A Fast Blind Channel Estimation Method For
ZP-OFDM Systems

Faisal O. Alayyan, Yee Hong Leung and Abdelhak M. Zoubir
Communication & Signal Processing Group (CSP)
Curtin University of Technology
Perth WA 6845, Australia

Email: al ayyan@ce. curtin. edu. au

method for an OFDM system using zero padding based on
the minimum noise subspace. By applying the gradient method, Smbol
a new adaptive algorithm is derived that have a number of mapping vty
attractive properties such as low computational complexity and ﬂs(w) :
good numerical stability. We extend the idea of spatial diversity \\
for the proposed system to obtain high performance in the N N . :
presence of additive channel noise. A suitable pre-FFT zero- %

forcing linear equalizer is also proposed. It is shown that the
proposed method is computationally more efficient than existing ; P b

D

Abstract—We develop an adaptive blind channel estimation //

systems and is consider as a powerful tools for the spatial | ERE ]

diversity.
y (@) (b)

I. INTRODUCTION Fig. 1. OFDM system: (a) transmitter model with one antenna anitipieu

Multimedia Mobile Access Communication SystemglR channels, (b) receiver model with multiple antennas
(MMAC) and the future fourth-generation (4G) broadband
W|reles§ systems that will perform muItlmed_la apphcasanhere are practical situations where it is not feasible tiizat
to mobiles and portable personal communications dewcesi . : . .
. L atraining sequence such as in fast varying channels. In addi
call for very high data rate transmissions. In order t

accommodate this demand, Orthogonal Frequency Divisigﬂn’ a training sequence decreases the throughput, sesea

. ; ) - . e system overhead, consumes the channel bandwidth, and
Multiplexing (OFDM) and spatial diversity have recentlyr duc)és the effective channel rate [1]. These drawbacks mak

emerged as two major commerqal tephnlqges [11], [12], [4Aind channel estimation methods more attractive. Among
In the OFDM system, the received signal is often corrupte

- - L various known methods [9], [5], [7], [13], [8], [14], second
by inter-symbol |_nte_rference (IS1). Such ISI.'S introddcey ﬂder—statistics (SOS) based methods are most attraatige d
the channel. This increases the system bit-error-rate §BE

and therefore limits the achievable data transmission rate to their useful properties [9], [13]. The main drawback of im

Classically, ISI could be mitigated by adding a time domaiglementmg SOS 'method,. however, is thelr.h|gh computatl.ona
ost for time varying multipath communication channelscsi

g:Jig:dtol?:sert\;glnéﬁli)s;f);hﬁotieﬁg?IT% O'I'rﬁzcehl iOsFa[I)s,\g lzz;nbcﬁ]ey need batch eigenvalue decomposition (EVD) to perform
P ’ P channel estimation. Therefore, there is still a need fordost,

as cyclic prefix (CP) [1] and the system CP-OFDM. Thé . X

. . nd fast algorithms that can offer a lower computational -com
CP is chosen greater than or equal to the channel |mpu? Exity. To meet this demand, we propose a new fast adaptive
response length. Thus ISI will only affect the redundant,pa Y- ' prop P

and the actual OFDM symbol will be received undistorte lind channel estimation algorithm based on minimum noise

Recently, zero-padded OFDM (ZP-OFDM), which pre-pen ubspace (MNS) [6], where the ZP-OFDM and not the CP-
) S FDM, is used.
each OFDM symbol with zeros rather than replicating the . .
Some notations are used throughout the paper. Superscripts
last few samples, has been proposed [10], [1]. ZP-OFDM npt_ 5 "
and” stand for transpose operator and Hermitian operator,
only has all the advantages of CP-OFDM, but also guarantees . t .
o reSpectively.AT denotes the Moore Penrose pseudo-inverse of
symbol recovery and ensures finite impulse response (Fyl\gfandI is the identity matrix of order
equalization. However, the implementation of a ZP-OFD € y ’
system involves transmitter modification and complicates t
equalizer [4]. Additionally, CP- and ZP-OFDM have the same Il. DATA MODEL
spectral efficiency if the CP samples equals to ZP. Consider a baseband discrete-time OFDM system with
A dynamic channel estimation is necessary before tlaemultiple FIR model arrangement as shown in Figure 1.
demodulation of OFDM signals since the channel is frequené&gsume that there are/ sensors at the receiver and the
selective fading. It can be achieved by transmitting a ingin maximum length of each of the FIR channelspi+ 1. We

sequence periodically to the receiver to update the procesdl generally chooseV, the length of the OFDM symbol, to



satisfy N > M + 1. We also assume perfect synchronization
of carriers and symbols. Then, in a noisy environment, the
relation between the transmitted signals and the received
signals, denoted-(Y)(n) of the ith channel { = 1,...,2)
in time domain is described by [15]

r@n) = H(()i)TZpFJI\,{s(n -1
+H1(Z)TZPF]I\?S(TL)
+w ¥ (n) @)

where, the received signals are organized in vector form as

() (n) = [T(i)(n)v e 77"(i) (n+P— 1)]T- Fig. 2. lllustration of a tree connecting = 7

