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Bandwidth Efficient Channel Estimation Using
Super-Imposed Pilots in OFDM Systems
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Abstract— This paper proposes a channel estimation algorithm
using super-imposed pilots for OFDM systems. The pilot symbols
are added linearly to the modulated data symbol at a fraction of
the total transmit power, making the method spectrally efficient.
We present a series of iterative and non-iterative receivers in
which complexity is traded for performance. In particular, a high
complexity non-iterative receiver that achieves the theoretically
lowest BER and a low complexity iterative receiver that show
near-optimal performance are presented. The proposed iterative
receiver offers a 50 - 98% reduction in complexity over a non-
iterative receiver having equivalent performance, depending on
the modulation used. We observe that the performance of the
receiver is independent of the channel’s Doppler frequency and
delay spread. Finally, we compute an analytic bound for the bit
error rate of the proposed non-iterative receiver.

Index Terms— Iterative methods, maximum likelihood estima-
tion, multipath channels, orthogonal frequency-division multi-
plexing (OFDM), wireless LAN.

I. INTRODUCTION

ORTHOGONAL Frequency Division Multiplex-
ing (OFDM) [1] is a multi-carrier modulation technique

that comes with an inherent promise of spectrally efficient
high data rate transmission and multi-path effect mitigation
in wideband wireless systems. In an OFDM system, the
available bandwidth is split between the carriers and the
bandwidth allocated to each sub-carrier is narrow enough for
the channel to be considered flat fading over it. Consequently,
OFDM has been selected as the basis for many different high
speed wireless standards, e.g., local area network (W-LAN)
systems (for example, IEEE 802.11, HIPERLAN2) and for
digital audio and video broadcasting (DAB and DVB) in
Europe.

For coherent demodulation in an OFDM receiver, the
knowledge of each sub-carrier’s gain and phase is critical.
Often in practice, training symbols known as pilots that are
known to receiver à priori, are initially transmitted for channel
estimation. Further, pilot symbols are interspersed with data
symbols to track the time-varying channel [2]. For example,
in 802.11 networks, along with the pilot symbols in the
preamble for channel estimation, a few designated sub-carriers
are reserved for transmitting pilots to enable channel tracking.
However, the addition of pilots cause bandwidth expansion and
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reduce the data rate. For spectrally efficient transmission, blind
channel estimation methods that do not use pilot symbols have
also been proposed. Existing blind methods primarily use the
statistics of the received signal to estimate the channel [4]–
[6]. Although blind methods have high spectral efficiency, they
converge slower and have high computational complexity.

This paper focuses on a bandwidth efficient pilot arrange-
ment for channel estimation in OFDM systems. The pilots are
linearly added on the data and hence called super-imposed
pilots. The concept of super-imposed pilots for simultaneous
data transmission and channel estimation was first proposed
for analog communication systems [7] and extended to digital
communication systems in [8]. Subsequently, many flavors
of systems with super-imposed pilots have been proposed.
In [10]–[13], the super-imposed pilots are periodic and the
resulting cyclostationarity of the received symbols is exploited
to estimate the channel using first order statistics. The channel
estimation algorithm relied on time averaging over many
symbols, thus requiring that the channel be slow varying over a
large block of symbols. Hence, such statistical algorithms are
limited in the range of channel conditions over which they
can be used. Pilot assisted transmission (PAT) for channel
estimation has been described in [3], a specialization of which
is the super-imposed pilots. The proposed channel estimation
method uses a Kalman filter to estimate the channel and the
quality of the channel estimate was the only performance
criterion. In contrast to the statistical methods, [9] proposed
an maximum likelihood (ML) based receiver for symbols
with super-imposed pilots and any arbitrary pilot sequence.
Prediction was used to update the channel estimate at each
time instant. The primary drawback of such a receiver is
the huge computational complexity needed to extract the ML
sequence.

In this paper, we propose a joint channel estimation and
symbol detection algorithm for OFDM systems with super-
imposed pilots using a soft-output Viterbi detector. At each
subcarrier, the soft-output Viterbi detector, accepts inputs
with super-imposed pilots, continually estimates the channel,
and outputs soft value of the detected symbol, subject to a
minimum squared error constraint between the transmitted and
received symbols with super-imposed pilots. Thus effectively,
the soft-output Viterbi detector replaces the channel estima-
tion, channel equalization, symbol detection and demodulation
blocks in a conventional OFDM receiver. Further, taking
advantage of the channel coding in OFDM transceivers, we
propose iterative receivers with soft data exchange between
the Viterbi detector and channel decoder. The proposed non-
iterative and iterative modes of receiver operation, allow
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TABLE I

SYMBOLS AND NOTATIONS

Symbol Used for

[.]n sub-carrier index
[.]t time index, stage of the trellis
ã Hypothesis of symbol a
â Estimate/decision of symbols a
ak Vector a of dimension k

A(m,n) Matrix A of dimension m × n
g(.) Probability density function
σ2

x Variance of a random variable x
ρ pilot power fraction
Tc Coherence Time
N FFT Size
K Length of the channel impulse response
L averaging order
r received symbols
u data symbols (interleaved/input to the detector)
x detected coded symbols (de-interleaved)
p pilot symbols
z AWGN symbols
f flat fading coefficient
h Channel filter coefficient fN → F [hK ]
Fs Channel Bandwidth, sampling frequency
τd RMS delay spread
s, ś current and previous state in the trellis

γt(ś, s) Transition probability at time t between states ś and s
M(.) computed metric information
La(.) à priori log-likelihood ratio of symbols
Le(.) extrinsic log-likelihood ratio of symbols

for graceful trade-off between performance (e.g., BER) and
computational complexity. Specifically, we present results for

• A non-iterative receiver that achieves theoretically lowest
BER but has high complexity.

• A low complexity iterative receiver with near-optimal
performance.

The performance of the proposed receivers is assessed using
simulations in an OFDM environment with BPSK and QPSK
modulations. It is observed that the proposed receivers’ perfor-
mance is agnostic to the block fading channel’s coherence time
and the root mean square (RMS) delay spread, as long as there
is no inter-symbol interference (ISI). The iterative receiver is
shown to perform on par with the near-optimal non-iterative
receiver, but with almost 50% and 98% savings in the number
of arithmetic operations for BPSK and QPSK modulations
respectively. Hence the required computational complexity is
substantially reduced. We also derive an analytical bound for
the bit error rate (BER) of the proposed receiver with QPSK
modulation.

The rest of the paper is organized as follows. The system
description along with the channel model used is given in
Section II. The channel estimation algorithm along with the
receiver design is described in Section III. An iterative re-
ceiver that uses the turbo-detection principle is presented in
Section IV. Numerical results are given in Section V followed
by conclusions in Section VII.

II. SYSTEM DESCRIPTION

A. Transmission Strategy

The block diagram detailing the data processing in an
OFDM system is shown in Fig. 1(a). At the transmitter,

(a) OFDM Transmitter

(b) OFDM Receiver

Fig. 1. Block diagram of an OFDM system.

information bearing symbols are modulated using a typi-
cal regular constellation like QPSK or 16-QAM. A known
complex pseudo-noise (PN) pilot sequence, pn,t, is added to
the unknown data symbols, un,t, where n is the subcarrier
index and t is the time index. The data and pilot sequence
belong to a M -ary alphabet depending on the modulation used.
However, the pilot sequences are scaled differently from the
data symbols. Let ρ denote the fraction of the transmit energy
Es allocated to the pilot symbols. Then, the average energy
of the pilot symbols is Ep = E[|pn,t|2] = ρ · Es and the
average data energy is Eu = E[|un,t|2] = (1 − ρ) · Es. The
resulting sums of data and pilot symbols are referred to as
data-pilot (DP) symbols, illustrated in Fig. 2. The data and
pilot symbols are assumed to have the following statistical
properties:

• The data and pilot sequences are each i.i.d and
zero mean i.e., E[un,t] = E[pn,t] = 0 and

E[un,tu
∗
m,τ ] =

{
(1 − ρ)Es n = m,t = τ
0 otherwise

and

E[pn,tp
∗
m,τ ] =

{
ρEs n = m,t = τ
0 otherwise

• The data and pilot sequences are uncorrelated i.e.,
E[un,tp

∗
n,t] = 0.

