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Adaptive Decision Feedback Channel Estimation with Periodic
Phase Correction for Frequency-Domain Equalization in
DS-CDMA Mobile Radios

Le LIU†a), Student Member and Fumiyuki ADACHI†, Member

SUMMARY Recently, the decision feedback channel estimation based
on the minimum mean square error criterion (DF-MMSE-CE) using a fixed
DF filter coefficient has been proposed to improve the channel estimation
accuracy for DS-CDMA with frequency-domain equalization (FDE). In
this paper, we propose adaptive DF (ADF)-MMSE-CE, in which the DF
filter coefficient is adapted to changing channel conditions based on a re-
cursive least square (RLS) algorithm. Furthermore, the channel estimate is
phase corrected upon the reception of the periodically inserted pilot chip
blocks. The average BER performance of DS-CDMA with MMSE-FDE
using ADF-MMSE-CE is evaluated by computer simulation in a frequency-
selective Rayleigh fading channel and the simulation results show that our
proposed scheme is very robust against fast fading.
key words: DS-CDMA, frequency-domain equalization, adaptive decision
feedback, channel estimation

1. Introduction

In mobile radio communications, the propagation channel
consists of a number of resolvable paths having different
time delays; each path is a cluster of irresolvable mutlipaths
created by reflection and diffraction of the transmitted signal
by buildings surrounding a mobile station (MS). The chan-
nel transfer function changes rapidly in a random manner in
the frequency-domain as well as in the time-domain accord-
ing to the MSs’ movement. Coherent reception needs accu-
rate channel estimation (CE) and so far, many CE schemes
have been studied [1]–[15]. A conventional and effective
method to accomplish this task is to use periodically inserted
pilot symbols, named as pilot-assisted CE. Many improved
pilot-assisted CE schemes have been proposed including
weighted multi-slot averaging (WMSA) filtering using mul-
tiple pilot symbols [2], [3] (the uniform averaging filter [4]
is just a special case with equal weighted parameters), poly-
nominal interpolation filtering [5], and least-mean-square
(LMS) filtering [6] to reduce the number of pilot symbols
and achieve fast convergence. In general, all of them can
be regarded as finite impulse response (FIR) filters with dif-
ferent sets of filter coefficients [7]. However, as the fading
becomes faster, the tracking ability tends to be lost [3].

The simplest way to improve the tracking ability
against fast fading is to increase the pilot insertion rate, but
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at the price of transmission efficiency. In order to achieve ro-
bust channel estimation against fast fading, a pilot-assisted
CE using a Wiener filter [8] is optimal, but it requires the
knowledge of the unknown channel statistics [9] (e.g., the
frequency offset due to the Doppler spread and the average
received signal-to-noise power ratio (SNR)). Thus, some
adaptive techniques have to be adopted. In [10], a sim-
ple adaptive WMSA CE was proposed, taking into account
the tradeoff relationship between the noise reduction and the
fading tracking ability. However, the performance of adap-
tive FIR filter depends on the filter order, which needs to
be adjusted according to the estimated maximum Doppler
frequency.

Recently, the frequency-domain pilot-assisted CE
based on the minimum mean square error (MMSE) crite-
rion was proposed for DS-CMDA with frequency-domain
equalization (FDE) [11], which incorporates decision feed-
back (DF) using an infinite impulse response (IIR) filter into
MMSE-CE. This improves the fading tracking ability while
reducing the loss in the transmission efficiency due to the pi-
lot insertion. The IIR filter coefficient is an important design
parameter and the computer simulation results of [11] show
that the optimum filter coefficient depends on the signal-to-
noise power ratio (SNR) and the Doppler spread. However,
the SNR and the Doppler spread vary according to changes
in MSs’ locations and traveling speeds, respectively. As a
result, the fixed IIR filter used in [11] cannot achieve the
optimal performance in all cases.

