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ABSTRACT

We propose a novel receiver for coded orthogonal/biorthogonal
frequency division multiplering (OFDM/BFDM) communica-
tions over time-varying mobile radio channels. The receiver
uses decision-directed predictive equalization and thus does
not require regular transmission of pilot symbols. An opti-
mum channel predictor and its efficient implementation are
discussed, and simulation results are presented.

1. INTRODUCTION

Orthogonal frequency division multiplezing (OFDM) is an at-
tractive modulation technique for high data-rate communica-
tions [1-4]. Traditional OFDM systems employ rectangular
transmit/receive filters that are orthogonal when translated
in time and frequency. However, biorthogonal frequency di-
vision multiplering (BFDM) systems employing biorthogonal
transmit and receive filters were recently recognized to have
improved properties regarding intersymbol interference (ISI)
and interchannel interference (ICI) [5,6].

Here, we propose an OFDM/BFDM receiver for random
time-varying channels that employs decision-directed linear
channel prediction. Regular transmission of pilot symbols for
channel estimation [7,8] is not required.

This paper is organized as follows. Section 2 reviews coded
OFDM/BFDM communication over time-varying channels.
The structure of the novel receiver is described in Section 3.
The design of the channel predictor is discussed in Sections 4
and 5. Finally, simulation results are presented in Section 6.

2. OFDM/BFDM SYSTEM MODEL

OFDM/BFDM system. The baseband version of a coded
OFDM/BFDM communication system is depicted in Fig. 1.
At the transmitter/modulator, N bits b,; (I =0,...,N —1)
are block-coded and mapped onto K transmit symbols an
(n € Z is the time index, k € {0,..., K — 1} is the subcarrier
index). The transmit signal is given by

K-1
st) = Y > ankgar(t).
n=—o0 k=0
Here, the functions g, x(t) £ g(t — nT) /> F¢="T) are time-
frequency translates of a transmit pulse g(t), with T' and F
denoting the symbol duration and subcarrier frequency spac-
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ing, respectively. The received signal is

r(t) = (Hs)(t) +w(t) = /h(t,r)s(t—T)dT+w(t),

where h(t, 7) is the impulse response of the time-varying chan-
nel H [9,10] and w(¢) is zero-mean stationary white noise (with
power spectral density No) that is uncorrelated with the trans-
mit symbols a, . From the received signal r(t), the demodu-
lator derives K sequences x,; according to

Tnp = (ryg) = / r() vk dt, k=0, K1,
t

where v, 1 (t) 2 y(t—nT) e *™*F="T) with some receive pulse
~(t). The sequences z, are then further processed to yield
estimates b, ; of the bits b,; (see Section 3). For a conven-
tional OFDM system, g(t) = \/#T—OrectT(t + Tcop) and () =
\/%0 rectr, (t), where recty, (t) equals 1 for 0 < ¢ < to and 0 oth-
erwise. Here, T is the duration of «(t), Tcp is the duration of
the cyclic prefiz, the symbol duration is given by T' = To+Tcp,
and the subcarrier spacing equals F = 1/Tp [3,4].
One easily shows the input-output relation [5]

[ee)

K-1
Tn,k = E 2 Qn,k,n k! Anl k! + Zn,k (1)
n

'=—o00 k'=0

with dn,k,n' k! = (Hgn’,k’y’Yn,k) and Zn,k = (wy’Yn,k)- For n #
n’ and k # k', the coefficients g, g, n.x describe the ISI and
ICI introduced by the channel H The noise term 2z, has
correlation (note that E denotes expectation)

E{znk 2n-mp—1} = NoeTFED(y oy 0 (2)

The 2z, are white (uncorrelated) if and only if the ~,,x(t) are
orthogonal, which is the case in an OFDM system.

