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Channel Tracking and Signal Detection for MC-CDMA
in a Time-Varying Environment
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Abstract—In this paper, a joint channel estimation and multiuser de-
tection method is presented for uplink multicarrier code-division multiple
access systems in time-varying environments. Unlike the conventional
channel-tracking schemes, which generally need to insert pilot signals in
every orthogonal frequency-division multiplexing symbol, the proposed
approach requires only one pilot symbol at the beginning of each data
frame. Based on the fact that the channel coefficients of two successive
symbols are highly correlated, subsequent channel tracking and signal
detection are recursively carried out. A major feature of the proposed
approach is that it enables robust error propagation control and is capable
of effectively detecting and tracking abrupt channel changes. Simulation
examples demonstrate the robustness of the proposed algorithms.
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ticarrier code-division multiple access (MC-CDMA), time-varying channel
estimation.
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I. INTRODUCTION

Wireless channels are highly unpredictable and are subjected to
both frequency and time dispersions. In this paper, taking the multi-
carrier code-division multiple access (MC-CDMA) system [1] as the
underlying framework, which is a CDMA system with an orthogonal
frequency-division multiplexing (OFDM) overlay, we consider both
channel tracking and signal detection in a time-varying environment.

A widely used approach for time-varying channel tracking is to
insert pilot bits (also called “pilot carriers”) in each OFDM symbol
and then estimate the channel coefficients in the frequency domain
(e.g., [2] and [3]). In [4] and [5], based on the 2-D sampling theorem,
a 2-D pilot grid is designed to insert pilot bits in both frequency and
time dimensions. These pilot-aided schemes yield a good performance
in fast-fading scenarios, yet at the cost of spectral efficiency because
of the considerable amount of overhead bits.

To improve spectral efficiency, joint channel estimation and sig-
nal detection schemes have been proposed in the literature (e.g.,
[6]–[13]). The main idea is to use the estimated symbols as pseudopilot
signals for channel estimation. The subsequent signal detection is then
improved based on the refined channel estimates. Among the existing
approaches, joint channel/signal estimation based on the Kalman filter
has been prevalent [11]–[13]. As well known, the Kalman filter is the
optimal minimum variance estimator for the channels characterized
by the first-order autoregressive (AR) model [14], provided the AR
parameters are known to the receiver. In most of the existing works that
utilize the Kalman filter [11]–[13], [15]–[17], time-varying channels
are modeled as AR processes with known parameters, while estimation
of these parameters is largely overlooked. In such cases in which
the AR parameters are not available, adaptive receivers have been
developed by exploiting least mean square and/or recursive least
square algorithms [17]–[19].

In this paper, we propose a novel joint channel estimation and multi-
user detection scheme over fast-fading channels. Instead of assuming
a known AR model, we use the general Jakes’ model [20], making no
assumptions on the knowledge of the channel model parameters. The
proposed approach requires only one pilot symbol for initial channel
estimation. A coarse estimate of the subsequent symbol is obtained by
utilizing the channel state information (CSI) of the previous symbol
and then refined through an iterative process. The reliability of such a
scheme is based on the fact that, although the channel may vary fast
and become uncorrelated over some period, the channel coefficients
for two successive multicarrier (MC) symbols are highly correlated.

Under circumstances when the channel undergoes unpredictable
abrupt changes, joint channel estimation and signal detection schemes
are generally subjected to significant error propagation. The major
contribution of this paper is that, while achieving higher spectral
efficiency, the proposed approach is capable of detecting and tracking
abrupt channel changes and, thus, can ensure robust error propagation
control.

The rest of the paper is organized as follows. Section II describes
the system model. Section III introduces the proposed joint channel
estimation and signal detection algorithm. Section IV is focused on
error propagation control and abrupt channel tracking. Simulation
results are presented in Section V. We conclude in Section VI.