The IIR filter is very effective and desirable since there
is only one filter coefficient. In [12], the IIR filter coef-
ficient is adjusted according to the recursive least-square
(RLS) algorithm assuming narrowband differential-detected
DS-CDMA [12]. We apply this adaptive IIR filter on each
frequency component of MMSE-CE. However, due to the
relatively low SNR, it is not reliable using a different filter
coefficient on each frequency component. Since the chan-
nel is almost constant over one block even for large Doppler
spread (e.g., the maximum Doppler spread fD is equal to
2 kHz when an MS’s vehicle speed is about 432 km/h at
5 GHz carrier frequency), the fading statistics are identical
at all frequencies. In this paper, we propose an adaptive DF
(ADF)-MMSE-CE that uses the same filter coefficient for all
frequencies and updates the filter coefficient block by block.

Two types of adaptive filters, an IIR filter and a for-
ward linear prediction (FLP) filter, are considered to track
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the changing channel conditions and their filter coefficients
are updated according to the RLS algorithm. We also give
a theoretical analysis for the convergence performance of
the ADF filter coefficient. The impact of channel estima-
tion errors on the average BER performance of DS-CDMA
with MMSE-FDE is evaluated by computer simulation in a
frequency-selective Rayleigh fading channel.

The remainder of this paper is organized as follows.
Section 2 presents the transmission system model for DS-
CDMA with MMSE-FDE. Section 3 describes the proposed
ADF-MMSE-CE. Also presented is the theoretical analy-
sis of the convergence performance of the ADF filter coef-
ficient. Section 4 shows the simulation results for the aver-
age BER performance. Finally, we draw the conclusion in
Sect. 5.

2. Transmission System Model

2.1 Transmitted Signal

The DS-CDMA transmission system model is illustrated in
Fig. 1. At a transmitter, a binary data sequence is trans-
formed into a data-modulated symbol sequence. Then, the
nth data symbol d(n) is spread by the spreading sequence
c(t) to obtain the chip sequence s(t), given by

s(t) = d(�t/SF�)c(t), (1)

where SF is the spreading factor, �x� is the largest integer
smaller than or equal to x and we assume |d(n)| = |c(t)| =
1. Then, the resultant chip sequence s(t) is divided into a
sequence of Nc-chip blocks. As shown in Fig. 1(b), a known
pilot chip block of Nc chips is inserted every (D − 1) data
chip blocks; one pilot chip block and succeeding (D−1) data
chip blocks make a frame. The mth block chip sequence in

(a) Transmitter.

(b) Frame structure.

(c) Receiver.

Fig. 1 DS-CDMA transmitter/receiver and frame structure.

one frame is denoted by sm(t), t = 0 ∼ Nc − 1. Corre-
spondingly, the data in the mth block is denoted by dm(n),
n = 0 ∼ Nc/SF − 1, the spreading code used in the mth
block is denoted by cm(t), t = 0 ∼ Nc − 1. The m=iDth chip
block corresponds to the pilot chip block in the ith frame.
The last Ng chips of each block are copied as a cyclic prefix
and inserted into the guard interval (GI) at the beginning of
each block. The GI-inserted chip sequence in the mth chip
block can be expressed as

�
sm(t) =

√
2Ec/Tcsm(t mod Nc) (2)

for t = −Ng ∼ Nc − 1, where Ec is the average chip energy
and Tc is the chip duration.

2.2 Received Signal

The mth block received signal is sampled at the chip rate to
obtain

rm(t) =
L−1∑
l=0

hm,l
�sm(t − τl) + ηm(t), (3)

where hm,l and τl are respectively the lth path channel gain

and the lth path Tc-spaced time delay with
∑L−1

l=0 E[
∣∣∣hm,l

∣∣∣2] =
1 (E[·] is the ensemble average operation), and ηm(t) is the
additive white Gaussian noise (AWGN) process with zero-
mean and the variance of 2N0/Tc with N0 being the single-
sided power spectrum density. We assume a block-fading
channel so that the path gains {hm,l; l = 0 ∼ L − 1} re-
main constant over one block interval, but vary block-by-
block according to the MSs’ movement. Also assumed is
that the maximum time delay of the channel is shorter than
GI and the maximum Doppler frequency is fD. In this pa-
per, we consider the normalized Doppler frequency, fDT , is
smaller than 0.02. fDT=0.02 corresponds to a moving speed
of 1500 km/h for a chip rate of 100 Mcps and 5 GHz carrier
frequency. If fDT increases beyond 0.02, the assumption
of block fading cannot hold since the channel does not stay
constant over one block interval anymore and FDE cannot
be properly carried out as discussed in [19].

