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Abstract—In wireless OFDM applications, since the radio
channel is frequency selective and time-varying, a dynamic
estimation of channel must be achieved before the demodulation
of the transmitted OFDM signals. As an effective approach
for solving the channel estimation problems, the pilot-assisted
channel estimation technique has received considerable attention
in recent years. In this paper, we will investigate the channel
estimation error in the existed pilot-assisted channel estimation
approaches in detail, a new effective channel estimation approach
with lower estimation error is proposed as well.

1. INTRODUCTION

In high speed wireless OFDM systems, the channel es-
timation can be achieved by the pilot-assisted scheme, this
technique has been studied for several years [1]{2]. In this
scheme, the channel is usually assumed to bave a finite-length
impulse response, a cyclic prefix which is longer than the
channel impulse response is put between consecutive symbol
blocks for avoiding inter-channel interference (ICI) and pre-
serving the orthogonality of the subcarriers. The pilot symbols
are inserted at selected two-dimensional time-frequency pilot
locations, the channel estimation is achieved by estimating the
channel attenuations in frequency domain using least square
(LS) method or linear minimum mean square error (LMMSE)
method [3].

In this paper, we will present an analysis of the esti-
mation error in the existed pilot-assisted channel estimation
approaches for multipath Rayleigh fading channels. The paper
is organized as follows. In Section 2, the OFDM systems
and channel models are represented. The analysis of channel
estimation is provided in Section 3, an improved channel
estimation algorithm is also proposed in this section. The
simulation results are presented in Section 4.

II. SYSTEM MODEL AND CHANNEL ESTIMATION
A. OFDM System Model

A baseband OFDM system model is shown in Fig. 1, where
{X.} is the transmitted paralle]l complex symbol sequence
with symbol rate f, = 1/NT,. The serial time-domain
sequence {z,} with data rate 1/7, is obtained by taking
IDFT on {X.}. The cyclic prefix (CP) of time length T,
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A iaaseband model of OFDM system

Fig. 1.

is used to eliminate inter-channel interference and preserve
the orthogonality of the subcarriers, the D/A converter which
contains ideal low-pass filter with bandwidth W, = 1/T,
converts the digital signal {z,} into the transmitted analog
signal z(t).

At receiver, the input analog signal y{t) is discretized with
sampling rate 1/T, 1o obtain the digital data sequence {y,}.
Removing the cyclic prefix from {y,} and then performing
DFT on it, we obtain the received symbol sequence {Yr,}.

B. Channel Model

The channel model considered throughout the paper is a
multipath Rayleigh fading channel with ttme-varymg finite
impulse response [1]{3], which can be written as

7) = z_ Bon (8)8 (7 — Tm (2))
m=0

where M is the total number of the propagation paths of
channel, k., (t) and T.,,(¢) are the attenuation coefficient and
excess delay, respectively, of the mth path component at time
t. The excess delay ,,,(¢) is required to satisfy the condition
0 < 7,(t) < T,, which ensures the éntire impulse response
lies inside the guard interval. The corresponding frequeucy
response of channel is

)]

—jzm'm(t)f

H(t, f) = Z R
Furthermore, the channel A(t, 7) is also assumed to be a wide-
sense stationary uncorrelated scattering and slow fading chan-
nel {4][5], in which' case the channe! attenuation coefficient
hm(t) and the excess delay 7.(¢) can remain constant during
one symbol duration. Thus, the channel can be treated as a set
of parallel independent stationary complex-valued Gaussian
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processes. The attenuation on the nth subcarrier with carrier
frequency fn = - during the pth symbol can be written as

n M1 2nTp. mn
Hp,n =H (pT1 ‘ﬁ"ﬁ) = ';] h:p,me_:’ * (3)
where T is the symbol duration with T = NT, + T,
and Ay = B (pT), Tom = Tm(pT). For simplifying the
discussion, we consider the case that only one symbol is
transmitted in each sub-channel, thus we can drop the time
(OFDM symbol) index p from the (3) to obtain

M-1
Ho= Y hpe 7R @

m=0

Consequently, the corresponding observed channel impulse
response {h,} is the IDFT of {H,.}.