II. SYSTEM MODEL

A. Transmitter Structure

Consider an uplink MC-CDMA system withK users. The transmit-
ter structure of user k is illustrated in Fig. 1. The input binary stream is
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Fig. 1. Transmitter structure in an uplink MC-CDMA system.

first mapped to binary phase-shift keying (BPSK) or quaternary phase-
shift keying (QPSK) symbols and then grouped into J-symbol blocks.
The ith block for user k is denoted as dk,i. Each block of data is spread
into N = PJ chips using the user’s specific pseudorandom spreading
code {ck,i(n), n = 0, 1, . . . , N − 1}. Here, P is the spreading factor.

Before the spread signals are modulated on different OFDM subcar-
riers, a P × J block interleaver is employed to maximize the diversity
and, hence, reduce the risk that all these chips suffer severe fades at
the same time. At the receiver, a corresponding J × P deinterleaver is
employed to reshape the signals. Interleaving plays an important role
in improving the system performance, while for simplicity of notation,
they are omitted in the subsequent description. In the simulations,
however, their effects are taken into account.

The spread/interleaved signals that are modulated on OFDM sub-
carriers are stored in vector xk,i = [xk,i(0), . . . , xk,i(N − 1)]T . The
output of the inverse fast Fourier transform (IFFT) block is parallel-
to-serial converted and is appended with the cyclic prefix (CP) at
the beginning of the modulated symbol. To prevent the intersymbol
interference (ISI), the length of the CP is assumed to be equal to
the maximum channel order L. Following the notations in [21], the
extended OFDM symbol, which is referred to as an MC symbol, is
given by

sk,i = TcpFxk,i (1)

where Tcp = [IT
cp, I

T
N ]T , Icp represents the last L rows of an N ×N

identity matrix IN , and F is the N ×N IFFT matrix with elements
Fn,k = (1/

√
N) exp(j2πnk/N), n, k = 0, . . . , N − 1.

B. Channel Model

The baseband equivalent channel is generally characterized using
the following multipath time-varying response [22], [23]:

h(t, τ) =
∑

l

γl(t)δ (τ − τl(t)) (2)

where δ(·) denotes the Dirac delta function, and τl(t) and γl(t)
are the delay and the complex amplitude of the lth path at time
instant t, respectively. The channel’s frequency response with respect
to τ at time t is given by

H(t, f) =
∑

l

γl(t)e
−j2πfτl(t) (3)

where γl(t)s are usually considered to be wide-sense station-
ary (WSS) and independent for different paths. Hence, the time-
varying correlation function of H(t, f), which is defined as
RH(∆t,∆f ) = E[H(t+ ∆t, f + ∆f )H∗(t, f)], can be decom-
posed as the product of a time–domain correlation function Rt(∆t)
and a frequency–domain correlation function Rf (∆f ) [23], i.e.,

RH(∆t,∆f ) = Rt(∆t)Rf (∆f ). (4)

For an MC-CDMA system with symbol duration T and tone spacing
∆f , the correlation function for different MC symbols and different
tones can be written as

RH(iT, n∆f ) = Rt(iT )Rf (n∆f ). (5)

For Jakes’ model [20], the time correlation function is defined by
Rt(iT ) = J0(2πfdiT ), where J0(x) is the zeroth-order Bessel func-
tion of the first kind, and fd is the maximum Doppler shift caused by
frequency dispersion.

In practical systems, abrupt channel changes may occur due to
unpredictable changes in the transmission environment. These changes
can no longer be fully characterized using a WSS model. In this
paper, channels with or without abrupt changes are both considered. In
Section V-B, abrupt channels are modeled by imposing sudden random
changes to channels generated from Jakes’ model.