As shown in the Fig. 1(c), after the removal of GI,
{rm(t); t = 0 ∼ Nc − 1} are decomposed into Nc frequency
components {Rm(k); k = 0 ∼ Nc − 1} by using Nc-point fast
Fourier transform (FFT). Rm(k) can be expressed as

Rm(k) =
√

2Ec/TcS m(k)Hm(k) + Πm(k), (4)

where S m(k) is the kth frequency component of the data
chip sequence with E[|S m(k)|2]=1, Hm(k) is the channel gain
component with E[|Hm(k)|2]=1, and Πm(k) is the noise com-
ponent due to the AWGN with zero-mean and the variance
of E[|Πm(k)|2] = 2N0/Tc. They are given by
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S m(k) =
(
1/
√

Nc

) Nc−1∑
t=0

sm(t) exp(− j2πkt/Nc)

Hm(k) =
L−1∑
l=0

hm,l exp(− j2πkτl/Nc)

Πm(k) =
(
1/
√

Nc

) Nc−1∑
t=0

ηm(t) exp(− j2πkt/Nc)

. (5)

One-tap FDE is performed on each frequency compo-
nent as

Ŝ m(k) = wm(k)Rm(k), (6)

where wm(k) is the MMSE-FDE weight, given by [13]

wm(k) =

√
2Ec/TcH∗m(k)∣∣∣√2Ec/TcHm(k)

∣∣∣2 + 2N0/Tc

. (7)

However,
√

2Ec/TcHm(k) is unknown to the receiver and
needs to be estimated. The detailed operation of MMSE-CE
is described in Sect. 2.3. After MMSE-FDE, Nc-point in-
verse FFT (IFFT) is applied to obtain the time-domain chip
sequence:

ŝm(t) =
(
1/
√

Nc

) Nc−1∑
k=0

Ŝ m(k) exp( j2πtk/Nc). (8)

After despreading, we get the decision variable d̂m(n) as

d̂m(n) =
1

SF

(n+1)SF−1∑
t=nSF

ŝm(t)c∗m(t), (9)

based on which the data demodulation for dm(n) is per-
formed to obtain d̃m(n).

2.3 MMSE-CE

Accurate estimation of the channel gain Hm(k) is essential to
compute the MMSE-FDE weight in Eq. (7). Since the fre-
quency spectrum of the pilot chip sequence is not necessar-
ily constant over the spreading bandwidth, we consider DF-
MMSE-CE [11] in this paper. First, using the kth frequency
component of the ith pilot chip block at m=iD, i = 0, 1 . . . ,
MMSE-CE can be applied to obtain the instantaneous chan-
nel estimate at m=iD. The delay time-domain windowing
[14], [15] is performed to get the noise-reduced channel es-
timate H̄P

m=iD(k), which is used for the detection of (D − 1)
succeeding data chip blocks (m = iD + 1 ∼ (i + 1)D − 1).
Next, the (m − 1)th block decision d̃m−1(n) is fedback as a
new pilot for MMSE-FDE of the mth block signal. The cur-
rent block decision is fedback as a new pilot for MMSE-
FDE of the next block signal. Therefore, the (m − 1)th
block decision d̃m−1(n) is fedback as a reference to detect
d̃m(n) and one-block delay is always incurred. As shown in
Fig. 1(c), d̃m−1(n) is first re-spread by using cm−1(t) to ob-
tain s̃m−1(t) and next, an Nc-point FFT is applied to {s̃m−1(t);
t = 0 ∼ Nc − 1} to get Nc frequency components {S̃ m−1(k);

k = 0 ∼ Nc − 1} with E[
∣∣∣S̃ m−1(k)

∣∣∣2] = 1. Then we use

this decision feedback to carry out MMSE-CE and the de-
lay time-domain windowing to get the noise-reduced chan-
nel estimate H̃m−1(k).