The DP symbols are segmented into blocks of length N .
Each block of DP symbols is then transformed using inverse
discrete Fourier transform (IDFT) to generate a time domain
symbol block. The last Ncp symbols in the block containing
time-domain symbols are repeated at its beginning forming
the cyclic prefix (CP). The symbols are then sequentially
transmitted over a frequency selective channel.

B. Channel Model

The wireless channel is modeled as a standard block fading
channel. In each block, the channel is represented using a
linear time-invariant, finite impulse response filter. The length
of the channel filter, K , depends on the channel bandwidth,
Fs, and the root mean square (RMS) delay spread, τd, of
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Fig. 2. Pilots super-imposed over data at all temporal and spectral locations.

the channel. The coefficients of the filter, hk, have a zero
mean normal distribution with variances σ2

k that follow an
exponential power delay profile, i.e.,

hk ∼ N (0, σ2
k) k = 0, . . . , K − 1 (1)

where,
σ2

k = σ2
0(e−

k
Fsτd ) k = 0, . . . , K − 1 (2)

and σ2
0 = 1−e

−1
Fsτd . Typically, K is chosen as �10Fsτd� [14].

The channel thus generated remains fixed for the duration of
the coherence time, Tc symbols, and changes independently
after Tc symbols.

III. JOINT CHANNEL ESTIMATION AND DATA DETECTION

The FFT used in OFDM receivers, Fig. 1(b), transforms
the frequency selective channel into a multiplicative scaling
of the transmitted symbols at each sub-carrier by a single tap
channel. Accordingly, an N -length FFT transforms a K-tap
filter given by coefficients hK , into N single tap flat fading co-
efficients given by fN . The orthonormality of the FFT ensures
that each subcarrier can be treated independently, and the
block fading nature of the channel results in Tc symbols in a
sub-carrier sharing the same fading co-efficient. Consequently,
the received signal rn,t, after the FFT block in Fig. 1(b), at
the nth subcarrier and time instant t, is given by

rn,t = (un,t + pn,t)fn + zn,t t = 1, 2, . . . , Tc (3)

where, fn ∈ C is the multiplicative fading coefficient of the
channel and zn,t ∈ C is the zero mean AWGN with power σ2

z .
Our objective in this paper, is to design a receiver that jointly
estimates the channel and detects data assuming perfect time
and frequency synchronization.

A. Optimal Channel Estimate for Block Fading Channel

We now compute the receiver that maximizes the likelihood
of the data symbols. The data symbols can be hypothesized
from a set whose elements are defined by the modulation
order M . For a specific M , it is easy to enumerate all possible
data symbol hypotheses for coherence time Tc. Accordingly,
for a sub-carrier n, there are MTc possible, Tc-dimensional
hypothesis vectors, [ũn,Tc , ũn,Tc−1, . . . , ũn,1]. Since the noise
vector zn is complex Gaussian with zero mean and variance
σ2

z , the likelihood function that a given data hypotheses

ũn,Tc , ũn,Tc−1, . . . , ũn,1 was transmitted on the nth subcarrier
and that the channel estimate is f̃n, can be written as,

gz(rn | ũn, f̃n) =
(

1√
2πσ2

z

)Tc Tc∏
i=1

e
− |rn,i−(ũn,i+pn,i)f̃n|2

2σ2
z

(4)
Maximizing the likelihood function is equivalent to min-

imizing the sum of the exponent terms in (4). Coherent
detection of data symbols involves choosing a hypothesis that
minimizes the squared norm in the exponent, given by,

Λ(ũn,Tc , ũn,Tc−1, . . . , ũn,1) =
Tc∑
i=1

|rn,i − (ũn,i + pn,i).f̃n|2

(5)
Given a set of data hypotheses, ũn,Tc , ũn,Tc−1, . . . , ũn,1,

the squared error minimizing channel hypothesis f̃n, is found
by equating ∂Λ

∂f̃n
= 0, as,

f̃n(ũn,Tc , ũn,Tc−1, . . . , ũn,1) =

Tc∑
i=1

rn,i(ũn,i + pn,i)∗

Tc∑
i=1

|ũn,i + pn,i|2
(6)

The receiver has to exhaustively search among all MTc

possible hypotheses to find the maximum likelihood (ML)
data sequence that minimizes the squared norm in (5). The
computational complexity of the algorithm, measured in terms
of the number of arithmetic operations (multiplications and
additions) needed for channel estimation and symbol detection
is O(TcNMTc). In an OFDM system, the number of sub-
carriers N is fixed. For a fixed N , with increasing modulation
order M , or coherence time, Tc, the increase in complexity is
exponential. The exponential complexity makes it challenging
to implement the algorithm in high data rate environments
where higher order modulations are used. We now modify the
ML algorithm using the Viterbi detector which is known to
efficiently search for the ML sequence.

B. Viterbi Detector

The received vector at sub-carrier n, [rn,1, rn,2, . . . , rn,Tc ],
is processed over a small sliding time window of length L
using the Viterbi algorithm [15] on a suitable trellis. The
traditional Viterbi detector, is modified to accept à priori soft
information values about the received signal and also to output
the soft information values according to the soft output Viterbi
algorithm described in [19], while implicitly estimating and
equalizing the channel. The length of the sliding window,
L, and modulation order, M , define the trellis completely
as shown in Fig. 3. There are ML states corresponding to
the number of possible data hypotheses over a window of
length L. There are M branches coming into and out of every
state in the trellis. The channel hypothesis at stage t in the
trellis, is now averaged over L data hypotheses associated with
a particular state ś of the trellis and the data hypothesis ũn,t of
the current transition from that state and terminating in state
s of the next stage. The sliding window is used to average
the channel hypothesis over L+1 symbols, and hence, is also
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Fig. 3. Trellis showing the states and transitions for a modulation order M =
2(BPSK) and averaging order L = 2. f̃n(ś, s) from (7) and M(ss

n,t) (8) are
the computed channel hypothesis and transition metrics for each transition in
the trellis.

called averaging order. Accordingly the channel hypothesis
between states f̃n(ś, s) is given by,

f̃n(ś, s) =

L∑
l=0

rn,t−l(ũn,t−l + pn,t−l)∗

L∑
l=0

|ũn,t−l + pn,t−l|2
(7)

Let ss
t be the vector of surviving states up to state St = s

at stage t in the trellis. The recursive relation for computing
the metric for the transition between state St−1 = ś at stage
t − 1 and state St = s at stage t, derived in Appendix I, is
given by,

M(ss
n,t) = M(sś

n,t−1) −
1

2σ2
z

|rn,t − f̃n(ś, s)(ũn,t + pn,t)|2

+
1
2

log2 M∑
i=1

b̃i,n,tLa(bi,n,t) (8)

where M(sś
n,t−1) is the cumulative metric of the surviving

path up to state Sn,t−1 = ś, b̃i,n,t is the BPSK symbol value
(+1 if bit is 1 and −1 if bit is zero) of the ith bit in the
symbol ũn,t, La(bi,n,t) is the à priori soft information about
the ith bit in the data symbol at stage t and sub-carrier n and
f̃n(ś, s) is the channel hypothesis computed using (7).