C. Received Signal

By sampling the received signal at t = mT/Ns (chip rate), where
Ns = N + L, we obtain

r(m) =

K∑
k=1

rk(m− ∆k) + w(m) (6)

where rk(m− ∆k) is the received signal for user k, which is the
convolution of the transmitted signals and the corresponding channel
coefficients, and w(m) is the additive white Gaussian noise (AWGN)
with zero mean and double-sided power spectral density of N0/2. ∆k

denotes the kth user’s propagation delay. As in [19], we consider a
quasi-synchronous system where ∆ks are uniformly distributed within
the period of the CP. Quasi-synchronization among the users can
be realized by providing each user with a geographic positioning
system–based receiver [24]. At this stage, for notation simplicity, we
assume that ∆ks are known at the receiver. However, performance
evaluation in the presence of timing errors will be presented in
Section V.

After the CP removal, the ith symbol input to the kth user’s fast
Fourier transform (FFT) demodulator, which is synchronized with user
k, is saved in vector zk,i = [r(iNs + L+ ∆k), . . . , r((i+ 1)Ns +
∆k − 1)]T . Separating the desired signal and the multiple-access
interference (MAI) components, zk,i can be expressed as

zk,i = z
(D)
k,i +

K∑
j=1, j �=k

z
(I)
j,i + wk,i, i = 0, 1, . . . (7)

where z
(D)
k,i = [rk(iNs + L), . . . , rk((i+ 1)Ns − 1)]T is the de-

sired signal for user k, z(I)
j,i = [rj(iNs + L+ ∆k − ∆j), . . . , rj((i+

1)Ns + ∆k − ∆j − 1)]T represents the interference from user j, and
wk,i is the AWGN noise. After the FFT demodulation, the kth user’s
signal can be written as

yk,i =F†zk,i

=Xk,iHk,i +

K∑
j=1, j �=k

Ij,i + vk,i (8)

where the superscript † denotes Hermitian transpose, Xk,i =
diag(xk,i) is the desired signal, vk,i = F†wk,i is the noise term,
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and Ij,i = F†z
(I)
j,i is the interference from user j. Hk,i =

[Hk,i(0), . . . ,Hk,i(N − 1)]T represents the frequency–domain chan-
nel coefficients of theN subcarriers. If the channel order is L, the cor-
responding time–domain coefficient hk,i = [hk,i(0), . . . , hk,i(L)]T

is related to Hk,i by

hk,i = [F]L+1Hk,i (9)

where [F]L+1 means that only the first L+ 1 rows of the matrix F are
retained.

III. JOINT CHANNEL ESTIMATION AND SIGNAL DETECTION

In this section, the proposed approach for joint channel estimation
and multiuser detection is presented. The algorithm is outlined as
follows.

1) At the beginning of each data frame of user k (k = 1, . . . ,K),
one pilot symbol xk,0 is transmitted to obtain an initial channel
estimate ĥk,0.

2) For the ith (i > 0) symbol, based on the channel information
estimated from the previous symbol, i.e., ĥk,i−1, a rough co-
herent detection is performed to obtain a tentative symbol esti-
mate x̃k,i.

3) With the tentative signal x̃k,i and the channel information
ĥk,i−1, k = 1, . . . ,K, the MAI is reconstructed and canceled
out from the composite signal; a more accurate channel estimate
for the ith symbol, i.e., ĥk,i, is obtained and then utilized to get
a more accurate estimate of the ith symbol, which is denoted
as x̂k,i.

4) Step 3 can be iteratively performed to achieve a better per-
formance by feeding x̂k,i back to further refine the channel
estimation and signal detection.

5) ĥk,i is used as the channel information for the next symbol,
and steps 2–4 are repeated to recursively process the rest of the
symbols in the data frame.

Details of the algorithm are presented in the following sections.