P = N + M represents the extended OFDM symbol. The

noise (AWGN),w(? (n), on theith channel are assumed to bgeceive vector

mutually uncorrelated and stationary and can be expressed a

_ H
s(n) = [s(n),....s(n+ N — 1) r(n) = HEy s(n) + w(n) @)
wn) = [wm),..., 0w n+pP-1)". where
_ (DT @)T (2)TT
The elements ofs(n) are considered to be independent r(n) = Ir (UT’T (2);'"71 (le .
and identically distributed (i.i.d). We regard these elataeo wn) = (w7 w7 w ]
be in the frequency domain. These elements are modulated H = [HYT HOT  HOTT
and converted into the time domain by av-point IFFT Our problem consists of estimating the channel mafix
matrix Ff with entiresf,,, ,, = —exp(2528) wherek,n = ; -
N (nk) \/Nexp( v " using only the observations and some statistical knowledge

0,...,N —1. The generalized” x P toeplitz matricest; "  the received signat(n). For this reasonH is assumed to

andHfi) of the ithe channel are defined as [15] have full column rank, i.e., ralel) = P [1].
- (i) (i) 7
0 ... 0 hy .. Iy [1l. CHANNEL ESTIMATION
' ' The objective of this section is to design a blind channel
qO _ S A () estimation technique for the ZP-OFDM system based only
o= 0 6” on the second order statistics (SOS) of the received signals
o exploiting the MNS method. The proposed method reshape
: : the received signal§r(9(n),i =1,...Z} into Z — 1 pairs.
L0 ... ... ... ... 0 ] The Z — 1 pairs can be designed on the relay of the tree
C R 0 7 pattern as shown in Figure 2 [6]. For eafh= (q1, ¢2)} pair,
0 the received signals can be expressed as follows
WD ey r@(n) = HOF{s(n— 1) +w?(n) )
@ Mo - hyl ol
Hl - (4) () . : where
0 hy ... hy : (@) (m) (@) (m)
. . . | m(n | w (n
: . - . y T(Q)(n) = |: T(q2>(n) ] ’w(Q)(n) = |: w(qz)(n) :|
T SV YO
The first term in (1) represents the ISl introduced by the time H@ _ H()
variations of the channel. Using the transmit maffixp = T | H@®)

(I, 0%, »_n]7, the ISI part is compensated as long as the _ _ ,
' ; . ) _
length of the channel impulse response is shorter than caieqYJVe coKnS|der the covariance matrix of¥(n) for n =
to the GI, i.e. LA

K
i 1
H{'T;p = 0pyx. 2) R\ = % > @ (n)r@H () (6)
. . n=1
From (2), itis straightforward to show that and asK becomes large, this matrix has the asymptotical
r(i)(n) _ Hli)TZPFJI\?S(n) + w® (n) structure

HOF s(n) + 0 (n). ® R -~ HOF{ R FyHY" <R, ()



where Therefore, (10) can be expressed as

1 K Z—1 9
_ H — () H H
R,, = E;s(n)s (n) q(h) ; HV HFNH
K H Z—-1
1 w9 (n) w9 (n)
() — _— _ H 172(q) pH ()H
R = K; [ w() (n) w@(n) | - - ;h EWFy FNE'""h
Z—1
It is assumed that the noise is whitd®\%), = o2 I,p) = Y h"Qn (11)
and the transmitted signal is rich enough so that it has full g=1
column rank, i.erank(R;s) = N. As [1], the EVD of R'Y and the channel estimate can thus be formulated as
is expressed as B arg ”I’?”inl hTQh. (12)
(9) — (@) 1; (a) (D gla)H =
Rz S zdzi;q)()‘l(q)}; 2 AN)S This quadratic optimization criterion allows unique esition
+0,GYG @) ofn up to scale factor anhtl is thus obtained as the eigenvector
. . associated with the minimum eigenvalue @f
where §(@) = [qu),...,S](\?)] is referred to as the signal g @
subspace an@&@ = [G\”,...,G8_,] is referred to the IV. ADAPTIVE IMPLEMENTATION