In the case of an ideal channel defined by H =T and Ny =
0, we have perfect demodulation (i.e., Zn,x = an,) if and
only if the transmit /receive pulses satisfy the (bi)orthogonality
condition {gns k', Yn,k) = On—n'Ok—p-

Approximate system relation. In what follows, we as-
sume that the channel H is underspread [5,11,12], i.e., it in-
troduces only small delays and/or Doppler shifts, and that
the transmit/receive pulses are well concentrated in time and
frequency (note, however, that the frequency concentration of
conventional OFDM pulses is only moderate). In that case,
it can be shown that the ISI/ICI terms in (1) approximately

1Unless stated otherwise, integrals are from —oo to oco.
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Figure 1: Model for OFDM/BFDM communication over a time-varying channel.

vanish, i.e., ¢ knp & 0 for n # n', k # k' [5,12]. Relation
(1) then simplifies to

Tnk ~ Hn,k Qn,k + Zn.k s (3)
Lu(nT,kF) with the time-varying

Q

where Hy = @n kyn,k
transfer function [9-12]

La(t, f) & / h(t, 1) eI dr (@)

Statistical channel characterization. In what follows,
the time-varying channel H will be assumed to be random.
Specifically, we assume that H is wide-sense stationary with
uncorrelated scatterers (WSSUS) [9,10] as well as uncorrelated
with the transmit symbols a, ; and the noise w(t). Due to
the WSSUS assumption, the time-varying transfer function
Lu(t, f) in (4) is a 2-D stationary random process with time-
frequency correlation function [9,10]

Ru(t,f') £ E{Lu(t, f) Lu(t—t, f—f)} .

The correlation function of H, ; can be approximated as

Rum,l] £ E{H, xHy_ 1—1} ~ Ra(mT,lF), (5)

since Hy , = Lu(nT, kF). An alternative second-order statis-
tic of the channel is the scattering function [9,10]

Su(r,v) = / Ru(t, f)e 72" aaf . (6)
tl fl

The function Ry[m,!] (or, equivalently, Su(7,v)) constitutes
the prior knowledge used for the design of the channel pre-
dictors in Sections 4 and 5. Its estimation is discussed e.g.
in [13].

3. OFDM/BFDM RECEIVER WITH
PREDICTIVE EQUALIZER

Fig. 2 shows a block diagram of the proposed receiver. The
upper branch is a conventional OFDM/BFDM receiver with
equalizer. Based on the approximate input-output relation (3),
the received vector X, = [¥n,0 - - Tn,x—1]" (the superscript ©
denotes transposition) is first equalized according to [4]

*
n,k

T —=——2>—, k=0,...,K—1.
" Hugl? + 02 v

An k. =
Here, the I:ink are channel estimates (whose calculation is de-
scribed below) and o7 = E {|zn.k|>} = No|l7l|* (cf. (2)). The
equalized sequence a;, = [n,0 --- An,x—1]" is then passed
through a slicer and a decoder to obtain the (error-corrected)
bits b,, = [En,o Bn,N—l]T-
The lower branch of the receiver in Fig. 2 produces esti-
mates H, 11 = [fInJrl,o S I?[n+1,K71]T of the channel weights
H, 11k, to be used for equalization in the subsequent symbol

interval (hence the delay by T in Fig. 2). The central part
of the lower branch is a linear, FIR, multi-input multi-output
(MIMO) predictor of length L. The predictor’s input-output
relation reads
R L-1
Hn+1 = Z Cn,mxn—m = chn; (7)
m=0
with the K x K coefficient matrices Cpn,,m (m =0,...,L—1),
the K x KL matrix C,, = [Cn,0 -+ Cn,z—1], and the vector
X, =[xI .- x,TL,LH]Tof size KL. As we will see, calculation
of the optimum C, ,, requires knowledge of the symbols a, =
[@n,0 -+ @nx—1]T. To avoid transmission of pilot symbols,
we adopt a decision-directed mode using estimated symbols
Ap = [Gn,0 -+ Gn,ic—1] that are obtained by coding the error-
corrected detected bits by, (see Fig. 2). Note that &, = a,, only
if all bit errors were corrected; otherwise, error propagation
will result (see Section 6).

4. LMMSE CHANNEL PREDICTOR

We now calculate the FIR predictor that is optimum under
a linear minimum mean square error (LMMSE) criterion and
under the assumption of given (known) symbols, i.e., dn,kx =
an,x- We will see that the LMMSE predictor is impractical
due to its high complexity. However, based on its structure a
simplified predictor will be developed in Section 5.

Assuming that (3) holds exactly, the received vector can be

written as
x, = A H, + 2, (8)

with the symbol matrix A, = diag{an,,...,anx-1}, the
channel vector H,, = [Hp,0 - - - Hy,x—1]", and the noise vector
Zn = [Zno0 -* Zn,k-1)7- Whereas H, and z, are stationary
vector processes (note that H, is stationary due to the WS-
SUS assumption), x, is generally nonstationary due to the
factor A, in (8). Thus, in general, the LMMSE predictor will
be a time-varying MIMO system.