A. Initial Channel Estimation

Suppose the maximum channel order is L, then M (L < M < N)
subcarriers are chosen to transmit pilot bits for each user. For
simplicity, assume N/M = Q is an integer. The pilot bit on the nth
subcarrier for user k is then given by

xk,0(n) =
{±1, n ∈ Θk

0, elsewhere
(10)

where ±1 means that the pilot bit is randomly chosen from {+1,−1},
and Θk defines a set of uniformly Q-spaced subcarriers for user k
(1 ≤ k ≤ K), which is given by Θk = {0 ≤ n ≤ N − 1|n = (k −
�k − 1/QQ− 1) +m ·Q, m = 0, . . . ,M − 1}, where �x is the
maximum integer less than or equal to x. If the number of total active
users K is not greater than Q, then Θk ∩ Θl = ∅ ∀1 ≤ k, l ≤ K,
k �= l, i.e., the users transmit their pilot bits in nonoverlapping
subcarrier groups.

Remark 1: Note that increasing M improves the performance of
channel estimation in the single-user case. However, it reduces the
value of Q at the same time. In the case when K > Q, more than
one user need to transmit pilots on the same subcarriers. The result-
ing MAI degrades the channel estimation quality. To accommodate
more users and perform MAI-free initial channel estimation, one can
increase the value ofN ; yet, it requires extra bandwidth. An alternative
solution is to allocate more MC symbols for initial channel estimation

and distribute users’ pilots in a time–frequency grid, which mimics
a time-division multiple access–frequency-division multiple access
(TDMA–FDMA) scheme. �

Remark 2: It should be pointed out that although the proposed
channel estimation algorithm has been derived under the assumption
that all the users are quasi-synchronous, with their initial delays being
uniformly distributed within the length of the CP, the algorithm can
be generalized to the case where the users have much larger relative
delays. The cost, then, will be that we would need multiple MC
symbols for initial channel estimation instead of just one, as in the
quasi-synchronous case. �

Denoting yk,0(n) as the received signal on subcarrier n for
user k, the least squares estimate of the channel frequency response
on subcarrier n is given by

H̃k,0(n) = yk,0(n)/xk,0(n), n ∈ Θk. (11)

Stack the M elements H̃k,0(n), n ∈ Θk, into one vector H̃Θk
=

[H̃k,0(n1), . . . , H̃k,0(nM )]T , where ni ∈ Θk for i = 1, . . . ,M . The
channel estimate in the time domain ĥk,0 = [ĥk,0(0), . . . , ĥk,0(L)]T

can be obtained by

ĥk,0 = [F]L+1,Θk
H̃Θk

(12)

where [F]L+1,Θk
is part of the IFFT matrix with the first L+ 1 rows

and the columns with indices belonging to set Θk retained.
Augmenting the channel coefficients hk,0 to be hA

k,0 =

[hT
k,0,0

T
N−L−1]

T , where 0N−L−1 is an all-zero vector of dimension
(N − L− 1) × 1, the channel response of user k in the frequency
domain, Ĥk,0 = [Ĥk,0(0), . . . , Ĥk,0(N − 1)]T , is then given by

Ĥk,0 = F†hA
k,0. (13)

B. Joint Channel Estimation and Signal Detection

Relying on the high correlation between the channel coefficients of
two successive symbols, we use ĥk,i−1 as the coarse CSI for detection
of the ith symbol. When the tentative decision d̃k,i is obtained based
on ĥk,i−1, the MAI is reconstructed and parallel interference cancela-
tion (PIC) is performed to cancel the interference. The “cleaner” signal
for user k is then given by

z̃k,i(n) = r(iNs + ∆k + n) −
K∑

j=1,j �=k

r̂j(n+ ∆k − ∆j),

0 ≤ n ≤ Ns − 1 (14)

where the reconstructed signal for user j, which is represented by
r̂j(n+ ∆k − ∆j), is a function of d̃j,i and ĥj,i−1. It involves a
convolution operation that requires (L+ 1) complex multiplications
and L complex additions. Hence, the computational complexity of the
MAI cancelation in (14) is O[KNs(L+ 1)], which is slightly larger
than that of the matched filter (MF) bank O[2KN ].

