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ABSTRACT

In this paper, a channel estimation and multiuser detection method
is presented for uplink MC-CDMA systems in time-varying envi-
ronment. Based on the fact that the channel coefficients of two
successive symbols are highly correlated, joint channel tracking
and signal detection are carried out iteratively. A major contribu-
tion of the proposed approach is that it enables robust error prop-
agation control, and is capable of detecting and tracking abrupt
channel changes effectively. Simulation examples demonstrate the
robustness of the proposed algorithms.

1. INTRODUCTION

Multicarrier code division multiple access (MC-CDMA) [1] has
been identified as a major technique for high speed wireless com-
munications. However, good performance for MC-CDMA is only
guaranteed with accurate channel state information (CSI) and ef-
fective demodulation. As wireless communication at higher fre-
quency bands is becoming possible, relative motion between the
mobile, the base station and the surrounding objects introduces
significant frequency dispersions. Traditional channel estimation
techniques for time-invariant models are no longer applicable.

To track the time-varying channels, a widely used approach
is to insert pilot bits in each OFDM symbol, and to estimate the
channel coefficients utilizing filtering techniques, see [2,3] for ex-
ample. These pilot-aided techniques yield good performance in
fast fading scenarios but result in a considerable amount of over-
head bits.

To improve spectral efficiency, joint channel estimation and
signal detection approaches have been proposed to reduce the over-
head bits [4, 5]. The main idea is to use the estimated symbols
as pseudo-pilot signals for channel estimation, and then improve
the subsequent signal detection based on the refined channel esti-
mates. For time-varying channels, joint channel/signal estimation
based on Kalman filtering has been representative [6]. Kalman fil-
tering results in the optimal minimum variance estimator for chan-
nels characterized by the first-order autoregressive (AR) model,
provided that the model parameters are known to the receiver. In
most of the existing works utilizing Kalman filtering, time-varying
channels are modeled as AR processes with known parameters,
and no efforts are taken to estimate them.

In this paper, we propose an alternative joint channel estima-
tion and multiuser detection scheme. Instead of assuming a known
AR channel model, we use the general Jakes’ model [7], making
no assumptions on the knowledge of the channel model parame-
ters. Furthermore, we investigate the more realistic circumstances
when some unpredictable abrupt changes are imposed on the chan-
nels. Such changes disrupt the channel correlation and cause the
error propagation problem. In this paper, effective algorithms are
proposed to detect and track the abrupt changes and suppress the
error propagation.

2. SYSTEM MODEL

Consider an uplink MC-CDMA system with K users. The trans-
mitter structure of user k is illustrated in Fig. 1. The input bi-
nary stream is first mapped to BPSK or 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 pseudo-random spreading codes {ck,i(n), n =
0, 1, ... N − 1}. Here, P is the spreading factor.
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Fig. 1. Transmitter structure in an uplink MC-CDMA system.

The spread signals are interleaved and then modulated on OFDM
subcarriers. These signals are saved in a vector xk,i = [xk,i(0), · · · ,
xk,i(N − 1)]T . The output of the IFFT block is parallel-to-serial
converted, and then appended with cyclic prefix (CP) at the be-
ginning of the modulated symbol. To prevent intersymbol inter-
ference (ISI), the length of the CP is assumed to be equal to the
maximum channel order L.

The transmitted signal passes through the time-varying chan-
nel which is modeled as

h(t, τ) =

LX
l=0

γl(t)δ(τ − τl), (1)

where L + 1 is the total number of the multipaths from discrete
scatterers; τl is the delay of the (l+1)th path; γl(t) is the complex
amplitude of the (l + 1)th path at time instant t, which is assumed
to be constant during the transmission of one OFDM symbol and
variable on a symbol-by-symbol basis.