2.4 CE Filtering

(1) IIR DF Filter
We use a first-order IIR filter [12], [16] to improve the chan-
nel estimate, expressed as

H̄IIR
m (k) = αH̄IIR

m−1(k) + (1 − α)H̃m−1(k) (10)

with m ≥ 1, where α is the IIR filter coefficient. The
initial condition is set as H̄IIR

0 (k) = H̃0(k) = H̄P
0 (k). The

MMSE-FDE weight wm(k) is computed using H̄IIR
m (k) in-

stead of
√

2Ec/TcHm(k) in Eq. (7) to perform MMSE-FDE
of the mth block signal. α is an important design parame-
ter to tradeoff between the noise reduction and the tracking
ability against fading. In a fast fading channel, α should be
smaller to achieve better tracking ability. As the value of α
increases, the IIR filter can effectively reduce the noise, but
the tracking ability against fading tends to be lost. There-
fore, there exists an optimum value in α, which depends on
the received SNR and the Doppler spread [11].
(2) FLP DF Filter
Another method to improve the channel estimation accu-
racy, especially for fast fading, is the FLP filter [12], [16].
We introduce the predictor coefficient µ (|µ| ≤ 1) and pre-
dict the mth block channel gain as

H̄FLP
m (k) = H̃m−1(k) + µ(H̃m−1(k) − H̃m−2(k)). (11)

The MMSE-FDE weight wm(k) is computed by using
H̄FLP

m (k) instead of
√

2Ec/TcHm(k) in Eq. (7). Compared
with the IIR filter in Eq. (10), the FLP filter is much simpler,
whose output is just decided by two past channel estimates,
H̃m−1(k) and H̃m−2(k).

The filter coefficients, α and µ, should be adapted to
changing channel conditions. The adaptation algorithms for
α and µ are described in Sect. 3.1.

3. Adaptive Decision Feedback Filter

The fading channel conditions may vary from time to time
with the MSs’ movement. In this paper, we apply the RLS
adaptive algorithm [16], [17] so that α for the IIR filter and µ
for the FLP filter are adjusted according to changing channel
conditions.

3.1 Adaptation Algorithm

(1) Adaptive IIR Filter
Equation (10) can be regarded as the single-tap least mean
square (LMS) algorithm [16] with the step-size parameter α.
In the LMS algorithm, α is defined over the positive range
of [0, 1], but here we allow its value to be negative to track
statistical variations of the channel gains. We first get the
adaptive αm(k) for each frequency (α in Eq. (10) is denoted
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by αm(k)). αm(k) is updated by using recursive adaptation
algorithm as [12]

αm(k) = −Θm(k)
Ωm(k)

(12)

for k = 0 ∼ Nc − 1, where
{
Θm(k) = βΘm−1(k) + Re

{
Am(k)B∗m(k)

}
Ωm(k) = βΩm−1(k) + |Bm(k)|2 (13)

and
{

Am−l(k) = Rm−l(k) − H̃m−1−l(k)S̃ m−l(k)
Bm−l(k) = S̃ m−l(k)

{
H̃m−1−l(k) − H̄IIR

m−1−l(k)
} . (14)

The initial condition is set as Θ0 = 0 and Ω0 = δ (small
positive value).

However, αm(k) is perturbed by the noise and not re-
liable. Remember that the fading statistics are identical for
all frequencies, k = 0 ∼ Nc − 1. Instead of using αm(k)
for the kth frequency component, we propose to use a filter
coefficient αm averaged over all the frequencies as

αm =
1

Nc

Nc−1∑
k=0

αm(k). (15)

(2) Adaptive FLP Filter
Similar with adaptive IIR filter, we derive µm for adaptive
FLP filter, given as

µm =
1

Nc

Nc−1∑
k=0

µm(k) (16)

with

µm(k) =
Θ′m(k)
Ω′m(k)

, (17)

where
{
Θ′m(k) = βΘ′m−1(k) + Re

{
Am(k)B′∗m(k)

}
Ω′m(k) = βΩ′m−1(k) +

∣∣∣B′m(k)
∣∣∣2 (18)

and
{

Am−l(k) = Rm−l(k) − H̃m−1−l(k)S̃ m−l(k)
B′m−l(k) = S̃ m−l(k)

{
H̃m−1−l(k) − H̃m−2−l(k)

} . (19)

The initial condition is set as Θ′0=0 and Ω′0=δ (small posi-
tive value).