After the FFT demodulation, the output is given by

ỹk,i = Xk,iHk,i +

K∑
j=1, j �=k

Ĩj,i + vk,i. (15)

The major difference between (8) and (15) is that the MAI has now
been reduced to the residual interference, and hence, more accurate
channel estimation can be achieved.
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Estimate of Hk,i is then given by

Ĥk,i = X̃−1ỹk,i (16)

where X̃ = diag(x̃k,i), with x̃k,i originating from the tentative deci-
sion d̃k,i. Because of the diagonal matrix of X̃, the channel estimation
procedure only requires N complex divisions.

With the updated channel coefficients, a more accurate MAI can
be reconstructed and canceled out. An even “cleaner” signal can be
obtained, and only single-user detection is required to obtain the final
estimate d̂k,i of the original data dk,i. Following the discussions
above, this PIC refinement procedure takes roughly twice as many
arithmetic operations as that of the MF bank.

IV. DETECTION AND TRACKING OF ABRUPT

CHANNEL CHANGES

When channels experience unpredictable abrupt changes, severe
error propagation could occur, resulting in significant performance
degradation. To achieve tight error propagation control in this section,
simple but robust algorithms are proposed for effective detection and
tracking of abrupt channel changes.

A. Detection of Abrupt Channel Changes

We assume that channels are uncorrelated and that no channel suf-
fers abrupt changes simultaneously with any other channels. Without
loss of generality, the time–domain channel coefficients for user l at
time i, hl,i = [hl,i(0), . . . , hl,i(L)]T , can be expressed as

hl,i = hl,i−1 + ∆hl,i (17)

where ∆hl,i is the deviation from the channel coefficient hl,i−1. If we
assume that user v is the one whose channel undergoes abrupt changes
at time i, then

‖∆hv,i‖ � ‖∆hl,i‖, for l �= v (18)

where ‖∆hl,i‖ =

√∑L

k=0
|∆hl,i(k)|2. In extreme cases when chan-

nels are invariant, ‖∆hl,i‖ = 0.
The channel response of user l in the frequency domain is then

given by

Hl,i = F†hA
l,i = Hl,i−1 + ∆Hl,i, 1 ≤ l ≤ K (19)

where ∆Hl,i is the frequency response of ∆hA
l,i = [∆hT

l,i,

0T
N−L−1]

T . According to Parseval’s Theorem, it is also true that
‖∆Hv,i‖ � ‖∆Hl,i‖, for l �= v.

At the receiver end, if it is noiseless after passing the FFT demodu-
lator, the overall signal at subcarrier n is given by

ri(n) =

K∑
l=1

Hl,i(n)xl,i(n) (20)

where Hl,i(n) and xl,i(n) denote the channel coefficient and the
transmitted signal on subcarrier n, respectively.

Following the PIC procedure after the cancelation of the recon-
structed MAI, the “cleaner” signal for user l is given by

yl,i(n) = ri(n) −
∑
j �=l

Ĥj,i−1(n)x̂j,i(n) (21)

where Ĥj,i−1(n) and x̂j,i(n) are the estimates of Hj,i−1(n) and
xj,i(n), respectively. If the estimates are error free, i.e., x̂j,i(n) =

xj,i(n) and Ĥj,i−1(n) = Hj,i−1(n), then

yl,i(n) = Hl,i(n)xl,i(n) +
∑
j �=l

∆Hj,i(n)xj,i(n). (22)

The estimate of the channel coefficient at time i is then given by

Ĥl,i(n) =
yl,i(n)

xl,i(n)

=Hl,i(n) +
∑
j �=l

∆Hj,i(n)
xj,i(n)

xl,i(n)
. (23)

If l = v, then ∆Hj,i(n) ≈ 0 for any j �= l because there are no abrupt
changes in these channels by assumption. As a result, the second term
on the right-hand side of (23) is approximately 0, and we obtain

Ĥv,i(n) ≈Hv,i(n)

=Hv,i−1(n) + ∆Hv,i(n). (24)