By definition, the optimum predictor coefficient matrices
CyP,, minimize the mean square error (MSE) e[n] =
L E{|len+1]|?} of the prediction error vector ent1 = Hnq1 —
ﬁn+1. Invoking the orthogonality principle of LMMSE estima-
tion [14], i.e., E{eny1x) ,} =0forn € Z,m=0,...,L-1

h 1 | @n . .
Xn gluilfi‘;gr »  Slicer Decoder bn
H +1 - a
Linear n Coder
predictor

Figure 2: OFDM/BFDM receiver with predictive equalizer.



(the superscript ¥ denotes Hermitian transposition), and in-
serting (7) and (8), we obtain the equations
L-1
> CP A (Rulm—m']+ AL R.m—m'|AT )
m!/=0

=Ru[m +1], ne€Z, m=0,...,L—1. (9)

Here, Ry[m] = E {Han,m} denotes time-frequency chan-
nel correlation matrices with (k,l)th entry (Rm[m]), , =
Rulm,k —1] (cf. (5)), and R.[m] = E {22/, } is the noise
correlation matrix. Introducing the block matrices

Vi = [Raull] - RulL]],

An = diag{An,...,An_L+1},
[ Rg[0] --- Ryg[L-—1]
Ru = )
|Re[-L+1] --- Rag[0]
R.[0] - R,[L—1]
R. = : : :
[R:[-L+1] --- R.[0]

and recalling the definition of C, in Section 3 (cf. (7)), the
equations in (9) can be compactly written as

CP'A,(Rr + A RAT) = Vi
This is solved by

. Clt =W, AL, (10)
with
W, = Vu(Ru +A;'R.AT) (11)
Inserting in (7), and writing W,, = [Wy,0 -+ Wy, —1], the
predictor’s input-output relation is obtained as
L-1
Hot1 = W, = Z Wim ¥Yn—m - (12)
m=0
Here,
Wn £ A;LIX = [y,q; YrTL—LJ,-l]Ta (13)
where
Yo = An % = [Yno - Ynr-1]T  with gap = —2E
an,k
(14)

Thus, the LMMSE predictor first calculates Y, = A, X,,
corresponding t0 Yn k = Tn,k/ank. For practical operation,
the transmit symbols a,,; are replaced by estimates a,, , (see
Fig. 2). We note that the minimum MSE achieved by C2* is
€min[n] = Ru[0,0] — 2tr{W, V7 }, where tr denotes trace.
According to (10) and (11), calculation of C2P* generally
requires on-line inversion of the time-varying KL x KL ma-
trix Ru + .4, ' R..A; " in each symbol interval, which is im-
practical. In Section 5, we will present a simplification of the
LMMSE predictor resulting in a time-invariant system.

Special case. The on-line matrix inversion is avoided if
the transmit symbols a,, are drawn from a PSK alphabet
and if 2, is white (i.e., R, = o2I). Here, A,' = A¥ and
A 'R, AT = 021 so that (10) and (11) simplify to

CPt = WA
n

1

with W= Vg (Ru +0.1)7 .

Note that Wno longer depends on the symbol index n. Thus,
the processing following the first stage Y, = A,I; X, Or Yn,k =
T k/Cnk = Tn,kap,; (cf. (13), (14)) is given by Hypp1 = WY,
(cf. (12)). W corresponds to a time-invariant MIMO system
that can be precomputed using a single matrix inversion. Be-
cause Ry + 021 is block-Toeplitz, it can be inverted using the
efficient multi-channel Levinson algorithm [15].

5. SIMPLIFIED CHANNEL PREDICTOR

Since the complexity of the full-blown LMMSE predictor is
too high, we now develop a simplified predictor that uses a
time-invariant MIMO system and FFT techniques.

Time-invariant MIMO system. The first stage of the
optimum predictor (see (12)—(14)) is Y, = A, 'X,, corre-
sponding to the division yn,kx = Tn,k/an k. Assuming that (3)
holds exactly, y, in (13) and (14) can be expressed as (cf. (8))

Yn = H, +u, or Yn,k = Hn,k + Un,k , (15)

where u, = [tn,0 - Un,x_1]T with up x 2 2nx/ank. Thus,
the y, 1 equal the true channel weights H,,  up to noise.