Upon the reception of pilot chip block at m = iD, i =
0, 1 . . . , the IIR filter output H̄IIR

m (k) and the FLP filter output
H̄FLP

m (k) are phase rotated as
∣∣∣H̄IIR

m (k)
∣∣∣ (H̄P

m(k)/
∣∣∣H̄P

m(k)
∣∣∣) and∣∣∣H̄FLR

m (k)
∣∣∣ (H̄P

m(k)/
∣∣∣H̄P

m(k)
∣∣∣), respectively, where H̄P

m=iD(k) is
the pilot-assisted channel estimate of the ith frame. As a
result, the resultant channel estimate becomes in-phase with
H̄P

m=iD(k).

3.2 Convergence Analysis

In order to better understand our proposed scheme, we
present an approximate analysis on the convergence perfor-
mances of the IIR filter coefficient αm and the FLP filter co-
efficient µm in a frequency-selective Rayleigh channel. It is
shown in Appendix that αm converges to

α∞ = 1 +
0.5[ρ(2) − 1]

1 − ρ(1) + 0.5 (Ec/N0)−1
(
Ng/Nc

) (20)

and µm converges to

µ∞ = −0.5 − 0.5[ρ(2) − ρ(1)]

1 − ρ(1) + (Ec/N0)−1
(
Ng/Nc

) , (21)

where ρ(n) is the time autocorrelation function of path gains
{hm,l; l = 0 ∼ L − 1} and equal to the time autocor-
relation of the kth frequency channel gain Hm(k), defined
as E[Hm(k)H∗m−n(k)] (as shown in Appendix, ρ(n) is inde-
pendent of the frequency index k) [18]. Equations (20)
and (21) show that α∞ and µ∞ are determined considering
the tradeoff relationship between the noise reduction and
the tracking ability. Assuming the Jakes’ model, we have
ρ(n) = J0(2πn fDT ), where J0(·) is the zero-order Bessel
function of the first kind. For small fDT values, ρ(n) can
be approximated as ρ(n) ≈ 1 − (πn fDT )2. Then, for the IIR
filter we have,

α∞ ≈ 1 − 2(π fDT )2

(π fDT )2 + 0.5 (Ec/N0)−1
(
Ng/Nc

) . (22)

and for FLP filter, we have

µ∞ ≈ −0.5 +
1.5(π fDT )2

(π fDT )2 + (Ec/N0)−1
(
Ng/Nc

) . (23)

When fDT → 0, we have α∞ ≈ 1 for the IIR filter and
µ∞ ≈ −0.5 for the FLP filter.

The convergence time and accuracy are dependent on
β. The use of smaller β has better tracking ability but less
accuracy. The larger β needs longer time for αm and µm

to converge. The inverse of 1 − β is roughly a measure of
the memory size of the RLS algorithm [17]. For example,
when β=0.95, it takes about 20 blocks (one block is about
2.88 µs for a chip rate of 100 Mcps). Since the channel fad-
ing statistics change much more slowly compared with the
RLS updating process, even β=0.95 can be used in practice.

4. Computer Simulation

Table 1 shows the simulation conditions. We assume
ideal sampling timing at the receiver and the channel is an
L=16-path frequency-selective Rayleigh block-fading chan-
nel having uniform power delay profile (i.e., E[|hm,l|2]=1/L
for all m and l).
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Table 1 Simulation conditions.

Fig. 2 Impact of forgetting factor β.

4.1 Impact of Forgetting Factor β

Figure 2 shows the impact of forgetting factor β on the
BER performance assuming the average received bit energy-
to-AWGN power spectrum density ratio Eb/N0=14 dB, the
spreading factor SF=16, and the normalized Doppler fre-
quency fDT=0.001 ∼ 0.02. Eb/N0 is defined as Eb/N0 =

0.5SF(1 + Ng/Nc)(Ec/N0)(1 + D−1) and fDT=0.001 (0.02)
corresponds to a moving speed of 75 km/h (1500 km/h) for
a chip rate of 100 Mcps and 5 GHz carrier frequency. The
initial value of αm is set as α0=0.