II1. CHANNEL ESTIMATION
A. Analysis of Channel Estimation Error

The pilot-assisted channel-estimation problem is usually
formulated to estimate the channel attenuations {H,} from
the received data {Y,.} and the transmitted data {X,} [2](3].
Since Y, = X H, + N, where {N,} is the additive
Gaussian white noise of the channel, which is independent and
uncorrelated with the channel, the channel attenuation estimate
{Ha} can then be written as

Ya N,
x, ~Htx,

Thus, maximum likelihood (ML) method or LMMSE method
can be adopted to estimate the channel attenuations. For
holding the equation Y, = X, H, + N, the channel excess
delay T, is usually assumed to be equal to mT,. However,
this assumption is seldom satisfied in practice [6]. In that case,
it will be demonstrated next that even for an ideal channe!
without noise, the proposed approaches based on (5) can not
provide a good estimate of the channel attenuations. '

H,= (5

Without loss of generality, consider a multipath fading
channel whose excess delay 7y, equals Tg2, where K is an
integer, then the channel impnlse response can be represented

by
M-t
mT,
0-Lm(-F) o

Notice that the transmitted signal can be written as

N-1

zc(t)_z:c,, t—nT)

n=0

M

If we upsample the data sequence {x,} with thé upsampling
rate K, then we can obtain a new date sequence {#i} with

2y = z, if and only if k = nK or £; =0 elsewhere. Thus,

z(t) can be also expressed as

KN-1
kT,
P (z - —K—) ®)

k=0

a(t) =

Al receiver, discretizing the received signal y(t) with the
sampling rate T‘! then the obtained data sequence {%x} can
be written as §x = #; ® h,,, where ® denotes the circular
convolution. Let {Xk} {Hk} and {Yk} be the DFTs of the
data sequences {Zx}, {hm} and {§i}, respectively, with the
length of KN, then we have Y, = Xy H;.

For the upsampling transceiver system described above,
the data sequences {yn}, which is obtajned by discretizing
the signal y(¢) with sampling rate T* equals the sequence
downsampled from {fr} with downsamplmg rate K, ie
Yn = Px if and only if n = ? and y, =:.c,,<8>.’zl )
where {RG:K )} is the sequence downsampled from {h,,} with
downsampling rate K. Let

Y(I)=Flwa), V()= F () )

where & () denotes discrete time Fourier transform, then from

{7], we have
)

- then we can obtain

K-1
1 (10)

k=0

Discretizing the frequency at f =

K-1
n+ kN 1 -
Y. KZ (*% )vgkz_ol’nw an
Similarly, it can also be proved that
- T ks
Xp=X,, HF == Z iy (12)

k:
where {HS Y is the N-point DFT of {h{%}.

Thus, for the system model présented in Section 2, it can
be verified that in the case of ideal channel without noise, the
channel attenuation estimate obtained in (5) is

= Y, K
= 2" . gUK)
H, X H}

m

(13)

On the other hand, substituting 7, = 522 into (4), we can
see that the estimated channel attennations should be

M-1

n—Z:ohme zwm“_ﬁn‘—%

(14)
From (12), we know that H, #+ H,(,lK) for0<n<N-1lin
general, it demonstrates that even for the case of ideal channel,
the channel estimation approaches based on (5) can not give
us an accurate estimate of the channel attenuation.
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Fig Comparison between the channel attenuation { Hy, } and the estimate
{Hn} obtained from the existed algorithm

B. Improved Channel Estimate

In the previous section, it has been shown that the channel
estimation algorithms based cn (5) may have estimation error
even for ideal channels. In this section, we will investigate the
methods to reduce this type of estimation error.

Without loss of generality, we can divide the channel models
into two classes. For the first type of system model, the channel
excess delay 7, is assumed to equal 1’-}-{7-1 For the second
type of channel model, the channel excess delay 7., is not a
rational number. In this case, we can however always choose
an integer K, such that |'rm - ﬁﬂk&[ < & « 0, where = is an
arbitrary constant. Thus we can use ﬁn;-{L as an approximation
of 7,,, and ignore the difference between 7, and £21=_In the
previous section, it has been demonstrated that for the channel
model with the channel excess delay 7., —er the channel
attenuations {H,, } are equal to the first V elements of {Hk}
s0 if we can get an accurate estimate of {H  }» then the channel
attenuation {H,} will be obtained.