We now propose a simplified predictor that consists of the
first stage of the LMMSE predictor mentioned above, followed
by a time-invariant MIMO system. Time invariance is ob-
tained by assuming random symbols a, x that are statistically
independent and identically distributed. With this assump-
tion, u, is stationary with R, = E{A.;l’R,z.A;H} = g1
where 3 = 0ZE{1/|an x|’} (note that the znx are not as-
sumed uncorrelated). Since also H,, is stationary, y, = H, +
u, in (15) is stationary as well. We now consider LMMSE
estimation of Hy 1 from the stationary process y, (cf. (12)).
Using a similar derivation as in Section 4, the coefficient ma-
trix of the LMMSE estimator is obtained as

W= [W--Wii] = Ve(Re+81)"".  (16)
(Although this is LMMSE-optimum, we suppress the super-
script °P* for convenience.) This matrix is time-invariant; it
can again be precomputed using the multi-channel Levinson
algorithm. Note that, formally, (16) is (11) with
A 'R.ALT replaced by E { A, 'R, AT} = BT (cf. [8)).

A simplification can be obtained by constraining the coeffi-
cient matrices W, to have band structure, i.e., only correla-
tions of neighboring subcarriers are exploited for prediction.

DFT-based predictor. For large dimension K, the Toe-
plitz matrices Ry [m] involved in (16) are approximately cir-
culant. The fact that circulant matrices are diagonalized by
the DFT motivates the use of efficient DFT/FFT techniques.
In order to obtain a DFT/FFT implementation, we constrain
the matrices W,, to be circulant. Denoting the first column
elements of Wi, as W™, ..., W{™,, Eq. (12) can be written
elementwise as

L—-1K-1
Hn-l-l,k = Z Z Wl(m) Yn—m,(k—1)modK -
m=0 [

I
<

Taking the inverse DF'T with respect to k yields

iLn+1,m’ = Z wfn’n}) gn—m,m’
m=0
= wm’yn,m' 3 ml = 07 7K_17 (17)



Tn,0 - Bnt1,0
Yn \ : . : = ~
Xn E : : o  F»Hp
A | Un, k-1 —— hpy1,K-1 A
A-l - Wg 1 -
n

Figure 3: Efficient DFT/FFT-based channel predictor.

k—m’ {an} 2 % EkK;Ol Hy 1 eﬂﬂk%ﬂ
w = KDFT;L  AW™}, Gnm = DFTEL {ynic}s Wonr =
[wfr?,) wfr{‘fl)]T, and ¥, mr = [Gn,m - gjn,L_,_l,m,]T. Since
the inverse DFT maps the time/frequency domain to the time/
time-lag domain, m’ can be interpreted as a tap index. With
(15), we obtain

where h,, = DFT;!

(18)

Yn,m' = hn,m’ +un,m’ s

where h, v = [hpm o hooriime]’ Wwith Ay, =
DFT. ., A{Hnx} and G = [fnms - Gnert1,mr]” with
lip,m' = DFT)  {uni}. Thereis E {a, ,yaf, .} =nlwith
n=p/K.

Eq. (17) corresponds to the efficient DFT/FFT-based im-
plementation shown in Fig. 3. The diagonalization produced
by the inverse DFT allows separate calculation of the esti-
mates A, y1,m’ by means of associated FIR filters w,,, (m' =
0,...,K —1).

We will now calculate the LMMSE-optimum filters w,,,/. It
can be shown that the MSE, e = L E {|len41]|”} with en41 =

~

H,+1 — H,41, can be written as

K-1

€ = Z E{lén+1,ml|2} s

m!'=0

with €,41,ms & Rot1,m' — ’Aln+1,m,. Since the filtering in (17)
is done separately for each m’, the individual MSE contribu-
tions E {|€,41,/|’} can be minimized separately. Using the
orthogonality principle [14], E {én+1,m/ }"ff,m,} =0, as well as
(18) and E {@,, @) ., } = n1 yields the following equations
for the optimum coefficients:

wo (Ra[m]+9I) = vi'[m'], m' =0,...,K-1, (19)

with the correlations Rp[m'] £ E{h, ,+hZ ,} and vi[m’]
£ E{h,mh} 1 m }- We note that the elements of Ry[m']
and v [m'] are related to Rg[m,{] in (5) according to

K-1K-1

L S™ " Ralm, k1) /2 5=

E {hn,m’hzfm,m’} = ﬁ
k=0 1=0

The solution of (19) is given by

W = vi[m'] (Rh[m']+nl)71, m =0,...,K—1.