The signal at the receiver is sampled at the chip rate and syn-
chronized with the desired user k. After the CP removal and the
FFT demodulation, the ith symbol of user k can be written as

yk,i = Xk,iHk,i +

KX
j=1,j �=k

Ij,i + vk,i, (2)

where Xk,i = diag(xk,i) is the desired signal, vk,i is the noise
term, Ij,i is the interference from user j. Hk,i = [Hk,i(0), · · · ,
Hk,i(N − 1)]T represents the frequency domain channel coeffi-
cients of the N subcarriers. If the channel order is L, the corre-
sponding time domain coefficient hk,i = [hk,i(0), · · · , hk,i(L)]T
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is related to Hk,i by

hk,i = [F]L+1Hk,i, (3)

where F is the N×N IFFT matrix defined as Fnk = 1√
N

ej2πnk/N .

[F]L+1 means that only the first L + 1 rows of the matrix F is re-
tained.

3. JOINT CHANNEL ESTIMATION AND SIGNAL
DETECTION

In this section, the proposed approach for joint channel estimation
and multiuser detection is presented. Instead of setting aside pilot
carriers in each MC symbol, only one pilot symbol is needed at
the beginning of each data frame. For each symbol, parallel in-
terference cancelation (PIC) [8] is exploited to suppress MAI and
improve system performance. The proposed algorithm is outlined
below:

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 infor-

mation estimated from the previous symbol, i.e., ĥk,i−1, a
rough coherent detection is performed to obtain a tentative
symbol estimate x̃k,i;

3. With the tentative signal x̃k,i and the channel information

ĥk,i−1, (k = 1, · · · , K), MAI is reconstructed and can-
celed out from the composite signal; a more accurate chan-

nel estimate for the ith symbol, ĥk,i, is obtained and then
utilized in turn to get more accurate detection of the ith
symbol, denoted as x̂k,i;

4. ĥk,i is used as the channel information for the next symbol
and Step 2 to Step 3 are repeated to process each symbol
recursively in the rest of the data frame.

4. DETECTION AND TRACKING OF ABRUPT
CHANNEL CHANGES

The proposed scheme works well for “smooth” channels where
no abrupt changes occur to the channel coefficients. However, in
practice, the time-varying environment is not as idealistic. Chan-
nels may suffer from abrupt changes, which causes severe error
propagation and results in unreliable signal detection. For tight er-
ror propagation control, we propose effective algorithms to detect
and track the changes.

4.1. Detection of Abrupt Channel Changes

We assume channels are uncorrelated and no channel suffers abrupt
changes simultaneously with any other channels. For analysis con-
venience, we introduce the algorithm in a noiseless system with K
quasi-synchronous users.

Without loss of generality, the time domain channel coeffi-
cient 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, (4)

where ∆hl,i is the deviation from the channel coefficient hl,i−1.
The corresponding frequency response is given by

Hl,i = Hl,i−1 + ∆Hl,i. (5)

If we assume user v is the user whose channel undergoes abrupt
changes at time i, then

‖∆Hv,i‖ � ‖∆Hl,i‖, for l �= v. (6)

where ‖∆Hl,i‖ =
qPN−1

n=0 |∆Hl,i(n)|2. In the extreme case

when the channels are invariant, ‖∆Hl,i‖ = 0.
At the receiver end, if it is noiseless, after passing the FFT

demodulator, the overall signal at subcarrier n is given by

ri(n) =

KX
l=1

Hl,i(n)xl,i(n), (7)

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 re-
constructed MAI, the “cleaner” signal for user l, yl,i(n), is given
by

yl,i(n) = ri(n) −
X
j �=l

Ĥj,i−1(n)x̂j,i(n), (8)

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 accurate, 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) +
X
j �=l

∆Hj,i(n)xj,i(n). (9)

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

Ĥl,i(n) =
yl,i(n)

xl,i(n)
= Hl,i(n) +

X
j �=l

∆Hj,i(n)
xj,i(n)

xl,i(n)
. (10)

If l = v, the second term on the right-hand side of (10) is approx-
imately 0 when channels undergo slow fading, as ∆Hj,i(n) ≈ 0.
Then

Ĥv,i(n) ≈ Hv,i(n) = Hv,i−1(n) + ∆Hv,i(n). (11)

If l �= v,

Ĥl,i(n) ≈ Hl,i(n) + ∆Hv,i(n)
xv,i(n)

xl,i(n)
. (12)