Suppose that the system has additive Gaussian white noise,
then we have

Vi = KBy + N (15)
where { N} is the channel Gaussian noise. Let
G~ Y1 R 1{1
Pan-s Ay 6
X X0 O xf
X= , I= .
O Xin-a NK;V_l
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Fig. 3. Comparison between the channel attenuation { Hn} and the estimate
{Hn} cbtained from the improved algorithmn

and
T
h=[hy hai_1)
B(M-1
ey LA
wo | Wiy WM an
KN-1)0 KN_1)(M—1
wEN= KN —DE-1)
where WEY, = =7 %% Because
h=Wh (18)
Equation (15) can then be rewritten in matrix notation as
y=XWh +n (19)

Based on the above equation, the channel estimation problem,
in the sense of LS, can be formulated as the following
optimization problem

min { (7 - XWh)" (¥ - XWh) } 20)
Solving this ES problem using the algorithms in [8] and
substituting the solution h into (18), we can obtain an estimate
of the channel attenuation {H.,.}.

Summarizing the discussion above, we propose the follow-
ing algorithm for solving the channel estimation problem:

Step 1: Choose suitable upsampling rate K and then dis-
cretize the received signal y(¢) with sampling rate

{{— to get the data sequence {fx};

Remove the cyclic prefix from {fx} and then per-
form DFT on it 1o obtain {¥3};

Solve the LS optimization problem{20) to obtain h;

Substitute h into (18)_ to obtain the esu’matj: of
channel attenuation {H,}. '

Step 2:

Step 3:
Step 4:

For the channel estimation approach based on the linear
minimum mean square error criterion, the channel attenuation



estimates {ﬁn} can also be cbtained from (19). Suppose the
channel is Gaussian channel and uncorrelated with the channel
noise, then channel attenuation estimate is

b = Con WHXH (XWCWP XY + 2214) 7'y 21)

where (-)¥ denotes Hermitian transposition, Chy, is the co-
variance matrix of h, o2 is the channel noise variance.

( IV. SIMULATION RESULTS

In the simulation section, we consider a muitipath time-
variant Rayleigh fading channel. The number of propagation
paths is M = 5, the channel impulse response and excess
delay are h,, = 0.5938, 0.2137, 0.3175, 0.7305, 0.4312 and
Tm = 0, 0.167, 0.51, 0.751 and 0.99us, respectively. The
OFDM systemn is a 16-QAM OFDM system whose 4MHz
bandwidth is divided into 16 subchannels, each subchannel
has a bandwidth of 250KHz, the corresponding time-interval
of the transmitted data sequence is T, = 0.25ps, the guard
interval Ty is 1ps.

The channel attenuation {H,,} and its estimate {H,} at 16
subcarrier frequency points are shown in Fig. 2, where the
mith subcarrier frequency fr is m x 250KHz. The estimate
of channel attenuation {H,} is obtained by solving the LS
optimization problem based on (13), which implies that the
data sequence {y.} is obtained by discretizing the analog
signal y{t) with sampling rate Tl- the channel is assumed
to be ideal channel without noise. from the simulation results
shown in Fig. 2, it can be seen that the difference between
{H,} and {Hy} is obvious.

The channel atienuation estimate obtained by using the
improved algorithm proposed in the paper is shown in Fig.
3. where the upsampling rate K is chosen as K = 3. The
simulation result shows that the estimate is very close to the
actual channel attenuation, the maximum errcr between them
is about 0.147, the corresponding maximum error in Fig. 2 is
about 0.322. Comparing the simulation results shown in Fig.2
and Fig. 3, it can be seen clearly that the proposed approach
given in the paper has better performance than the existed
methods.

. V. CONCLUSION

In this paper, the channel estimation error based on the
pilot-assisied approaches has been investigated. A new OFDM
channel estimation scheme based on the filter bank theory
is introduced. With the proposed scheme, a new effective
channel estimation approach has also been provided. It is
demonstrated that the proposed channel estimation method has
lower estimation error than the existed approaches.
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