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ABSTRACT

Orthogonal Frequency Division Multiplexing
(OFDM) has recently been proposed to used
in Wireless Local Area Networks (WLAN)
standards like IEEE 802.11 and ETSI HIPER-
LAN/2. For these systems the receiver re-
quires channel state information for decoding.
In this paper, we propose a novel improved
channel estimation algorithm for OFDM based
WLAN systems. The performance of the pro-
posed channel estimation is demonstrated by
computer simulations.

1. INTRODUCTION

OFDM (Orthogonal Frequency Division Mul-
tiplexing) is a multi-carrier block modulation
scheme which is highly efficient since it al-
lows for spectral overlap. OFDM transforms
a frequency selective fading channel into mul-
tiple narrow flat fading parallel sub-channels.
This increases the symbol duration and mit-
igates inter-symbol interference (ISI) caused
due to multipath [1, 2]. OFDM has been in-
corporated in high-bit rate wireless LANs like
IEEE 802.16a and HiperLAN/2. It is also
being strongly considered for the emerging
IEEE 802.11a and IEEE-ISTO BWIF.

In the receiver, channel estimation is re-
quired for equalization and decoding. Typ-
ically channel estimation in OFDM is done
by using a simple operation in the frequency
domain independently in all the sub-carriers.

This method does not exploit the correlation
among the channel estimates in the various
sub-channels. Exploiting this correlation we
can get better channel estimates by trans-
forming the frequency domain channel esti-
mates to time domain. In the time domain
a windowing operation along with a correc-
tion operation is required. Finally by trans-
forming back to frequency domain we can get
channel estimates which can directly be used
in equalization and decoding. This improves
the receiver performance and we have demon-
strated the improvement in Normalized Mean
Square Error (NMSE) of the channel estimates
using computer simulations.

2. OFDM SYSTEM

A block diagram of a conventional OFDM
system is as shown in Fig. 1. In the trans-
mitter, the serial-to-parallel converter collects
blocks of K serial data symbols to be modu-
lated by the Inverse Discrete Fourier Trans-
form (IDFT). The serial-to-parallel converter
can also be viewed as a time-to-frequency map-
per. K is usually a power of 2 to facilitate
the use of the Fast Fourier Transforms (FFT).
Denoting s[n, k] as the signal modulating the
kth sub-channel during the nth block, the IDFT
generates the required time domain OFDM
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Figure 1: (a) Generic OFDM Transmitter (b)
Generic OFDM Receiver

symbol as,

x[n, l] =
1√
K

K−1
∑

k=0

s[n, k] exp

(

j2πlk

K

)

,

l = 0, 1, .., K − 1 (1)

The OFDM symbol duration is KTs where
Ts is the incoming data symbol duration. A
cyclic prefix (CP) of length L which is the
repetition of the last L samples of the IDFT
is prepended for each block. This causes the
overall symbol duration of the OFDM block
to be PTs, where, P = K + L. The CP
acts like a guard interval between successive
OFDM symbols and prevents intersymbol in-
terference (ISI) if the channel impulse response
length is less than or equal to the length of
the CP [2]. The received time domain sig-
nal y[n, l] is a linear convolution of x[n, l] and
the channel impulse response h[n, l]. The CP

transforms this linear convolution into cyclic
convolution. Thus,

y[n, l] = x[n, l](∗)h[n, l] + wt[n, l] (2)

where, (∗) denotes cyclic convolution and
wt[n, k] is Additive White Gaussian Noise.