The soft outputs are calculated by computing the difference
between the two highest metrics from among the M merging
paths at any state in the trellis. Let ss

n,t and ŝs
n,t be the two

paths with highest metrics at state Sn,t = s with metrics
M(ss

n,t) and M(ŝs
n,t) respectively. The path difference be-

tween the metrics is computed as,

Δs
n,t = M(ss

n,t) −M(ŝs
n,t) ≥ 0 (9)

and ss
n,t is chosen to be the surviving state since its metric

is higher. It has been shown (equation (35) in [18]), that
Δs

n,t represents the log likelihood ratio (LLR) for the correct
decision at stage t.

Typically, with grey coded modulation, the LLRs of only
those bits whose value would change across the decision
boundary are calculated as [20],

La(bj,n,t/r)=bj,n,t min
i=k,...,k+δ , bj,n,t �=bi

j,n,t

Δsi

i (10)

j = 1, . . . , log2(M)

where bj,n,t is the BPSK symbol value of the bit whose value
changes across the decision boundary, bi

j,n,t is the value of
similar bits for the path which merged with the ML path but
was discarded at stage t and δ is a free parameter typically
set to five times the value of the averaging order L. Since the
output LLRs of the detector are used as à priori values for
the channel decoder, we duplicate the magnitude of the LLR
computed in (10) to all the bits in the symbol scaled by their
corresponding BPSK symbol value (±1). Thus, the magnitude
of the LLRs for both bits in a QPSK symbol are identical, with
the sign changing according to the detected symbol.

Hard decisions on the transmitted bit are given by a simple
sign detection of the output LLRs and an explicit estimate of
the channel may be easily computed using the remodulated
hard decisions, denoted by, [ûn,1, ûn,2, . . . , ûn,Tc ], as,

f̂n(ûn,1, ûn,2, . . . , ûn,Tc) =

Tc∑
i=1

rn,i(ûn,i + pn,i)∗

Tc∑
i=1

|ûn,i + pn,i|2
(11)

The Viterbi detector described above, is designed to process
the received DP symbols for channel estimation, without any
need for explicit pilot symbols to estimate the channel. Such
a blind receiver is found to have a flat bit error rate (BER)
response with increasing signal to noise ratio (SNR). The
problem is attributed to the lack of absolute phase reference
for the receiver and has been discussed in [21]. We use a
solution, similar to [21], where a single pilot symbol (ρ = 1),
is initially transmitted to the receiver. The channel estimate
from the pilot symbol is used in the initial L+1 stages of the
trellis, and the estimator of (7) is used in the stages following
the (L + 1)st stage. The received sequence of Tc symbols,
now consists of one pilot symbol in the beginning, followed
by Tc − 1 symbols with super-imposed pilots. In contrast to
the single pilot proposed here, conventional training schemes
transmit more than one pilot symbol in the preamble of the
data packet.

C. Detector Complexity

The complexity of the Viterbi detector is defined by the
trellis size. For an averaging order, L, there are ML states
in the trellis. The number of states in the detector trellis
grows exponentially with L and M . The number of arith-
metic operations required for channel estimation and symbol
detection across all N sub-carriers and for a coherence time
of Tc OFDM symbols is O(TcNML). The averaging order,
L, is a design constraint, which can be chosen to be less
than Tc. In fact, we show using numerical simulations, that
for BPSK modulation, an averaging order, L = 5, achieves
near optimal ML performance for any coherence time Tc > 5
symbols . Clearly, for a fixed N and Tc, the complexity
of the Viterbi detector(ML) is significantly lower than the
ML receiver(MTc). To further reduce complexity, we propose
a solution from the realm of iterative detection [23].

Turbo or iterative receivers exchange soft information be-
tween the concatenated components as in the OFDM receiver
and have been an area of significant research. The constructive
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exchange of the soft values between the detector and the
channel decoder substantially improves, with every iteration,
the overall system performance. Further, we show using sim-
ulations, that for BPSK modulation, with just two iterations,
an iterative detector with averaging order, L = 2 outperforms
a non-iterative detector using L = 5 using substantially lower
computations.

IV. ITERATIVE RECEIVER FOR CODED - OFDM

Current state of the art non-iterative processing of the
received symbols sees the soft outputs from the detector
being forwarded to the channel decoder via an interleaver.
The output LLRs of the channel decoder is used to make
decisions on the data symbols. Iterative receivers loop this
processing by forwarding the LLRs from the decoder as à
priori information about the received symbol to the detector.
Literature in turbo detection [23]–[29] have shown that such
looping substantially improved performance over conventional
non-iterative receivers i.e., with a degradation of only 0.6dB
from the AWGN channel performance [23]. The performance
enhancement comes at the cost of increased latency of the
output symbols at the receiver. But, with the emergence of
improved algorithms for detection and decoding [30]–[34],
their usage in practical systems has gained increasing accep-
tance. Thus, as a logical extension to the proposed receiver
in Section III, we propose an iterative receiver using super-
imposed pilots as shown in Fig. 4.

The proposed OFDM receiver consists of a parallel bank
of N Viterbi detectors, corresponding to each of the N
subcarriers, and one decoder, as illustrated in Fig. 4. The
mapping of the values from the detector to the decoder and
viceversa is done by simple de-multiplexing and multiplexing
operations respectively. The conventional turbo processing of
the soft information exchange between the detector and de-
coder forms Loop I in the system. The initial channel estimate,
f̂n,ini for the first iteration is estimated using the single
pilot symbol transmitted, where n is the sub-carrier index.
For every successive iteration, we use the knowledge of the
decoded symbols to estimate an updated channel estimate, f̂n.
To calculate the updated channel estimate, channel estimator
block forms Loop II in the system. In the channel estimator,
the decoded symbols are re-modulated and multiplexed into
their respective sub-carriers. Using the expression in (11), an
updated channel estimate is computed, which is then used in
the Viterbi detector.

Loop I in the iterative receiver is the conventional turbo
receiver where soft information is exchanged between the de-
coder and detector takes place. For a sub-carrier n, the Viterbi
detector described in the preceding section, takes the following
inputs - the received symbols,rn,t, the channel estimate vector
f̂n and the à priori soft values, LD

e (un,t). The detector outputs
the soft values of the detected symbols La(un,t). In addition
to the extrinsic information from the detector, an estimate of
the data symbols computed as, ûn,t = tanh

(La(un,t)
2

)
, is

also computed. The soft value and the estimate of data symbol
from all sub-carriers are then de-multiplexed in a single stream
whose ith value is described by La(ui) and ûi respectively.
The extrinsic information for the ith symbol, Le(ui), can be

calculated from the soft values of the detected symbols, as
shown

Le(ui) = La(ui) − LD
e (ui) (12)

Let x̂j and Le(xj) denote the de-interleaved version of the
detected data estimates and extrinsic LLRs from the detector
respectively. The channel decoder is a modified MAP decoder
based on the BCJR algorithm [22] that accepts soft values of
input bits and outputs soft values of the coded bits [30]. The
soft values at the output of the decoder, La(xj), derived in
Appendix II, can be shown to be,

La(xj) = LD
e (xj) + Le(xj) + 2x̂j (13)

where, Le(xj) is the à priori information from the detector
and LD

e (xj) is the extrinsic information of the decoder. The à
priori value to the detector LD

e (ui) is the interleaved version
of LD

e (xj).
The hard decisions of the decoded data symbols are re-

encoded and interleaved to generate a channel estimate as
illustrated in loop II of Fig. 4. As stated before, the Viterbi
detector uses the estimate of the channel from the pilot to
initially start the trellis in the first L + 1 stages of the trellis,
and estimates the channel from data hypothesis for stages
t > L+1. The estimator in (7), though useful when the quality
of the channel is unknown, is not effective when improved
channel estimates are available. The local averaging in the
estimator is subject to local noise variations in the received
symbol and is blind to the increased reliability of the channel
estimate which is computed using the à posteriori knowledge
of the received symbols at the end of the decoder. Thus, the
detector is simply set to equalize the received symbols using
the computed channel estimate after iteration 1.