We can see that the BER of FLP filter is almost insen-
sitive of β. The reason for this is as follows. Even if fDT
is as high as fDT=0.02, the channel estimates, H̃m−1−l(k)
and H̃m−2−l(k), are almost the same, resulting in a very small
value of B′m(k) in Eq. (19). From Eqs. (17) and (18), the FLP
filter coefficient µm(k) is approximately given by µm(k) =
Θ′m(k)/Ω′m(k) ≈ Θ′m−1(k)/Ω′m−1(k) since B′m(k) ≈ 0. There-
fore, µm(k) is almost the same as µm−1(k) irrespective of β.
On the other hand, β has great influence on the BER per-
formance of adaptive IIR filter for different fDT . The use
of smaller β has better tracking ability, but αm varies widely
and is not stable enough to get good BER performance. We
see that the use of β=0.95 for adaptive IIR filter is suitable
for fDT=0.001 ∼ 0.02. If fDT is less than 0.02, the BER per-
formance doesn’t degrade at all. However, if fDT increases

Fig. 3 Convergence rate.

beyond 0.02, the assumption of block fading cannot hold
since the channel does not stay constant over one block any-
more and FDE cannot be properly carried out as discussed
in [19]. As a consequence, the BER performance degrades
as fDT increases beyond 0.02. In the following simulation,
we set β to be 0.95 for both adaptive IIR and FLP filter.

Figure 3 shows the convergence rate of αm for adap-
tive IIR filter and µm for adaptive FIR filter when β=0.95
is used for different fDT . Although α0 is set to α0=0, the
value of αm becomes negative for small m to adaptively track
channel variations. We have found by theoretical analysis
in Sect. 3.2 that, for slow fading, αm converges close to 1.0
as time m elapses. The coefficient αm converges a differ-
ent value for a different value of fDT ; while the coefficient
µm converges almost the same value of −0.5 irrespective of
fDT . The reason for this is as follows. α∞ becomes smaller
to improve the tracking ability as fDT increases. This can
be understood from Eq. (22). On the other hand, even if fDT
is as high as fDT=0.02, the channel estimates, H̃m−1−l(k)
and H̃m−2−l(k), are almost the same, resulting in a very small
value of B′m(k) in Eq. (19). Since ρ(2) is almost same as ρ(1)
and from Eq. (21) we have µ∞ is always equal to −0.5.

Figure 4 plots the impact of Doppler spread on the DF
filter coefficient after convergence when Eb/N0=20 dB and
SF=16. Our performance analysis is an approximate anal-
ysis based on the assumption of no decision feedback error
and no noise contribution in the IIR filter output. A good
agreement can be seen between the theoretical result and the
simulation one with µ∞ when fDT is smaller than 0.001 and
Eb/N0=20 dB. If fDT is very small, H̃m−1−l(k) ≈ H̃m−2−l(k)
and hence B′m−l(k) ≈ 0. As a consequence, the decision
feedback error does not influence the value of µ∞. How-
ever, the decision feedback error impacts the value of α∞.
As fDT increases, the tracking ability of our channel esti-
mation scheme tends to be lost. As Eb/N0 becomes smaller,
the decision feedback error becomes more significant. As a
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Fig. 4 Impact of Doppler spread.

consequence, the theoretical results tend to deviate from the
simulated as fDT increases and/or Eb/N0 increases.

4.2 BER Performance

Figure 5 plots the simulated BER performance of DS-
CDMA using ADF-MMSE-CE with the IIR filter for SF=16
and 64 as a function of Eb/N0. Here, the frame length D is
equal to 20 and fDT varies from 0.001 to 0.01. In prac-
tical situation, the value of fDT changes according to the
change of the user’s moving speed. The adaptive IIR filter
can adapt the value of α to the optimum value so that the
BER performance can always be minimized. It can be seen
that ADF-MMSE-CE provides a fairly good BER perfor-
mance for all fDT values. For comparison, the BER perfor-
mance of non-adaptive DF-MMSE-CE (α=0 and 1) is also
plotted. When α=1 is used, the BER performance degrades
significantly for large Doppler spread (i.e., fDT=0.01). On
the other hand, when α=0 is used, H̃m−1(k) is always used
(see Eq. (10)) and a good tracking ability can be achieved but
noise reduction is not sufficient. Therefore, the achievable
BER performance is worse than ADF-MMSE-CE (β=0.95).
ADF-MMSE-CE gives the best performance and is almost
insensitive to fDT . The Eb/N0 degradation for BER=10−5

from the ideal CE is less than 1 dB. Part of this Eb/N0 degra-
dation is due to the pilot insertion loss of 10 log(20/19) =
0.23 dB.