In the receiver, the CP is first discarded
and then a K-point DFT is applied. The
DFT demodulates the time domain OFDM
signal generating r[n, k] the received signal in
the kth sub-channel and nth block as follows,

r[n, k] =
1√
K

K−1
∑

l=0

y[n, l] exp

(

−j2πlk

K

)

,

k = 0, 1, .., K − 1 (3)

The parallel-to-serial converter transforms bl-
ocks into serial output symbol stream. It also
can be viewed as a frequency-to-time mapper.
From (1), (2) and (3), we get,

r[n, k] = H[n, k]s[n, k] + w[n, k],

k = 0, 1, .., K − 1 (4)

where,

H[n, k] =
1√
K

K−1
∑

l=0

h[n, l] exp

(

−j2πlk

K

)

,

w[n, k] =
1√
K

K−1
∑

l=0

wt[n, l] exp

(

−j2πlk

K

)

,

k = 0, 1, .., K − 1

This implies the frequency selective channel is
transformed into K parallel flat sub-channels
with gains given by the DFT of h[n, k]. This
makes frequency domain equalization simple
at the receiver.

3. CHANNEL MODELING AND

ESTIMATION

3.1. Wireless Channel Model

The complex baseband channel representa-
tion of the wireless channel impulse response



can be described as,

h(t, τ) =
∑

k

νk(t)δ(τ − τk)

where, τk is the delay of the kth path and
νk(t) is the corresponding complex amplitude.
Discretising the above model, i.e., h[n, l] =
h(nTf , lTs) and applying DFT yields

H[n, k] =
1√
K

K0−1
∑

l=0

h[n, l] exp

(

−j2πkl

K

)

where, H[n, k] = H(nTf , k∆f), K is the num-
ber of sub-channels of an OFDM block, Tf

and ∆f are the block duration and sub-channel
spacing of the OFDM system, respectively,
and Ts is the sample interval of the system
that relates to ∆f by Ts = 1

K∆f . In the
above expression, K0 is the channel delay spread
in samples or channel impulse response length
which is usually much less than K (K0 <<
K).

3.2. Channel Estimation

A simple technique to do channel estimation
is to send pilot signal t[n, k] during training
in all the sub-channels.

r[n, k] = H[n, k]t[n, k] + w[n, k]

k = 0, 1, .., K − 1. (5)

The channel estimation is done in the fre-
quency domain independently in all the sub-
channels. The channel estimates HFDE [n, k]
are obtained by a simple division of the re-
ceived signal r[n, k] and the training signal
t[n, k] and we refer this as Frequency Domain
Estimation (FDE),i.e,

HFDE [n, k] = r[n, k]/t[n, k]

k = 0, 1, .., K − 1. (6)

This technique is simple to implement how-
ever fails to take into account the correla-
tion in the channel estimates. In the pro-
posed channel estimation we exploit the cor-
relation of channel estimates in the frequency
domain by transforming to time domain. We
know that the channel estimates in the time
domain is typically limited to delay spread
length (K0) which is less than cyclic prefix
length (L). Hence windowing only the re-
quired first K0 channel estimates in the time
domain helps to zero out the noise which would
otherwise be present and results in better chan-
nel estimates. Then transforming back to fre-
quency domain gives the required improved
channel estimates. Expressing in equations,
we get,

hFDE [n, l] =
1√
K

K−1
∑

k=0

HFDE [n, k] exp

(

j2πkl

K

)

,

l = 0, 1, .., K − 1

hPRO[n, l] = hFDE [n, l]γ[n, l], l = 0, 1, .., K−1

γ[n, l] =

{

1, l = 0, 1, .., K0 − 1
0, l = K0, K0 + 1, .., K − 1

}

HPRO[n, k] =
1√
K

K−1
∑

l=0

hPRO[n, l] exp

(

−j2πlk

K

)

,

k = 0, 1, .., K − 1

where, hFDE [n, l] is IDFT of HFDE [n, k], γ[n, k]
is the time domain window, hPRO[n, l] is win-
dowed channel estimates in the time domain
and HPRO[n, k] is frequency domain channel
estimates obtained using the proposed tech-
nique.