A. Iterative Detector Complexity

The iterative receiver is proposed to offset the exponential
increase in complexity of the detector with increase in aver-
aging order, L. Recognize that the complexity of the receiver
involves two parts, detector and decoder. The design paradigm
is to have fewer iterations with smaller averaging order such
that, to achieve a set performance level ( say, optimal ML
performance), the complexity of the iterative scheme with
averaging order L1 is less than the non-iterative receiver with
averaging order L2, i.e.,

O(iTcNML1)+iC < O(TcNML2)+C for L2 > L1 (14)

where i is the number of iterations and C is the complexity
of the decoder.

Current implementations of the decoder are computationally
optimized and are routinely implemented in current generation
turbo receivers. However, the actual computational complexity
of the iterative receiver depends on the implementation of the
decoder. The decoder, like a standard log-MAP implementa-
tion, has complexity, C, of the order O

(
NTc(log2 M)c2ν−1

)
,

where c is the length of the codeword, ν is the constraint
length of the channel encoder. For higher order modulation
and small ν, the detector complexity is much higher than the
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Fig. 4. Block diagram of the proposed iterative receiver.

TABLE II

SIMULATION PARAMETERS

Parameters Specifications
FFT Size 64

Number of Active Carriers 48
Coding Rate 1

2
Cyclic Prefix Length 16

Sample Rate 20MHz
Signal Constellation QPSK
RMS Delay Spread 10ns

Coherence Time 48μs

decoder complexity. On the other hand, for large values of ν,
the decoder complexity dominates the detector complexity. It
turns out that with QPSK modulation and typical constraint
lengths used in practical systems, the overall complexity of
the receiver is dominated by the detector. We approximate the
overall complexity of the receiver as O(max (TcNML, C)).
Numerical values of the complexity are discussed in the
following section.

V. NUMERICAL RESULTS

The performance of the proposed receivers is studied using
numerical simulations of an OFDM system based on the
IEEE 802.11a wireless local area network (WLAN) standard
specification [16]. The standard specifies use of 48 data sub-
carriers, placed over a Fs = 20MHz channel at a carrier
frequency of 5.2GHz, using a N = 64 point IFFT and a
cyclic prefix of length 16. The four sub-carriers reserved
for the pilots in the standard are left unused. The simulated
channel is block fading, and the number of OFDM symbols
in the packet varied with the coherence time Tc. An RMS
delay spread of τd = 10ns and coherence time of 48μs
is considered. The long and short training symbols used for
channel estimation [16], are replaced by a single pilot symbol
and the receiver assumes perfect time, frequency and phase

synchronization. A rate 1
2 systematic recursive convolutional

code with generator matrix, G(D) =
[
1 D2+1

D2+D+1

]
is used

in tandem with a block interleaver of size (48 × log2(M)),
where M is the number of bits per symbol. The simulation
parameters are summarized in Table II.

A. Numerical Optimization of Pilot Power Fraction ρ

The average pilot power fraction, ρ, is a critical parameter
that determines the performance of the system. Qualitatively,
a large ρ implies more power to the pilots and hence better
channel estimate. However, a large ρ also implies lower
effective SNR for data symbols and consequently, higher
BER. Moreover, due to the interdependent nature of data
detection and channel estimation processes, a higher BER
results in a higher mean squared error (MSE) of the channel
estimate, computed using the estimated data, for the same ρ.
Thus studying and characterizing this trade-off is crucial in
optimizing system performance. In the first set of experiments,
we fix the averaging order, L = 2, and vary the pilot power
for a given signal to noise ratio (SNR). The plot of BER
versus pilot power fraction ρ is given in Fig. 5(a), for two
different values of SNR. For ρ > 0.5, the effective SNR of
the data symbols is very low, and meaningful BER cannot
be obtained; thus only values of ρ < 0.5 are considered. It
can be observed from Fig. 5(a) that the BER is minimized
for ρ = 0.05. It should also be noted that the numerical
optimization, does not minimize the BER at ρ = 0, which
suggests that a small amount of pilot energy super-imposed
on the data actually aids in the coherent detection of the data.
The initial reduction in the BER with small increase in ρ is
concurrent with the fact that the quality of the channel estimate
(mean squared error) improves with increasing pilot power.
Further increase in ρ results in an increase in BER due to
reduction in effective SNR. We plot the variation of the MSE
of the channel estimate f̂n from (11) versus ρ in Fig. 5(b) for
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(a) (b)

Fig. 5. (a) Optimization of the power ρ of the superimposed pilot using BER as metric. (b) MSE of the recomputed channel estimate with varying power
ρ of the superimposed pilot.

TABLE III

OPTIMAL VALUES OF THE PILOT SYMBOL POWER FRACTION ρ THAT

MINIMIZE THE BER AND MMSE WITH VARYING SNR AND COHERENCE

TIME. FOR BOTH BPSK AND QPSK MODULATIONS, THE VALUES ARE

OPTIMAL.

SNR = 3.542dB SNR = 7.542dB SNR = 11.542dB

Tc(μs) ρBER ρMMSE ρBER ρMMSE ρBER ρMMSE

48 0.05 0.1 0.05 0.1 0.05 0.1
128 0.1 0.15 0.1 0.15 0.08 0.1
256 0.1 0.2 0.1 0.15 0.08 0.1
512 0.15 0.25 0.15 0.2 0.1 0.15

2048 0.18 0.3 0.15 0.2 0.1 0.18
4096 0.2 0.3 0.15 0.2 0.15 0.2

two different values of SNR. The variation of the MSE with
ρ is similar to the behavior of BER; however the minimum
value of MSE occurs at ρ = 0.1. Further, the value of ρ
that minimizes BER is around 5% for other values of L. The
optimal ρ concurs with the result in [9] which states that the
BER is minimized when the pilot power is approximately 5%
of the total transmit power.

It must be noted that the optimal ρ holds only in the current
simulation set-up. For different coherence time Tc the optimal
values of the pilot power fraction that minimizes BER (ρBER)
and MMSE (ρMMSE) are summarized in Table III. It is seen
that with increasing block length for a given SNR, the optimal
ρ increases. Where as with increase in SNR, for a given
coherence time, the required ρ is smaller. For a coherence
time of Tc = 48μs, the optimal ρ = 0.05 minimizes the BER
for all SNRs. Therefore, we super-imposed the pilots at 5%
of the total transmit power for all our simulations. However,
a theoretical justification for ρ that minimizes BER or MMSE
still remains an open problem.

B. BER Performance

The BER of the proposed receiver are evaluated over 1000
independent realizations of the channel for different values

of the averaging order, L, and modulation order, M . In par-
ticular, we present results for BPSK and QPSK modulations
corresponding to M = 2, 4 respectively. The BER of the
proposed receivers are compared to the genie-aided receiver
which detects the data from the received signal assuming
perfect knowledge of the channel.