If l �= v, then

Ĥl,i(n)=Hl,i(n)+∆Hv,i(n)
xv,i(n)

xl,i(n)
+

∑
j �=l,v

∆Hj,i(n)
xj,i(n)

xl,i(n)

≈Hl,i(n)+∆Hv,i(n)
xv,i(n)

xl,i(n)
. (25)

Because we utilize constant envelope modulation such as BPSK or
QPSK, (25) can be rewritten as

Ĥl,i(n) ≈Hl,i(n) + ejθlv(n)∆Hv,i(n)

≈Hl,i−1(n) + ejθlv(n)∆Hv,i(n), l �= v (26)

where θlv(n) is the phase difference between xl,i(n) and xv,i(n).
From (24) and (26), it is clear that for any l (1 ≤ l ≤ K)

∣∣Ĥl,i(n) −Hl,i−1(n)
∣∣ ≈ |∆Hv,i(n)| . (27)

That is, when one user’s channel is subjected to a sudden change, the
channel estimates of all other users present a similar abrupt deviation.
This finding leads to the following proposition.

Proposition: An abrupt channel change is considered to have oc-
curred at time instant i if any one of the followingK inequalities holds:

1

N

N−1∑
n=0

∣∣Ĥl,i(n) − Ĥl,i−1(n)
∣∣2 > λ, 1 ≤ l ≤ K (28)

where λ is a “toleration threshold,” which satisfies

max
l �=v

{
1

N

N−1∑
n=0

|∆Hl,i(n)|2
}
< λ <

1

N

N−1∑
n=0

|∆Hv,i(n)|2 . (29)

Justified by Parseval’s Theorem, in practice, the algorithm can be
carried out in the time domain. The “toleration threshold” λ is obtained



IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. 56, NO. 6, NOVEMBER 2007 3617

through a recursive process. Assuming that the abrupt change occurs at
time i, it can be detected if any one of the following inequalities holds:

1

L+ 1

L∑
j=0

∣∣ĥl,i(j) − ĥl,i−1(j)
∣∣2 > λ(i), 1 ≤ l ≤ K (30)

where λ(i) is recursively obtained by

λ(i) = max
l

{
1

L+ 1

L∑
j=0

∣∣ĥl,i−1(j) − ĥl,i−2(j)
∣∣2} + ε. (31)

When the channels are “smooth,” |ĥl,i−1(j) − ĥl,i−2(j)|2 does not
deviate very much for different i’s. ε is a small empirical value that is
larger than such deviations.

B. Extraction and Tracking of the Abrupt Channel

When the receiver detects the abrupt change at time i, it should
identify which user’s channel is subjected to the change. From
(9) and (24), the channel estimate for user v at time i, ĥv,i =

[ĥv,i(0), . . . ĥv,i(L)]T , is given by

ĥv,i = [F]L+1Ĥv,i

≈hv,i

=hv,i−1 + ∆hv,i. (32)

Similarly, from (9) and (26), the channel estimate for user l(�= v) is
given by

ĥl,i = [F]L+1Ĥl,i

=hl,i−1 + ∆h̃l,i (33)

where ∆h̃l,i greatly deviates from ∆hl,i because of the phase term
ejθlv(n) in (26).

In (32), ĥv,i approximates hv,i because the reconstructed signals
of other users are well approximated. Whereas in (33), {ĥl,i, l �= v}
deviate from hl,i because they are corrupted by the strong interference
from user v. It is then natural that we use ĥv,i to reconstruct user v’s
signal and resort to {ĥl,i−1, l �= v} to reconstruct other users’ signals.