Since we exploit constant envelope modulation such as BPSK or
QPSK, (12) can be written as

Ĥl,i(n) ≈ Hl,i(n) + ejθlv(n)∆Hv,i(n)

≈ Hl,i−1(n) + ejθlv(n)∆Hv,i(n), l �= v, (13)

where θlv(n) is the phase difference between xl,i(n) and xv,i(n).
From (11) and (13), it is clear that for any l (1 ≤ l ≤ K),

|Ĥl,i(n) − Hl,i−1(n)| ≈ |∆Hv,i(n)|. (14)

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 algorithm.

Proposition 1 An abrupt channel change is considered to have
occurred at time instant i, if any one of the following K inequali-
ties holds:

1

N

N−1X
n=0

|Ĥl,i(n) − Ĥl,i−1(n)| > λ, 1 ≤ l ≤ K, (15)
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where λ is a “toleration threshold” which satisfies

max
l�=v

{ 1

N

N−1X
n=0

|∆Hl,i(n)|} < λ <
1

N

N−1X
n=0

|∆Hv,i(n)|. (16)

In practice, the algorithm is carried out in the time domain
and the “toleration threshold” λ is obtained through a recursive
process. Assuming the abrupt change occurs at time i, it can be
detected if any one of the following inequalities holds:

1

L + 1

LX
j=0

|ĥl,i(j) − ĥl,i−1(j)| > λ(i), 1 ≤ l ≤ K, (17)

where λ(i) is recursively obtained by

λ(i) = max
l

{ 1

L + 1

LX
j=0

|ĥl,i−1(j) − ĥl,i−2(j)|} + ε. (18)

When the channels are “smooth”, |ĥl,i−1(j)− ĥl,i−2(j)| does not
deviate very much for different i’s. ε is a small number larger than
such deviation. In the simulations, the empirical value of ε = 0.5
works well for a large range of Doppler shift when the signal to
noise ratio (SNR) is larger than 5dB.

4.2. 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

(3) and (11), 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. (19)

Here ĥv,i approximates hv,i due to the reason that the recon-
structed signals of other users are well approximated. While from

(13), it is easy to see that for user l ( �= v), ĥl,i deviates from hl,i

significantly since it is corrupted by the strong interference from

user v. Hence it is very natural now that we use ĥv,i to reconstruct

user v’s signal and resort to {ĥl,i−1, l �= v} to reconstruct other
users’ signals. Following the analysis in Section 4.1, it can be seen
that after extracting the reconstructed signal of user v, the channel

estimate of user l (l �= v), h̃v
l,i, is given by

h̃v
l,i ≈ hl,i−1 + ∆hl,i. (20)

Therefore, if user v has been identified and its reconstructed signal

using ĥv,i has been extracted, ‖h̃v
l,i − ĥl,i−1‖ ≈ ‖∆hl,i‖ is a

small value. However, if the abrupt channel is incorrectly iden-
tified to be user k (�= v), the channel estimate of user l (l �=
v, k), h̃k

l,i, deviates from ĥl,i−1 significantly. Hence, the value of

‖h̃k
l,i − ĥl,i−1‖ (l �= k) is only minimized when the user who ex-

perienced abrupt channel changes is correctly identified, i.e., when
k = v. The algorithm is analytically presented below.

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

{
X
l�=k

‖h̃k
l,i − ĥl,i−1‖}, (21)

where Ωk = {k : 1 ≤ k ≤ K}.

4.3. Discussions

Up till now, for channel estimation at time i, we have assumed

that {d̃m,i, 1 ≤ m ≤ K} is obtained accurately. Although the
assumption is reasonable for “smooth” channels, it cannot be guar-
anteed when abrupt changes occur. An optimal solution to perform
joint abrupt channel identification and signal detection is given by

(v, {d̃m,i}) = arg min
(Ωk,Ωd)

{
X
l�=k

‖h̃k
l,i − ĥl,i−1‖}, (22)

where Ωd = {dm,i : dm,i = {−1, 1}J for BPSK; dm,i =
{±1 ± j}J for QPSK; 1 ≤ m ≤ K}. The complexity grows
exponentially with the number JK, making it only applicable to
some small systems. Suboptimal solutions could be found when
antenna arrays are employed at the base station. When the anten-
nas are employed to minimize the correlation between each other,

it is then possible to obtain reliable {d̃m,i, 1 ≤ m ≤ K} through
the channels over which no abrupt changes occur.