The L x L matrices Ry[m’] + n1 have Toeplitz structure and
thus can be efficiently inverted using the Levinson algorithm
[15]. The minimum MSE (MMSE) achieved with the optimum
coefficients w,,» can be shown to equal

K-1
€min = Ru[0,0] — Z wirvi[m']. (20)
1=0

D (b)
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Figure 4: Prediction MMSE versus predictor length L for
SNR = 0dB and (a) fized 7o = 100 us, (b) fized vo = 5 Hz.

Predictor length

Finally, we note that typically h, ,+ = 0 for m’ > M where
the effective maximum delay satisfies M < K. This implies
vi[m'] = 0 for m’ > M and finally w,,» =~ 0 for m’ > M.
Thus, computational complexity is further reduced.

6. SIMULATION RESULTS

We studied the performance of the proposed receiver using
the DFT-based channel predictor of Section 5. We simu-
lated a conventional OFDM system with K = 128 subcarri-
ers, rectangular transmit and receive filters, symbol duration
T = 1.15ms, cyclic prefix duration Tcp = 150 us, and subcar-
rier spacing F' = 1kHz. In each symbol interval, a block of
256 bits (obtained by applying a BCH code of length 255 to
131 uncoded bits and adding an additional bit) was mapped
to 128 4-PSK symbols a,, ; with |a, k| = 1.

The scattering function (see (6)) of the simulated channel
was chosen as Su(r,v) = A for 0 < 7 < 70, |v| < v and
Su(7,v) = 0 otherwise. The maximum delay satisfied 70 <
Tcp. We note that the path loss of the channel is given by
Ry[0,0] = Ru(0,0) = 2A1ovo. The path loss is relevant to
the signal-to-noise ratio SNR 2 Rg[0,0]/02 (cf. (3)).

Prediction MMSE. Fig. 4 shows the dependence of the
prediction MMSE in (20) on the predictor length L for vari-
ous 79 and vp and an SNR of 0dB. It is seen that the MMSE
decreases with increasing L, which is as expected. Further-
more, for fixed L the MMSE increases with increasing maxi-
mum Doppler shift vy, which is reasonable since faster channels
are more difficult to predict (note, however, that slower chan-
nels typically require a larger predictor length to exploit all
available correlations). Finally, for fixed L the MMSE also in-
creases with increasing maximum delay 7o. Indeed, a larger 7o
implies a smaller coherence bandwidth of the channel [10], i.e.,
less spectral correlation of the time-varying transfer function
that can be exploited by the predictor.

Receiver performance. Next, we simulated the proposed
receiver using the DFT-based channel predictor of Section 5.
The results shown in Fig. 5 were obtained from 10* Monte
Carlo runs. There occurred error propagation due to decision-
directed operation (only 10 training symbol intervals were used
for predictor initialization). Parts (a)—(c) of Fig. 5 show the
prediction MSE, symbol MSE E { |,k — an,k|”}, and bit error
rate (BER), respectively, for a channel with 7 = 150 us and
vo = 10Hz. Parts (d)—(f) of Fig. 5 show the same for a faster
channel with 79 = 150 us and vo = 50 Hz.

Fig. 5(a) compares the theoretical prediction MMSE in (20),
the measured prediction MSE obtained with our channel pre-
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Figure 5: Performance of a coded OFDM system with predic-
tive equalization: (a) prediction MSE, (b) symbol MSE, and
(c) bit error rate for a “slow” channel (vo = 10 Hz); (d)-(f)

the same for a “fast” channel (vo = 50 Hz).

dictor, and the measured prediction MSE of a trivial predictor
reproducing the previous channel estimate [7]. The substan-
tial difference between measured and theoretical results at low
SNR is due to error propagation. For reasonable SNR values,
our predictor performs significantly better than the trivial pre-
dictor. A similar behavior is observed in Figs. 5 (b) and (c).
These figures compare the symbol MSE and BER, respectively,
obtained using knowlede of the true channel parameters, using
our channel predictor, and using the trivial channel predictor.