If user v has been correctly identified, the “cleaner” signal for
user l(l �= v) is then given by

z̃v
l,i(n)=r(iNs+∆l+n)− r̃v(n+∆l−∆v)−

∑
j �=l,v

r̂j(n+∆l−∆j)

(34)

where r̃v(n+ ∆l − ∆v) is the reconstructed signal for user v, be-
ing a function of ĥv,i instead of ĥv,i−1. Following the analysis in
Section IV-A, it can be seen that after extracting the reconstructed
signal of user v, the channel estimate of user l (l �= v) is given by

h̃v
l,i ≈ hl,i−1 + ∆hl,i. (35)

Hence, if user v has been correctly identified and its reconstructed
signal using ĥv,i has been extracted, then ‖h̃v

l,i − ĥl,i−1‖ ≈ ‖∆hl,i‖
is a small value. However, if the abrupt channel is incorrectly identified
to be user k(�= v), the channel estimate of user l (l �= v, k), i.e.,
h̃k

l,i, significantly deviates from hl,i−1 because, as shown in (33),

significant interference is introduced when ĥk,i is used to reconstruct
the signal of user k.

Therefore, the value of ‖h̃k
l,i − ĥl,i−1‖(l �= k) is only minimized

when the user who experienced abrupt channel changes is correctly

Fig. 2. BER performance under Jakes’ model with no abrupt changes: K = 8
and P = 16.

identified, i.e., when k = v. The algorithm is analytically presented
using the following proposition.

Proposition 2: If the abrupt channel change at time instant i has
been detected, user v, whose channel undergoes the abrupt change,
can be identified through

v = arg min
Ωk

{∑
l �=k

∥∥h̃k
l,i − ĥl,i−1

∥∥}
(36)

where Ωk = {k : 1 ≤ k ≤ K}.

V. SIMULATION RESULTS

In this section, the performance of the proposed algorithm is il-
lustrated through simulation examples. In the simulations, QPSK is
adopted as the modulation scheme. The entire channel bandwidth
is 8 MHz and is divided into N = 128 subchannels, which im-
plies that the informative part of an MC symbol has a duration of
16 µs. All channels are fast-fading channels and are characterized
using an eight-ray multipath model with exponential power delay
profiles. The MC symbol has a CP length of 1 µs to eliminate the ISI.
The system is quasi-synchronous, with the initial transmission delays
being uniformly distributed within [0, 1] µs. We assume that the carrier
frequency is 2 GHz, and the maximum Doppler shift is 200 Hz, which
corresponds to a vehicle speed of 110 km/h. For diversity, two receive
antennas are employed at the base station. They are assumed to be far
apart enough such that the channels are uncorrelated with each other.
The spreading factor is P = 16, and the system is half-loaded with
K = 8 active users.

A. Performance Under the Jakes’ Model With No Abrupt Changes

The bit error rate (BER) performance of the system under Jakes’
model is illustrated in Fig. 2, where no abrupt change is introduced.
In this example, every one user occupiesM = P = 16 subcarriers for
pilot transmission. K = 8 users transmit their pilot bits on different
subcarriers following the pattern described in Section III-A. Only one
iteration is performed for channel update because simulation results
show that one iteration is good enough to provide a near-optimum
channel update. In Fig. 2, the circled line corresponds to the method
using PIC with perfect CSI knowledge, which serves as the benchmark
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Fig. 3. MSE performances of the proposed channel estimation at different
SNR levels.

Fig. 4. Impact of timing errors on the BER performance, SNR = 25 dB:
independent offsets means that users have independent timing errors that are
uniformly distributed within interval [0, 0.25] µs; common offsets means that
all users experience the same timing shift.

for BER comparison. The performance of the pilot-aided scheme is
illustrated in Fig. 2 as well. In the fast-fading environment, the pilot-
aided schemes require that the pilots be frequently inserted to guaran-
tee a good performance. In this comparison, the training signals occupy
33% of the total data length, and the linear interpolation technique [25]
is exploited for channel interpolation. It is shown that the proposed
scheme delivers a significantly better performance than the pilot-aided
schemes when the SNR is larger than 12 dB. The underlying reason
is that the proposed channel update for high SNRs becomes more
accurate and, thus, improves the overall system performance. This
argument is further justified by the results shown in Fig. 3, where the
mean square error performances of the proposed channel estimation at
different SNR levels are plotted.