5. SIMULATION RESULTS

A total of K = 4 asynchronous users are assumed in the simu-
lations. The channel is an 8-ray multipath model with exponen-
tial power delay profile and a normalized Doppler frequency of
fdT = 0.035 represents the time varying environment. The block
size of the original input binary data is J = 8 and the spreading
factor is P = 16. BPSK is used and the entire channel bandwidth
is divided into N = 128 subchannels.
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Fig. 2. BER comparison between various schemes, assuming 4
asynchronous users.

Performances of various systems are illustrated in Fig. 2. The
dashed line corresponds to the method using PIC with perfect CSI
knowledge, which serves as the benchmark for BER comparison.
Performances of the matched filter (MF) with perfect CSI and
the pilot-aided scheme are illustrated as well. For the pilot-aided
scheme, the training pilots occupy 33% of the payload data and
the linear interpolation technique is exploited for channel interpo-
lation. It is shown that the proposed scheme delivers a significantly
better performance than the MF and the pilot-aided schemes when
the SNR is larger than 8.5 dB.

In the case when abrupt changes occur, the proposed detector
suffers performance degradation if no error propagation control is
applied. In the simulation, two receive antennas are employed at
the base station. At the first antenna, user 1’s channel is assumed
to undergo an abrupt change at time i = 20. The channels of
the other three users are “smooth”. In Fig. 3, the real parts of the
true channel coefficients and their estimates for user 1 and user 2
are plotted, as illustrated in Fig. 3(a) and Fig. 3(b), respectively.
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(a) Channel estimate of user 1 (abrupt channel).
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(b) Channel estimate of user 2 (smooth channel).

Fig. 3. Estimates (real part) of user 1 and user 2’s channels without
error propagation control: SNR=20dB, K=4, a downward “spike”
occurs in user 1’s channel at i = 20.
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Fig. 4. Accumulated channel deviation φk when user k (k=1,2,3,4)
is identified to be subjected to abrupt channel changes, while user
1’s channel undergoes the abrupt changes and other users’ chan-
nels are “smooth”.

It shows that both users’ channel estimates deviate after abrupt
channel changes occur.

With the proposed error control algorithm, the abrupt chan-
nel can be successfully detected and identified. In (21), varying
k from 1 to K, we have different evaluation of the term φk =P

l�=k ‖h̃k
l,i−ĥl,i−1‖, which corresponds to the accumulated chan-

nel deviation when user k is identified to be subjected to abrupt
channel changes. It is shown in Fig. 4 that φk is minimized when
k = v = 1, i.e., when the right user has been identified.

The performance of channel estimation is improved greatly
after the abrupt channel is correctly identified. Fig. 5 and Fig. 6
illustrate the channel tracking in two scenarios. In Fig. 5, a sudden
“jump” appears in user 1’s channel at i = 20, while in Fig. 6,
there is a downward “spike” in user 1’s channel. In both cases, the
channels of other users are “smooth”. As shown in Fig. 5(b) and
Fig. 6(b), no large deviations occur in the estimate of the “smooth”
channel of user 2. Compared to the result in Fig. 3, the robustness
of the proposed scheme is demonstrated.
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(a) Channel estimate of user 1 (abrupt channel).
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Fig. 5. Estimates (real part) of user 1 and user 2’s channels with the
proposed error propagation control: SNR=20dB, K=4, a sudden
“jump” occurs in user 1’s channel at i = 20.
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(a) Channel estimate of user 1 (abrupt channel).
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Fig. 6. Estimates (real part) of user 1 and user 2’s channels with
the proposed error propagation control: SNR=20dB, K=4, a down-
ward “spike” occurs in user 1’s channel at i = 20.
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