1) Non-Iterative Receivers: We now demonstrate the ef-
fectiveness of channel estimation with super-imposed pilots
using the proposed algorithm for an uncoded OFDM system.
The variation of BER with SNR for BPSK modulation using
averaging orders L = 3 and 5 is shown in Fig. 6(a). Also
shown is the performance of the genie-aided receiver, which
provides a lower bound on the BER of any iterative receiver.
Increasing averaging order improves the BER at a given SNR
due to improved channel estimation and efficient equalization
at each stage of the trellis. From the figure, we can see that
with averaging order, L = 5, the BER of proposed receiver
nearly equals the genie-aided receiver performance.

The proposed receiver’s performance with QPSK modula-
tion is given in Fig. 6(b). For comparison, the performance
of a conventional training based channel estimation method
is also shown. Training based channel estimation in 802.11a
use the transmitted long and short training symbols in the
preamble of the packet to estimate the channel. If there
are n pilot symbols, since the channel is block fading, the
channel estimate from the first n received symbols equalize the
channel in the (Tc −n) OFDM symbols that follow. It can be
clearly seen in Fig. 6(b) that the proposed system using super-
imposed pilots gives lower bit error rates than the conventional
estimation scheme employed in the 802.11a networks. We also
plot the BER of a genie-aided receiver. The BER of a genie-
aided receiver using QPSK modulation is analytically derived
in Appendix III and is given by,

PQPSK(E) =
1
2

(
1 −

√
γ̄b

γ̄b + 2

)
, (15)

where, γ̄b = (1−ρ)
N0

σ2
f , is the average signal to noise ratio and

σ2
f is the variance in the channel coefficients.
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(a) (b)

Fig. 6. (a) Uncoded BER of proposed receiver with BPSK modulation for different averaging orders. (b) Comparison of the performance of the proposed
receiver using QPSK modulation with the training based method used in 802.11a and the BER bound in (15).

For averaging order, L = 6, the performance of the
proposed receiver nearly equals the bound. Thus, increasing
the averaging order beyond 6 results in only a marginal
improvement in performance. Further, we recognize that using
averaging order to 4, results in a very small loss in perfor-
mance, but substantial savings in terms of complexity. Hence,
the proposed receiver offers graceful trade-off of complexity
with performance.

The BER of the proposed receiver with rate 1
2 channel

coding is shown in Fig. 7(a) for averaging orders L =
{2, 4, 5} and BPSK modulation. As in the uncoded case, the
performance of the receiver with channel coding at averaging
order, L = 5, almost equals that of the genie-aided based
receiver. Similarly, with QPSK modulation and the same rate
1
2 channel code, near-optimal BER is achieved at L = 6 as
shown in Fig. 8(a). We observe that the performance curves
plotted do not change with changing RMS delay spread or
the coherence time of the channel. The RMS delay spread is
adequately compensated by the length of the cyclic prefix in
the OFDM symbol, ensuring no ISI. Therefore no-ISI ensures
the invariance of the performance to the RMS delay spread.
We tested our algorithm for varying packet sizes with the
minimum size corresponding to a coherence time of 12.8μs
and found that the BERs did not vary with changes in the
length of the packet. The invariance in performance to the
coherence time is due to the fact that changes in coherence
time changes the number of OFDM symbols in the packet,
but the channel remains fixed.

2) Low Complexity Iterative Receivers: Recall that the goal
in designing iterative receivers is to achieve superior BER
(equalling lower bound if possible) at reduced complexity. The
performance of the iterative receiver with BPSK modulation
and averaging order, L = 2, is shown in Fig. 7(b). It can be
observed, that the BER after iteration 2 almost equals that of
the non-iterative genie-aided receiver. Further, most of the gain
of the iterative receiver is obtained after the second iteration.
Increasing the number of iterations beyond 2 result only in
marginal improvement in BER.

Also, from Fig. 7(b), it can be seen that the performance

TABLE IV

COMPLEXITY COMPARISON BETWEEN VARIOUS DETECTORS WITH QPSK

MODULATION AT NEAR-OPTIMAL PERFORMANCE. THE NUMBER OF DATA

SUB-CARRIERS IN 802.11A WLAN SYSTEM IS N = 48.

Detector Order of Complexity Typical Value(QPSK)
ML O(NTcMTc ) 48 × Tc × 4Tc

Viterbi O(NTcML) 48 × Tc × 46 = 196608Tc

iterative Viterbi O(iNTcML) 3 × 48 × Tc × 42 = 2304Tc

of the genie-aided receiver can also be improved with iter-
ation due to the exchange of soft information between the
detector and decoder. We also notice a performance gap of
1dB between the second iteration of genie-aided receiver
and the iterative receiver with L = 2. We observed using
simulations, that increasing the averaging order to L = 5,
the performance of the iterative receiver is nearly that of the
iterative genie-aided receiver, similar to the non-iterative case.
The performance improvement for the iterative receiver with
increasing averaging order is similar and is not shown.

The BER of an iterative OFDM system, with QPSK mod-
ulation is plotted in Fig. 8(b) for 4 iterations and averaging
order L = 2. The results are similar to the iterative receivers
using BPSK modulation, in that, there is very little gain after
the third iteration. But unlike in the BPSK case, we see that
the we achieve the performance of the genie-aided receiver
only at the third iteration.

VI. COMPLEXITY ANALYSIS

Of the detectors proposed in the paper, i.e., ML, Viterbi
and iterative Viterbi, ML is optimal. However, we showed
via simulations that Viterbi and iterative Viterbi perform near-
optimal at different complexities. The overall complexity of
each detector to achieve ML equivalent performance with
QPSK modulation is summarized in Table IV. While for
really fast fading channels (small Tc), the complexities of the
detectors may be comparable, for slow fading channels(large
Tc), the reduction in complexity with the iterative receivers is
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(a) (b)

Fig. 7. (a) Coded BER of proposed non-iterative receiver for different averaging orders, with BPSK modulation and channel coding rate 1
2

. (b) Coded BER
of proposed iterative OFDM receiver for averaging order L = 2, with BPSK modulation.

(a) (b)

Fig. 8. (a) Coded BER of non-iterative receiver for different averaging orders, with QPSK modulation and channel coding rate 1
2

. (b) Coded BER of iterative
receiver for averaging order L = 2, with QPSK modulation.

substantial. Since, the typical usage of WLANs is in stationary
and slow moving environments, where the channel is slow
fading, the effect of reduced complexity is emphatic.

The complexity of the iterative receiver with BPSK modu-
lation, set to perform only two iterations,i = 2, with averaging
order, L = 2, is substantially less than that of a non-iterative
receiver with averaging order, L = 5. The performance of
both the receivers under consideration, are almost the same
and are closest to the genie, as can be seen from Figs. 7(a)
and 7(b). In the current simulation set up, the number of
arithmetic operations in terms of the coherence time, Tc, for
two iterations of the iterative receiver with L = 2 is of the
order of O(max(2Tc×48×22, 2Tc×48×2×22)) = 768Tc. In
the same simulation set up, the non iterative receiver with L =
5 takes about O(max(Tc×48×25, Tc×48×2×22)) = 1536Tc

arithmetic operations in the detector. By using the iterative
process, the decoder saves about 50% in arithmetic operations
needed to achieve the same result as the non-iterative case for
block fading channels.

With QPSK modulation, the savings are more substantial.