Figure 6 shows the performance comparison of ADF-
MMSE-CE using the IIR filter and the FLP filter. In the case
of SF=16, Fig. 6(a) shows that the BER of the FLP filter is
worse than that of the IIR filter for a low Eb/N0 region. In
the case of SF=64, the adaptive FLP filter cannot work well,
since the symbol energy is distributed over SF chips and the
low chip energy-to-noise power ratio Ec/N0 produces large
estimation error. No matter the value of µ, the FLP filter
only uses the past two blocks to predict the current channel

(a) SF=16.

(b) SF=64.

Fig. 5 Performance comparison between DF-MMSE-CE and ADF-
MMSE-CE.

gain and has higher tracking ability; while the IIR filter uses
about 1/(1 − α) past blocks and reduces the AWGN noise
greatly. This results in the worse BER of the FLP filter than
the IIR filter.

4.3 Impact of Frame Length

Phase correction using periodically inserted pilot chip
blocks is used to avoid the error propagation beyond the
frame. The Eb/N0 loss due to the pilot insertion, given by
10 log D/(D−1) dB, can be reduced by increasing the frame
length D. However, the tracking ability against fading may
be lost. Figure 7 shows the impact of the frame length on
the BER as a function of fDT . We set Eb/N0=14 dB for both
SF=16 and 64 and the BERs of ADF-MMSE-CE with IIR
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(a) SF=16.

(b) SF=64.

Fig. 6 Performance comparison between adaptive IIR filter and adaptive
FLP filter.

and FLP filters are plotted as a function of fDT in Figs. 7(a)
and (b). By increasing the value of D from 20 to 100, the
pilot insertion loss decreases from 0.23 dB to 0.04 dB and
the BER performance is slightly improved. Although the
periodic phase correction is used, the decision feedback er-
ror will propagate within a frame for large Doppler spread
and degrade the BER performance. Therefore, the frame
length cannot be too large, e.g., D=1000. For high Eb/N0,
the Doppler spread is the predominant cause of decision er-
ror. The FLP filter has better tracking ability than the IIR fil-
ter. It can achieve a slightly smaller BER when fDT > 0.005
in the case of SF=16. However, in the case of SF=64, since
the chip energy-to-noise power ratio Ec/N0 reduces and this
produces large estimation error. The FLP filter uses only the

(a) SF=16.

(b) SF=64.

Fig. 7 Impact of fame length D.

past two blocks to predict the current channel gain; while
the IIR filter uses more blocks, i.e., 1/(1 − α) past blocks.
Therefore, the IIR filter can reduce more AWGN noise than
the FIR filter. As shown in Fig. 7(b), that the performance of
the IIR filter is much better than that of the FLP filter when
SF=64.

5. Conclusions

In this paper, the adaptive decision feedback MMSE channel
estimation (ADF-MMSE-CE) was proposed for DS-CDMA
with MMSE-FDE. The adaptive infinite impulse response
(IIR) filter and forward linear prediction (FLP) filter are uti-
lized to track the changing channel conditions. The IIR fil-
ter coefficient α and the FLP filter coefficient µ are updated
according to a recursive least-square (RLS) algorithm. In
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order to stop the error propagation beyond the frame due
to the decision feedback, the channel estimate is phase cor-
rected using periodically received pilot chip blocks. Com-
puter simulation results have shown that the proposed ADF-
MMSE-CE with IIR filter can achieve a very good tradeoff
between the tracking ability against fading and noise reduc-
tion. Although the FLP filter is robust against fast fading,
its BER performance is worse than IIR filter due to the low
chip energy-to-noise power ratio when SF is large. In addi-
tion, this ADF-MMSE-CE, not limited to DS-CDMA, can
be applied to multicarrier (MC-)CDMA with FDE in a fast
fading channel.
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Appendix: Convergence Performance Analysis of Fil-
ter Coefficients