Fig. 4 shows the BER performances of the proposed scheme for
systems with imperfect time synchronization. Two scenarios are con-
sidered: 1) all users have the same timing shift, which is referred to as
“common offset,” and 2) the users have independent timing errors that
are uniformly distributed within a certain interval, which is referred
to as “independent offsets.” It is observed that the more active users

Fig. 5. Accumulated channel deviation φk when user k(k = 1, 2, 3, and 4)
is identified to be subjected to abrupt channel changes, while user 1 is the
true user whose channel undergoes abrupt changes; other users’ channels are
“smooth.” K = 8 and P = 16.

there are in the system, the more sensitive the system becomes to
timing errors. As can be seen in Fig. 4, the half-loaded system works
well when the timing error is insignificant. However, as expected,
when timing jitters get worse, performance degradation is no longer
negligible.

B. Performance Under the Jakes’ Model With Abrupt Changes

In the case when abrupt changes occur, significant performance
degradation could happen due to error propagation. Therefore, special
efforts need to be taken to track these unpredictable changes. In the
simulation example, we introduce the abrupt change based on the
following model:

gv,i = α̃hv,i + wv,i (37)

where hv,i is user v’s channel response at time instant i. It is generated
from Jakes’ model and is normalized with E[‖hv,i‖2] = 1. gv,i is the
new channel response with the abrupt change introduced by α̃ and
wv,i, where α̃ = diag(α). α and wv,i are two (L+ 1) × 1 complex
Gaussian vectors with zero mean and covariance matrices of σ2

αIL+1

and σ2
wIL+1, respectively.

In the simulations, we assume that the channels are uncorrelated.
The channel of user 1 at the first receiver antenna undergoes abrupt
changes, whereas the channel at the second antenna is “smooth.”
The parameters for the abrupt channel model introduced above are
σ2

α = 0.06 and σ2
w = 0.5. The channels of the other users are assumed

to be “smooth.” Under the above settings, the abrupt channel can be
successfully detected with the value of ε in (31) empirically set to 0.2.

Suppose the system is half-loaded with K = 8. By varying k
from 1 to K in (36), we have different evaluations of the term
φk =

∑
l �=k

‖h̃k
l,i − ĥl,i−1‖, which corresponds to the accumulated

channel deviation when user k is identified to be subjected to abrupt
channel changes. It is shown in Fig. 5 that φk is minimized when
k = v = 1, i.e., when the right user has been identified. Only the
results of the four users are presented. The rest of the “smooth” users
are omitted for clearer illustration.

In the simulation example, it has been assumed that a burst of abrupt
changes appear in user 1’s channel. As can be seen in Fig. 6, the
accuracy of channel estimation is greatly improved after the abrupt
channel is correctly identified. Fig. 7 shows that disastrous error
propagation is prevented with the effective abrupt-channel-tracking
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Fig. 6. Channel estimates (only the real part of the channel is shown) with the proposed error propagation control: SNR = 20 dB, K = 8, P = 16, and user 1
undergoes abrupt channel changes. Only results of four out of eight users are presented.

Fig. 7. BER performances of the system over channels with and without
abrupt changes. Here, “perfect CSI” means that the CSI is perfectly known
at the receiver, including information on abrupt changes.

technique, where the BER performance of the proposed scheme in the
presence of abrupt channel changes is shown to be comparable with
the performance in the case of no such changes.

VI. CONCLUSION

In this paper, taking quasi-synchronous MC-CDMA systems as the
framework, a spectrally efficient scheme has been proposed for joint

channel estimation and signal detection over time-varying channels. A
major feature of the proposed approach is that it can detect and track
abrupt changes in hostile environments and, hence, can ensure tight
error propagation control.
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