The number of iterations required to achieve near optimality
is i = 3, with averaging order L = 2. Similar performance
with an non-iterative receiver is achieved at L = 6. The total
number of computations in the iterative receiver in terms of
the coherence time is calculated to be O(max(3Tc × 48 ×
42, 3Tc × 2× 48× 2× 22)) = 2304Tc operations. In the same
simulation set up, the non-iterative receiver needs O(max(Tc×
48 × 46, Tc × 48 × 24)) = 196608Tc arithmetic operations,
which amounts to about 98% savings in computational power.
It should be noted that in commercial applications, where a
larger constraint length channel code is used, the reduction in
complexity might not be this dramatic.

VII. CONCLUSION

High spectral efficiency is an important goal in designing
high rate, next generation transceiver systems. Pilots that are
linearly super-imposed on the data achieve that goal, in that,
there is no bandwidth expansion due to pilot symbols. In
this paper, we apply the concept of super-imposed training
for channel estimation in OFDM systems. Our approach in
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this paper was to leverage the presence of super-imposed
pilots to obtain better channel estimates while ensuring data
detection does not suffer. Such a complementing interplay
between channel estimation and data detection in the Viterbi
detector results in a near-optimal BER performance as has
been established by simulations. Further, we also showed that
the Viterbi detector with super-imposed pilots outperforms
the conventional training based channel estimation currently
used in 802.11a systems. We proposed iterative and non-
iterative receivers whose operating modes trade-off perfor-
mance and computational complexity. The BER performance
of the proposed receivers was invariant over a wide range
of channel coherence times. Hence, the proposed receivers
are applicable equally to fast and slow - varying channels.
The receivers’ robustness to multipath delays in the channel
makes it an attractive option for channel estimation in ultra
wide-band (UWB) systems where the number of multi-paths
are irresolvable.

A theoretical basis for optimal pilot power fraction that
minimizes the BER is still elusive. Future work in this area
should focus on optimizing pilot power fraction, sequence and
their placement in the data sequence. In this paper, we estimate
the channel at each sub-carriers independently without exploit-
ing the correlation of channel impulse response across sub-
carriers. It is our belief, that exploiting the correlation among
sub-carriers could help in designing simpler receivers. The use
of super-imposed pilots in systems with spatial diversity and
in multi-user environment is another rich area for exploration.

APPENDIX I
THE SOFT-OUTPUT VITERBI DETECTOR METRIC

We state in this appendix, relevant modifications to the
derivation of the metric for the soft-output Viterbi detector
given in [18]. The conditional probability density function,
g(rt/ut, f̂), of the received signal at time t, can be written
as:

g(rt/ut, f̂) =
1√
2πσ2

z

exp
[
− 1

2σ2
z

(rt − f̂(ut + pt))2
]

(16)

We define the transition probability, γt(ś, s), at time instant
t, between states St−1 = ś and St = s as,

γt(ś, s) = g(rt, St = s/St−1 = ś)
= g(rt/St = s, St−1 = ś)g(St = s/St−1 = ś)
= g(rt/ut, f̂)g(ut) (17)

For the Viterbi detector to choose the correct ML sequence,
the probabilities of surviving paths of all states in the trellis
need to be evaluated. Let ss

t be the states along the surviving
paths at state St = s at time t in the trellis. Probability that
ss
t is the correct path defined as g(ss

t/rj≤t) is given by,

g(ss
t/rj≤t) =

g(ss
t , rj≤t)

g(rj≤t)
∝ g(ss

t , rj≤t) (18)

The above simplification is valid because the received
symbol probability, g(rj≤t), is path independent. The inde-
pendence of noise values from one sample to another is used
to simplify g(ss

t/rj≤t) as,

g(ss
t , rj≤t) = g(sś

t−1, rj≤t−1)g(rt, s/ś)

= g(sś
t−1, rj≤t−1)γt(s, ś) (19)

The computation of the probability, g(ss
t , rj≤t), is funda-

mental to ML sequence computation in the Viterbi algorithm.
However, computing these probabilities can lead to numeri-
cally instability. Hence, for stable implementations, we take
the logarithm of the computed densities. We define the metric
of the surviving path, ss

t , as M(ss
t ), given by

M(ss
t ) = ln (g(ss

t , rj≤t))
= ln

(
g(sś

t−1, rj≤t−1)
)

+ ln (γt(s, ś)) (20)

Substituting the expression for γt(s, ś) from (17) in (20),
and expanding the logarithm, we get,

M(ss
t )=M(sś

t−1) + ln

(
1√

2πσ2
z

)

− 1
2σ2

z

|rt − f̂(ut + pt)|2

+
1
2

log2M∑
i=1

b̃i,n,tLa(bi,n,t) (21)

Ignoring the constant term, ln
(

1√
2πσ2

z

)
, we get the ex-

pression for the metric in (8).

APPENDIX II
BLOCK SOFT-IN SOFT-OUT (SISO) DECODER

This appendix describes the SISO algorithm that calculates
the soft output for the coded bit stream [30] based on MAP
algorithm. Consider a rate 1

2 systematic convolutional code.
Let dl be the input data symbol, cl be the output code symbol
at stage l in the trellis. The relation between the code word at
stage l in the trellis and the data estimates at time j and j +1
respectively is given by,[

dlcl

]
=
[
x̂j x̂j+1

]
(22)

We use the following identity:

a = log

[
L∑

i=1

eai

]
= max

i
{ai} + δ(a1, . . . , aL) = max

i

∗{ai}
(23)

where δ(a1, . . . , aL) is the correction term and that can be
computed using a look-up table [30]. The max∗ operation is
defined as maximization plus a correction term.

Define trellis edge, e, beginning at state ś(e) and ending
at s(e). Let

[
d̃l(e)c̃l(e)

]
be the codeword associated with the

edge e at stage l in the trellis. At stage l in the trellis, the
forward and backward recursion can be written as,

αl(s)= max
e:s(e)=s

∗{αl−1[ś(e)] + dl(e)d̃l(e) + cl(e)c̃l(e)} + hαl

βl(ś)= max
e:ś(e)=s

∗{βl+1[s(e)] + dl(e)d̃l(e) + cl(e)c̃l(e)} + hβl

with initial values α0(s) = 0 if s = S0, and α0(s) = −∞
otherwise, and βE(s) = 0 is s = SE and βE(s) = −∞
otherwise, where E is the terminating stage in the trellis, hαl

and hβl
are normalization constants used to prevent buffer

overflow.
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The soft value at the output of the decoder can be obtained
as,

La(dl) = max
e:d̃(e)=1

∗{αl[ś(e)] + γ∗
ld

(ś(e), s(e)) + βl+1[s(e)]}

− max
e:d̃(e)=−1

∗{αl[ś(e)] + γ∗
ld

(ś(e), s(e)) + βl+1[s(e)]}

La(cl) = max
e:c̃(e)=1

∗{αl[ś(e)] + γ∗
lc(ś(e), s(e)) + βl+1[s(e)]}

− max
e:c̃(e)=−1

∗{αl[ś(e)] + γ∗
lc(ś(e), s(e)) + βl+1[s(e)]}

where γ∗
ld

(ś(e), s(e)) = dld̃l + clc̃l + dlLe(dl)
2 and

γ∗
lc

(ś(e), s(e)) = dld̃l + clc̃l + clLe(cl)
2 .

Substituting for d̃ and c̃ in the expression for soft output
values and simplifying, we get,

La(dl) = 2dl + Le(dl) + { max
e:d̃(e)=1

∗[clc̃l + βl+1(s(e))]}
−{ max

e:d̃(e)=−1

∗[clc̃l + βl+1(s(e))]}

La(cl) = 2cl + Le(cl) + { max
e:c̃(e)=1

∗[dld̃l + βl+1(s(e))]}

−{ max
e:c̃(e)=−1

∗[dld̃l + βl+1(s(e))]}

which when converted to the correct time index using (22)
gives the expression in (13).