(1) IIR filter
Equation (13) can be written as⎧⎪⎪⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎪⎪⎩

Θm(k) =
m∑

l=0

βlRe
{
Am−l(k)B∗m−l(k)

}

Ωm(k) =
m∑

l=0

βl |Bm−l(k)|2
(A· 1)

for k = 0 ∼ Nc−1. Assuming the received signal sequence is
a stationary process and β < 1, the ensemble average values
of Θm and Ωm may approach [12]:{

E[Θm(k)] ≈ (1 − β)−1E[Re{Am(k)B∗m(k)}]
E[Ωm(k)] ≈ (1 − β)−1E[|Bm(k)|2]

. (A· 2)

Using Eq. (14), Am(k) and Bm(k) are given by{
Am(k) = Rm(k) − H̃m−1(k)S̃ m(k)
Bm(k) = S̃ m(k)

{
H̃m−1(k) − H̄IIR

m−2(k)
} . (A· 3)

As mentioned in Sect. 2.3, the noise in the channel estimate
H̃m(k) is greatly reduced by using the delay-time domain
windowing technique. If we approximate the residual chan-
nel estimation error in H̃m(k) as a new zero-mean Gaussian
noise Π̃m(k), the mth block channel estimate H̃m(k) can be
expressed as

H̃m(k) =
√

2Ec/TcHm(k) + Π̃m(k), (A· 4)

where

E[
∣∣∣Π̃m(k)

∣∣∣2] = (Ng/Nc) · (2N0/Tc) . (A· 5)

Substitute α in Eq. (10) with αm, we have the IIR filter
output expressed as

H̄IIR
m (k)=

m∑
l=1

H̃l(k)(1−αl)
m∏

j=l+1

α j+H̃0(k)
m∏

j=1

α j. (A· 6)

In order to simplify the analysis, we neglect the effects of
the AWGN and decision feedback error. Therefore, we use
H̄IIR

m (k) ≈ √2Ec/TcHm(k) and S̃ m(k) ≈ S m(k) and Am(k)
and Bm(k) can be approximated as⎧⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎩

Am(k) ≈ √2Ec/TcS m(k) {Hm(k) − Hm−1(k)}
+ Πm(k) − S m(k)Π̃m−1(k)

Bm(k) ≈ √2Ec/TcS m(k) {Hm−1(k) − Hm−2(k)}
+ S m(k)Π̃m−1(k)

. (A· 7)
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On the other hand, assuming that path gains {hm,l; l =

0 ∼ L−1} are independent with
∑L−1

l=0 E[
∣∣∣hm,l

∣∣∣2] = 1 and they
have the identical autocorrelation function ρ(n) as [18]

ρ(n) = E[hm,lh
∗
m−n,l]

/√
E[
∣∣∣hm,l

∣∣∣2]E[
∣∣∣hm−n,l

∣∣∣2]. (A· 8)

The time autocorrelation function R(n; k) of the kth fre-
quency channel gain Hm(k) is equal to ρ(n) as

R(n; k) = E[Hm(k)H∗m−n(k)] = ρ(n). (A· 9)

Substituting Eq. (A· 7) into Eq. (A· 2) and using Eq. (A· 8),
we obtain⎧⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎩

E[Θm(k)] = −2N0/Tc

(1 − β)
[

Ec

N0
(1 + ρ(2) − 2ρ(1)) +

Ng
Nc

]

E[Ωm(k)] =
4N0/Tc

(1 − β)
[

Ec

N0
(1 − ρ(1)) +

Ng
2Nc

] .

(A· 10)

Therefore, substituting Eq. (A· 10) into Eq. (12), we obtain
Eq. (20).
(2) FLP filter
In the similar way as the IIR filter, we can derive the conver-
gence value for FLP filter as
⎧⎪⎪⎪⎨⎪⎪⎪⎩

E[Θ′m(k)] = E[Θm(k)]

E[Ω′m(k)] =
4N0/Tc

(1 − β)
[

Ec

N0
(1 − ρ(1)) +

Ng
Nc

]
. (A· 11)

Substituting Eq. (A· 11) into Eq. (17), we obtain Eq. (21).
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