noise subspace. The columns B¢ also span the signal

. The proposed channel estimation technique in the previous
subspace, and thus by orthogonality we have prop d P

section is linked to the equalization stage. This techniigue
accomplished via a standard EVD requiriip®), where
p is the dimension of the covariance matrix. Therefore, the
The least dominant eigenvectc@é?,_ ~ is selected from ;:omputgtiopally expsnsive E.VD. s unreglist_ic.or_too costly
, ) 0 acquire in adaptive applications. This limitation of the
the noise subspace span. DiviGE?._ into two subvectors gyp can be resolved by deriving fast adaptive algorithm
asGS)_y = [§()7, §@)T]T, where each subvector has théhaving linear complexity. Then, the implementation of this
dimension P x 1. Then, form the zero-paddedP x 1 as algorithm leads to a low complexity ZP-OFDM receiver. The

GV"HOFI =0, j=1,...2P-N. (9)

follows new adaptive algorithm of the proposed ZP-OFDM receiver is
g @) (1) outlined next as follows
v = ; gl = ; . Step 1) Compute the covariance matfi%? (i) by its
g@0(@ @0 (P) recursive version:

R (ir) = kR (ir — 1) + D (i, )r @H (i,).

Intialize R(% (i — 1) = 0 and choose the correlation
matrix updating facton.9 < x < 1.
. Step 2) Based oR\? (i,), estimateG?)_ (i) through
the subspace tracking algorithm.
« Step 3) Use the estimat@é‘ﬁf y to form Q.
The channel is estimated by solving the orthogonality « Step 4) Compute gardient vectdv: = 2Qﬁi.A
relation VWHHF! = 0. In practice, since the received « Step 5) Update the channel coefficient; ,, =
signals are noisy, this equation can be solved by minimizing h; + u,V where0 < p, < 1.
the quadratic form

Gl =g
g(Q)(i) — g(qz)(i) i = g
0 otherwise

71 , The secpnd step of the proposed allgorithm is p'erformed
a(h) = Z HV(q)HHFJI\L]IH . (10) by employing a subspace trac_klng algorithm. In the litenegtu _
pour many subspace tracking algorithms haye beep propose_dnwhlc
requireO(p* 7), O ¢°), andO(p q) floating point operations
As[12, VOHIHFI = R E@FI whereE(@W= [E@MT whereg is the dimension of the signal or noise subspace. In
v, BT T isa 7(M+1) x N filtering matrix associated our adaptive implementation, we propose to track the MNS
with V(9 and comprising oZ Hankel matrices. EachM + by an efficient subspace tracker: Fast Rayleigh’s quotient-

1) x N matrix is defined as based adaptive noise subspace (FRANS), proposed by Attalah
‘ ‘ and Abed-Meraim [2]. The FRANS algorithm behaves much
Oy o @O better than Oja’s algorithm [3], while offering a compasabl
B@6 _ e (2) e DN 41) computational complexity)(7 7). In addition, it can be im-

plemented by less calculations than the normalized orthalgo
Oja (NOOja) algorithm [3]. The FRANS algorithm is outlined

@G (] 10
e (M+1) ... ... e (P) as follows



o Step 1) Initialization of the aIgorithnGé%ZfN(O): any randomly generated using a BPSK modulation scheme. We

arbitrary orthogonal matrix such thﬂgﬁlfNGé‘Q,N _ restricted the simulation t& = 4 FIR channels, and the
1 or noise subspace which is drived from EVD oflegree of ISI or channel impulse responsels = 4. The
the initial channel covariance matrix and injected foghannel coefficients are given in Table 1. The performance of

initialization. the receiver can be examined by utilizing the normalized roo
. Step 2) At iteration, : mean square error (NRMSE) with 100 Monte Carlo runs. This
is defined as
y (i) = Gy (ir ()
@(;,) = a(Hr(q)(i )HQJFO ] N
o) = r NRMSE = T & > b, — b2 (14)

ip=1

§D(i,) = 469(i,)(1 - D(,)

2 2
where N, is the number of Monte Carlo runs amg_ is the

@) = V1=6@(i,),59D3,) <1 estimate of the channel. In the first simulation study, wedfixe
P 8@ (i) — 1, otherwise the number of OFDM symbols at 500, varied the SNR from
(@) (i V@) N (@) (s 0-50 dB and the number of sub-carriers is setMo= 20.
@)/ —7 V(i) Gyp_n(ir)y'? (ir) : :
p' (i) = I Figure 3 shows the NRMSE performance of the receivers as
A i) a function of SNR. We observe that the estimate of the true
+2r @ (i,) (1 + 79 (4,.)) channel responses by both receivers improves with inargasi
GO (. +1) = GU_\(6,) - BD%3,) SNR. Itis clear that the NS ZP-OFDM has better performance
(@ (s o (Q)VH (5 than the MNS ZP-OFDM and gives superior performance at
xp i)y 7 (i) low SNR.