APPENDIX III
BER CHARACTERIZATION OF QPSK SIGNALS WITH

SUPER-IMPOSED PILOTS

Let f̂n denote the estimate of the channel for subcarrier n.
For a given f̂n, the transmitted symbols can be recovered from
the received symbols in (3) as,

ûn,t =
fn

f̂n

(un,t + pn,t) +
zn,t

f̂n

− pn,t (24)

The channel estimate f̂n is assumed to have a complex
Gaussian distribution with zero mean and variance σ2

f̂
. Thus,

the amplitudes |fn| and |f̂n| are Rayleigh distributed and
their joint distribution is a bivariate Rayleigh distribution,
g(|fn|, |f̂n|). Denote the bit error probability conditioned on
|fn| and |f̂n| as g(ûn,t 
= un,t/|fn|, |f̂n|). Then, the average
bit error rate is given as [35],

P (E) =
∫ ∞

0

∫ ∞

0

g(ûn,t 
= un,t/|fn|, |f̂n|)
g(|f |n, |f̂n|)d|fn|d|f̂n| (25)

The bits are mapped using a gray code to the real and
imaginary parts of the modulated symbol. With this mapping,
the demodulation is a simple sign detection of the real and
imaginary parts independently. Due to symmetry, the BERs
of both the MSB and LSB are equal. Hence, the conditional
BER can be evaluated as,

g(ûn,t 
= un,t/|fn|, |f̂n|) =
1
2
[PMSB(E) + PLSB(E)]

= PMSB(E) (26)

Since the noise variance is σ2
z

|f̂n|2 , we can write the bit error

probability of the MSB conditioned on knowing |fn| and |f̂n|

as [15],

PMSB(E) = Q

⎛
⎝ |fn|

|f̂n|d
σz

|f̂n|

⎞
⎠ = Q

( |fn|d
σz

)
, (27)

where d is the minimum distance between QPSK constellation
points. The average energy in the constellation is 2d2 and

can be expressed as d =
√

(1−ρ)Eb

2 . Substituting for d2 and

σz =
√

N0
2 in (27), the conditional bit error rate when the

MSB is in error is given by,

PMSB(E) = Q

⎛
⎝
√

|fn|2(1 − ρ)Eb

N0

⎞
⎠ . (28)

Since the conditional distribution is independent of |f̂n|,
the average bit error rate for QPSK modulated symbols is
obtained by averaging the conditional BER over the marginal
distribution of |fn|.

PQPSK(E) =
∫ ∞

0

Q

⎛
⎝
√

|fn|2(1 − ρ)Eb

N0

⎞
⎠ g(|fn|)d|fn|

(29)
where, g(|fn|) is the Rayleigh distribution given by p(|fn|) =
2|fn|

γ̄b
e
(− |fn|2

γ̄b
) where, γ̄b = (1−ρ)Eb

N0
σ2

f , is the average signal
to noise ratio. The integral in (29) evaluates to the following
expression [15],

PQPSK(E) =
1
2

(
1 −

√
γ̄b

γ̄b + 2

)
. (30)

REFERENCES

[1] A. Bahai and B. Saltzberg, Multicarrier Digital Communications: The-
ory and Applications of OFDM. New York: Kluwer Academic, 1999.

[2] S. Coleri, M. Ergen, A. Puri, and A. Bahai, “Channel estimation
techniques based on pilot arrangement in OFDM systems,” IEEE Trans.
Broadcasting, vol. 27, no. 3, pp. 223–229, Sep. 2002.

[3] L. Tong, B. M. Sadler, and M. Dong, “Pilot-assisted wireless transmis-
sions - General model, design criteria, and signal processing,” IEEE
Signal Processing Mag., vol. 21, no. 6, pp. 12–25, Nov. 2004.

[4] H. Liu, G. Xu, L. Tong, and T. Kailath, “Recent developments in blind
channel equalization: From cyclostationarity to subspaces,” IEEE Trans.
Signal Processing, vol. 50, no. 1-2, pp. 83–99, Apr. 1996.

[5] B. Muquet, M. de Courville, and P. Duhamel, “Subspace based blind
and semi-blind channel estimation for OFDM systems,” IEEE Trans.
Signal Processing, vol. 50, no. 7, pp. 1699–1712, July 2002.

[6] A. Petropulu, R. Zhang, and R. Lin, “Blind OFDM channel estimation
through simple linear precoding,” IEEE Trans. Wireless Commun., vol.
3, no. 2, pp. 647–655, Mar. 2004.

[7] C. Kastenholtz and W. Birkemeir, “A simultaneous information transfer
and channel sounding modulation technique for wide-band channels,”
IEEE Trans. Commun. Technol., pp. 162–175, June 1965.

[8] B. Farhang-Boroujeney, “Pilot-based channel identification: Proposal
for semi-blind identification of communication channels,” IEE Electron.
Lett., vol. 31, no. 13, pp. 1044–1046, June 1995.

[9] P. Hoeher and F. Tufvesson, “Channel estimation with super-imposed
pilot sequence,” in Proc. IEEE Global Commun. Conf., Dec. 1999, pp.
2162–2166.

[10] G. Zhou, M. Viberg, and T. Mckelvey, “Super-imposed periodic pilots
for blind channel estimation,” in Proc. 35th Asilomar Conf. Signals,
Syst., Computers, Nov. 2001, pp. 653–657.

[11] N. Chen and G. Zhou, “A superimposed periodic pilot scheme for semi-
blind channel estimation of OFDM systems,” in Proc. 10th IEEE DSP
Workshop, Oct. 2002, pp. 362–365.

[12] J. Tugnait and W. Luo, “On channel estimation using super-imposed
training and first order statistics,” in Proc. IEEE International Conf.
Acoustics, Speech, Signal Processing, Apr. 2003, pp. 624–627.



JOSIAM AND RAJAN: BANDWIDTH EFFICIENT CHANNEL ESTIMATION USING SUPER-IMPOSED PILOTS IN OFDM SYSTEMS 2245

[13] A. G. Orozco-Lugo, M. M. Lara, and D. C. McLernon, “Channel
estimation using implicit training,” IEEE Trans. Signal Processing, vol.
52, no. 1, pp. 240–254, Jan. 2004.

[14] J. Terry and J. Heiskala, OFDM Wireless LANs: A Theoretical and
Practical Guide, 1st ed. Indianapolis, IN: Sams Publishing, 2001.

[15] J. Proakis, Digital Communications, 4th ed. New York: McGraw-Hill,
1996.

[16] Wireless LAN medium access control (MAC) and physical layer (PHY)
specifications, IEEE Standard 802.11a, pt. 11, Apr. 1999.

[17] F. Tufvesson, M. Faulkner, P. Hoeher, and O. Edfors, “OFDM time and
frequency synchronization by spread spectrum pilot technique,” in Proc.
8th Commun. Theory Mini-Conf./IEEE ICC, June 1999, pp. 115–119.

[18] J. P. Woodward and L. Hanzo, “Comparative Study of turbo decoding
techniques: An overview,” IEEE Trans. Veh. Technol., vol. 49, no. 6, pp.
2208–2233, Nov. 2000.

[19] J. Hagenauer and P. Hoeher, “A Viterbi algoritm with soft-decision
outputs and its applications,” in Proc. IEEE Global Commun. Conf.,
Nov. 1989, vol. 3, pp. 1680–1686.