Finally, parts (d)—(f) show that faster channel variations
generally result in poorer performance (this is partly due to ICI
resulting from the larger Doppler shifts). However, whereas
for reasonable SNR values our predictive equalizer still yields
acceptable performance (in particular, its prediction MSE ap-
proaches the theoretical optimum for SNR values larger than
about 13dB), the trivial predictor is unable to track the chan-
nel variations and its performance remains unacceptable for
all SNR values.

7. CONCLUSIONS

We have proposed a receiver for orthogonal/biorthogonal fre-
quency division multiplexing (OFDM/BFDM) communica-
tions over random time-varying channels. The novel receiver
uses decision-directed predictive equalization and thus does
not require regular transmission of pilot symbols. Although
certain simplifications and approximations were made for the

sake of computational efficiency, numerical simulations showed
that for reasonable SNR values the performance of our channel
predictor can be nearly optimum.

The design of the channel predictor assumed knowledge of
the channel’s second-order statistics. For practical implemen-
tations, adaptive versions of the predictor are advantageous
since they do not require this prior knowledge and allow to
track time variations of the channel statistics [16].

REFERENCES

[1] R. W. Chang, “Synthesis of band-limited orthogonal
signals for multi-channel data transmission,” Bell Syst.
Tech. J., vol. 45, pp. 17751796, Dec. 1966.

[2] S. B. Weinstein and P. M. Ebert, “Data transmission by
frequency division multiplexing using the discrete Fourier
transform,” IEEE Trans. Comm. Tech., vol. 19, pp. 628—
634, Oct. 1971.

3] J. A. C. Bingham, “Multicarrier modulation for data
transmission: An idea whose time has come,” IEEE Com-
mun. Mag., vol. 28, pp. 5-14, May 1990.

[4] H. Sari, G. Karam, and I. Jeanclaude, “Transmission
techniques for digital terrestrial TV broadcasting,” IEEFE
Communications Magazine, vol. 33, pp. 100-109, Feb.
1995.

[6] W. Kozek and A. F. Molisch, “Nonorthogonal pulse-
shapes for multicarrier communications in doubly dis-
persive channels,” IEEE J. Sel. Areas Comm., vol. 16,
pp. 1579-1589, Oct. 1998.

[6] H. Bolcskei, “Design of pulse shaping filters for wireless
OFDM systems,” in Proc. SPIE Wavelet Applications in
Signal and Image Processing II1, (Denver, CO), July 1999.

[7] Y. Li, L. Cimini, and N. Sollenberger, “Robust channel
estimation for OFDM systems with rapid dispersive fad-
ing channels,” IEEFE Trans. Comm., vol. 46, pp. 902-915,
July 1998.

[8] O. Edfors, M. Sandell, J.-J. van de Beek, S. Wilson,
and P. Borjesson, “OFDM channel estimation by singu-
lar value decomposition,” IEEE Trans. Comm., vol. 46,
pp- 931-939, July 1998.

[9] P. A. Bello, “Characterization of randomly time-variant
linear channels,” IEEE Trans. Comm. Syst., vol. 11,
pp- 360-393, 1963.

[10] J. D. Parsons, The Mobile Radio Propagation Channel.
London: Pentech Press, 1992.

[11] W. Kozek, “On the transfer function calculus for under-
spread LTV channels,” IEEE Trans. Signal Processing,
vol. 45, pp. 219-223, Jan. 1997.

[12] G. Matz and F. Hlawatsch, “Time-frequency transfer
function calculus (symbolic calculus) of linear time-
varying systems (linear operators) based on a generalized
underspread theory,” J. Math. Phys., vol. 39, pp. 4041-
4071, Aug. 1998.

[13] H. Artés, G. Matz, and F. Hlawatsch, “Unbiased scat-
tering function estimation during data transmission,”
in Proc. IEEE VTC-99 Fall, (Amsterdam, The Nether-
lands), pp. 1535-1539, Sept. 1999.

[14] S. M. Kay, Fundamentals of Statistical Signal Processing:
Estimation Theory. Englewood Cliffs (NJ): Prentice Hall,
1993.

[15] S. M. Kay, Modern Spectral Estimation. Englewood Cliffs
(NJ): Prentice Hall, 1988.

[16] D. Schafhuber, G. Matz, and F. Hlawatsch, “Equaliza-
tion in wireless OFDM systems using adaptive channel
prediction,” in preparation.