In this algorithm¢ is a small positive constant which Figure 4 displays the overall BER performance correspond-
improves the stability, andv is a learning parametering to SNR range of 0-18 dB. It is seen that the NS ZP-

where0 < o < 1. OFDM receiver has slightly better performance in terms of
BER than the MNS ZP-OFDM receiver at low SNR. However,
V. LINEAR EQUALIZER at moderate to high SNR, both receivers achieve the same

In this section, we design an equalizer based on one FE_(?_rformance.
operation at the receiver as shown in Figure 1. As a cons Obviously, the NS ZP-OFDM receiver obtains better results

guence, a considerable reeducation in hardware complisxit)}ﬁan the MNZ ZP-OFDM receiver, but we would remark the

: oo - difference in computational cost between both receivere T
expected. From Maximum Likelihood (ML) estimation theory ) :
the estimate of(n) is given by NS ZP-OFDM receiver requires an EVD of anP x ZP

covariance matrix [1]. In contrast, the proposed MNS ZP-
3(n) = Er(n) (13) OFDM receiver requires an EVD of &P x 2P covariance
) ) ) . . matrix. This means that the computational cost of the pregos
whereE is the pre-FFT zero forcing-linear equalizer given b)(/INS ZP-OFDM is lower than that of the NS ZP-OFDM. Ad-
— (T H 2 : .
E = (HFy)" and H denotes the estimate df. ditionally, the NS ZP-OFDM receiver creates a noise subspac
spanned by P — N vectors [1] againsf — 1 vectors in case
VI. NUMERICAL RESULTS of the MNS ZP-OFDM.
The reduced noise subspace dimension in the MNS based
channel estimator makes the ZP-OFDM receiver less robust

! 2 ° ¢ to channel noise and thus performance degradation is obviou
hi(0) -0.0490+0.3590i | 0.4430-0.03640i | -0.2110-0.3220i | 0.4170+0.0300i [5] To prevent this deg radation’ additional Spatia| Mcan
W) | 04820056901 1,000 0.199+0.91801 1,000 be included at the expense of increased number of antennas.
hi(2) -0.5560+0.5870i | 0.9210-0.1940i 1.000 0.8730+0.1450i For further CompleXity reduction in the MNS ZP-OFDM

receiver, the proposed adaptive algorithm is employedhén t
simulations, the eigen components of the noise subspace are
obtained by applying EVD to the covariance matrix of the first
500 data vectors. Another EVD is required in the same itera-
TABLE | tion to resolve (12). Then, the role of the adaptive alganiih
IMPULSE RESPONSES OF THZ CHANNEL SYSTEM started for tracking the channel. The computational coriiyle
of the new receiver is evaluated as shown in Figure 5. The
computational complexity of the original receivers areoals
We provide simulation results which illustrate the perforshown. It is clear that the complexity increases as the numbe
mance of MNS ZP-OFDM receiver. As a comparison, wef sub-carriers increases. We remark that the implementati
include the results obtained with noise subspace (NS) ZRithout fast adaptive algorithm can be considered as a real
OFDM receiver described in [1]. The user symbols wereomputational burden.

h'(3) 1.000 0.1890-0.2080 -0.2840-0.5240i 0.2850+0.3090i

hi(4) -0.1710+0.0610 -0.087-0.054i 0.1360-0.1900i -0.0490+0.1610i
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Fig. 3. SNR v/s NRMSE comparison of ZP-OFDM estimators with=  Fig. 5. Comparison of computational complexity wilti = 500, Z = 4,

500, Z =4, M =4, N =20, P =24 and N; = 100

T T
= = = MNS ZP-OFDM
= NS ZP-OFDM

BER

Fig. 4. SNR v/s BER comparison of ZP-OFDM receivers with= 500,
Z =4, M =4, N =20, P =24 and N; = 100

VIl. CONCLUSION

In this paper we have proposed a fast adaptive blind

M =4, SNR =25, k =0.9, up, = 0.0001, ¢ = 0.01, « = 0.05
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