[20] J. Hagenauer, “Source-controlled channel decoding,” IEEE Trans. Com-
mun., vol. 43, no. 9, pp. 2449–2457, Sep. 1995.

[21] G. M. Vitetta and D. P. Taylor, “Maximum likelihood sequence estima-
tion of uncoded and coded PSK signals transmitted over Rayleigh fading
channels,” IEEE Trans. Commun., vol. 43, no. 11, pp. 2750–2758, Nov.
1995.

[22] L. R. Bahl, J. Cocke, F. Jelinek, and J. Raviv, “Optimal decoding of
linear codes for minimizing symbol error rate,” IEEE Trans. Inform.
Theory, vol. 20, pp. 284–287, Mar. 1974.

[23] G. Bauch, H. Khorram, and J. Hagenauer, “Iterative equalization
and decoding in mobile communications systems,” in 2nd European
Pers. Mobile Commun. Conf./ITG-Fachtagung Mobile Kommunikation,”
VDE/ITG, Sep./Oct. 1997, pp. 307–312.

[24] A. Anastasopoulos and K. M. Chugg, “Adaptive soft-input soft-output
algorithms for iterative detection with parametric uncertainty,” IEEE
Trans. Commun., vol. 48, no. 10, pp. 1638–1649, Oct. 2000.

[25] M. C. Valenti and B. D. Woerner, “Iterative channel estimation and
decoding of pilot symbol assisted turbo codes over flat-fading channels,”
IEEE J. Select. Areas Commun., vol. 19, pp. 1697–1705, Sep. 2001.

[26] C. Komninakis and R. D. Wesel, “Joint iterative channel estimation
and decoding in flat correlated Rayleigh fading,” IEEE J. Select. Areas
Commun., vol. 19, pp. 1706–1717, Sep. 2001.

[27] B. Mielczarek and A. Svensson, “Improved iterative channel estimation
and turbo decoding over flat-fading channels,” in Proc. IEEE Veh.
Technol. Conf., Sep. 2002, vol. 2, pp. 975–980.

[28] H. El Gamal and E. Geraniotis, “Iterative channel estimation and
decoding for convolutionally coded anti-jam FH signals,” IEEE Trans.
Commun., vol. 50, no. 2, pp. 321–331, Feb. 2002.

[29] M. Tüchler, R. Koetter, and A. Singer, “Turbo equalization: Principles

and new results,” IEEE Trans. Commun., vol. 50, no. 5, pp. 754–767,
May 2002.

[30] S. Benedetto, D. Divsalar, G. Montorsi, and F. Pollara, “Serial con-
catenation of interleaved codes: Performance analysis, design and it-
erative decoding,” TDA Progress Report 42-126, Apr.–June 1996, Jet
Propulsion Lab., Pasadena, CA, pp. 1–26, Aug 1996. [Online.] (Avail-
able: http://tmo.jpl.nasa.gov/tmo/progress_report/
42-126/126D.pdf

[31] S. Benedetto, D. Divsalar, G. Montorsi, and F. Pollara, “A soft-input
soft-output APP module for iterative decoding of concatenated codes,”
IEEE Commun. Lett., vol. 1, no. 1, pp. 22–24, Jan. 1997.

[32] P. Robertson, P. Hoeher, and E. Villebrun, “Optimal and sub-optimal
maximum a posteriori algorithms suitable for turbo-decoding,” European
Trans. Telecommun., vol. 8, pp. 118–125, Mar./Apr. 1997.

[33] S. Tsai, T.-T. Chen, and J. S. Lehnert, “Implementation of fixed-
delay soft-output algorithms,” in Proc. IEEE Military Commun. Conf.,
Oct. 1998, vol. 3, pp. 993–997.

[34] K. M. Chugg and X. Chen, “Efficient architectures for soft-output
algorithms,” in Proc. IEEE Int. Conf. Commun., June 1998, pp. 126–130.

[35] X. Tang, M.-S. Alouini, and A. Goldsmith, “Effect of channel estimation
error in M-QAM BER performance in Rayleigh fading,” IEEE Trans.
Commun., vol. 47, no. 12, pp. 83–99, Dec. 1999.

[36] K. Josiam and D. Rajan, “Bandwidth efficient channel estimation using
super-imposed pilots,” in Proc. 39th Conf. Inform. Science Syst., Mar.
2005.

Kaushik Josiam (S’01) received his B.E. degree
in electronics and communications engineering form
Bangalore University Visvesvaraya College of Engi-
neering, Bangalore, India in 2001 and a M.S. degree
in electrical engineering from Southern Methodist
University, Dallas in 2004. He is currently a PhD
candidate at SMU. His research interests are in
wireless communications, information theory and
communication theory.

DineshRajan (M’02) is currently an Assistant
Professor in the electrical engineering department
at SMU. Dinesh received his Ph.D(2002) and
MS(1999) in electrical and computer engineering
from Rice University and his B.Tech (1997) from
IIT, Madras, India. As a senior graduate student,
he worked at Nokia Research Centers in Irving
and Helsinki during summers of 1998 and 1999.
He received an NSF CAREER award in 2006. His
research interests are in information theory, wireless
communication and networking.



<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /All
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo true
  /PreserveFlatness true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 300
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 300
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile ()
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000500044004600206587686353ef901a8fc7684c976262535370673a548c002000700072006f006f00660065007200208fdb884c9ad88d2891cf62535370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef653ef5728684c9762537088686a5f548c002000700072006f006f00660065007200204e0a73725f979ad854c18cea7684521753706548679c300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA <>
    /JPN <>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020b370c2a4d06cd0d10020d504b9b0d1300020bc0f0020ad50c815ae30c5d0c11c0020ace0d488c9c8b85c0020c778c1c4d560002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken voor kwaliteitsafdrukken op desktopprinters en proofers. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Use these settings to create Adobe PDF documents for quality printing on desktop printers and proofers.  Created PDF documents can be opened with Acrobat and Adobe Reader 5.0 and later.)
  >>
  /Namespace [
    (Adobe)
    (Common)
    (1.0)
  ]
  /OtherNamespaces [
    <<
      /AsReaderSpreads false
      /CropImagesToFrames true
      /ErrorControl /WarnAndContinue
      /FlattenerIgnoreSpreadOverrides false
      /IncludeGuidesGrids false
      /IncludeNonPrinting false
      /IncludeSlug false
      /Namespace [
        (Adobe)
        (InDesign)
        (4.0)
      ]
      /OmitPlacedBitmaps false
      /OmitPlacedEPS false
      /OmitPlacedPDF false
      /SimulateOverprint /Legacy
    >>
    <<
      /AddBleedMarks false
      /AddColorBars false
      /AddCropMarks false
      /AddPageInfo false
      /AddRegMarks false
      /ConvertColors /NoConversion
      /DestinationProfileName ()
      /DestinationProfileSelector /NA
      /Downsample16BitImages true
      /FlattenerPreset <<
        /PresetSelector /MediumResolution
      >>
      /FormElements false
      /GenerateStructure true
      /IncludeBookmarks false
      /IncludeHyperlinks false
      /IncludeInteractive false
      /IncludeLayers false
      /IncludeProfiles true
      /MultimediaHandling /UseObjectSettings
      /Namespace [
        (Adobe)
        (CreativeSuite)
        (2.0)
      ]
      /PDFXOutputIntentProfileSelector /NA
      /PreserveEditing true
      /UntaggedCMYKHandling /LeaveUntagged
      /UntaggedRGBHandling /LeaveUntagged
      /UseDocumentBleed false
    >>
  ]
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


