (conjugate) cyclic periodogram
[3] with a rectangular frequency-smoothing window with width
∆f = 0.027/Ts, on the basis of a number of bitsNb ranging
from 26 to 211. The performance of the algorithm is determined in
terms of the sample root mean-square error (rmse), evaluated over
400 runs, for time-scale factor, frequency shift, amplitude, delay,
and phase shift normalized to|s|, 1/Tb, A, Tb, and2π, respec-
tively (see Fig. 1). The results show that the proposed algorithm
largely outperforms the one that estimates the remaining param-
eters neglecting the time-scaling effect (i.e., that assumess = 1
in (1)). Moreover, for a sufficiently large data-record length, the
performance of the proposed estimator for amplitude, delay, and
phase is very close to that of the algorithm that assumes perfect
knowledge of frequency shift and time-scale factor.
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