4. CHANNEL ESTIMATION IN

IEEE 802.11A

The proposed channel estimation approach
described in the previous section which ex-
ploits frequency correlation has an inherent
assumption that the channel estimates HFDE

are available for all the sub-channels. We re-
fer this approach as ideal but impractical with



reference to IEEE 802.11a systems since it is
not possible to use the DC sub-channel and
eleven sub-channels in the center. This is be-
cause these sub-channels falls in the guard
band of the frequency spectrum and hence
not usable due to the possibility of interfer-
ence from a neighboring IEEE 802.11a sys-
tem. The approach discussed in the previ-
ous section is actually a special case of Least
Squares (LS) formulation. Hence, the gener-
alized LS approach is a more pragmatic method
for channel estimation in IEEE 802.11a sys-
tems. In order to formulate the LS approach
mathematically as in [3], we first represent (5)
and (6) describing the FDE approach in ma-
trix notation (all bold alphabets are vectors
or matrices), i.e.,

HFDE = H + w (7)

where, HFDE is vector of frequency domain
channel estimates obtained by using the FDE
approach at sub-channels where channel sound-
ing is possible and hence it is a 52x1 vector for
IEEE 802.11a, H is vector of the actual chan-
nel coefficients in these sub-channels and w

is an i.i.d complex zero mean white Gaussian
noise vector. Substituting the product of F

Fourier Transform matrix (52xK0) and time
domain channel coefficient vector h(K0x1) for
H ,we get,

HFDE = Fh + w (8)

where,

F =



































1 e−i2π/K .. e−i2π(K0−1)/K

1 e−i4π/K .. e−i4π(K0−1)/K

. . . .

. . . .

1 e−i52π/K .. e−i52π(K0−1)/K
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Using the standard LS solution [5], we get
the LS channel estimates in time domain hLS

(K0x1) as,

hLS = (FH
F)−1

F
H
HFDE (9)

The above expression can be thought as a
two step process, where the first FHHFDE

is very similar to previously discussed chan-
nel estimation and is essentially a transfor-
mation (using a 52 point DFT) to time do-
main and windowing only the first K0 chan-
nel estimates and the second step (FHF)−1 is
the correction term due to fact that F is not
a complete KxK0 Fourier transform matrix.
Finally the frequency domain LS channel esti-
mates HLS are obtained by transforming the
time domain LS channel estimates hLS using
the F operation, i.e.,

HLS = FhLS (10)

Moreover, FHF (K0xK0) happens to be a
toeplitz matrix and hence its inverse could
be evaluated using Levinson Durbin recursion
with much lower complexity O(K2

0 ) rather than
the usual techniques like Gauss elimination
with complexity O(K3

0 ) [4].

5. SIMULATION AND RESULTS

An OFDM based IEEE 802.11a system was
simulated in a delay spread channel with K0 =
16 having a exponential power delay profile
(pdp). The parameters of the OFDM are as
per IEEE 802.11a standard with a bandwidth
of 20 MHz divided into K = 64 sub-channels
yielding a sub-channel spacing ∆f = 312.5
kHz. To make the sub-channels orthogonal,
the OFDM symbol duration is 1

∆f = 3.2µs.
An additional 0.8µs is used as guard interval
i.e. CP of L = 16. The channel estimation
was done using the FDE, ideal (impractical
in IEEE 802.11a) and LS based methods and
their performance are compared in terms of
Normalized Mean Square Error (NMSE) de-
fined as

NMSE =

∑

k |Hest[n, k] − H[n, k]|2
∑

k |H[n, k]|2



The NMSE of the proposed LS based method
is 5.0 dB better than FDE method as shown
in Fig. 2. Also the ideal channel estimation is
6.0 dB better than FDE but it is impractical
for IEEE 802.11a systems.
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Figure 2: Performance comparison of various
channel estimation methods

6. CONCLUSIONS

In this paper we have presented a novel im-
proved channel estimation algorithm based on
LS technique for OFDM based IEEE 802.11a.
The performance of the proposed scheme is
better than FDE method. However it is slightly
more complex as it involves matrix inversion
and two DFT operations. It is possible to ex-
tend this algorithm to transmitter diversity
and Multiple Input Multiple Output (MIMO)
OFDM systems using techniques proposed in
[6] or similar techniques.
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