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Optimal Time—Frequency Deconvolution Filter
Design for Nonstationary Signal Transmission
through a Fading Channel: AF Filter Bank Approach

Bor-Sen Chengsenior Member, IEEEYue-Chiech Chung, and Der-Feng Huang

Abstract—The purpose of this paper is to develop a new domain. In this situation, the spectrograms of these multicom-
approach—time—frequency deconvolution filter—to optimally re-  ponent signals cannot overlap in the time—frequency domain,
construct the nonstationary (or time-varying) signals that are o hejr performance will be deteriorated. Therefore, their

transmitted through a multipath fading and noisy channel. A licati limited t tati . Is. H
deconvolution filter based on ambiguity function (AF) filter bank applications are limited to some nonstationary signals. Hence,

is proposed to solve this problem via a three-stage filter bank. it iS more appealing to find an optimal reconstruction (or

First, the signal is transformed via an AF analysis filter bank so deconvolution) to achieve optimal signal separation of multi-

that the nonstationary (or time-varying) component is removed component nonstationary signals with any kind of spectrogram
from each subband of the signal. Then, a Wiener filter bank is in the time—frequency domain.

developed to remove the effect of channel fading and noise to . . .
obtain the optimal estimation of the ambiguity function of the Recently, the multipath fading channel has been widely

transmitted signal in the time—frequency domain. Finally, the Used to model the slowly time-varying channel in signal
estimated ambiguity function of the transmitted signal in each transmission, especially in sonar, radar, acoustics, seismic data
subband is_sent through an AF synthesis filter bank to _reconstruct processing, bioengineering, and oceanography. At present, it
the transmitted signal. In this study, the channel noise may be s il not easy to efficiently treat the signal reconstruction
time-varying or nonstationary. Therefore, the optimal separation . . .

problem of multicomponent nonstationary signals is also solved probilem of a nonstationary signal trgnsmﬂted 'through t.he
by neglecting the transmission channel. multipath fading channel under nonstationary noise. Adaptive
filtering algorithms have been developed to estimate the chan-
nel coefficients to update the reconstruction filter. However,
they need a large number of computations to update the
parameters via the adaptive algorithm in every update cycle.
. INTRODUCTION At present, the tracking ability of adaptive algorithms under

HERE HAS been considerable research done on the sigfading channel and a nonstationary signal and noise is still

nal reconstruction (deconvolution) of a stationary signéluestionable. Furthermore, they need an input signal to train
in a time-invariant channel [7], [9], [18]-[20]. In the pastthe update law. Hence, the way to design a deconvolution
the signal transmission system was modeled as a convolutfér for a nonstationary (or time-varying) signal transmitted
between the input signal and the impulse response of tfgough a multipath fading channel with nonstationary noise
channel corrupted by noise. A Wiener filter or Kalman filteis difficult but important work. To the best of our knowledge,
was employed to treat the deconvolution problem. Recenttjiere is still no good way to treat the deconvolution problem of
the problem of reconstruction of nonstationary signals suéhnonstationary signal transmitted through a multipath fading
as seismic data, acoustic signals, mechanical vibration, wiggannel with nonstationary noise.
less communication, cyclostationary signals, radar and sonatn this study, we solve the deconvolution filtering problem
signals, etc., has attracted the attention of signal processffgnonstationary signal transmission through multipath fading
researchers. Short-time Fourier transform, Gabor expansiéid a noisy channel with the aid of bilinear ambiguity function
and wavelet transform techniques have been studied to anal({E) techniques. The multipath fading channel has been suc-
and synthesize these nonstationary signal processing. Thegssfully used in modeling slowly time-varying transmission
techniques are based on so-called linear time—frequency $ystems.
time-scale) representations [4], [5], [8], [10]-[12], [14], [23]. Although linearity is a desirable property in a

In the conventional methods [11], one nonstationary sigri#ne—frequency representation, a quadratic structure provides

is separated from other multicomponent nonstationary sign@l@ intuitively reasonable representation when we want to

by the conventional mask technique in the time—frequendyterpret a time-frequency response as a time—frequency

. . . _ energy distribution or instantaneous power spectrum. The
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resentation, another possible interpretation uses a correlation v(n)
function and spectral correlation function, both of which are,
again, quadratic signal representations [4], [10], [14], [22], etc.

The AF is a quadratic time—frequency representation; it can s(n) +
be interpreted as a joint time—frequency correlation representa- » h(n) ) » y(n)
tion of a nonstationary signal. The AF and its square magnitude +

(the gmbiguity surface or AS)_have been extensively'usgd in Fig. 1. System representation scheme.
the fields of radar, sonar, radio astronomy, communications,

and optics. In radar systems, the problem is the estimation ) .
of the distance and velocity of a moving target, where tfven to illustrate the design procedure and demonstrate the

distance and velocity correspond to the range parameter @l reconstruction performance of the proposed optimal
the Doppler shift parameter, respectively. AF’s and Astime—frequency deconvolution filter. The simulation results
have been used as analysis tools for the selection of ragdPW that with the aid of an AF-based analysis/synthesis
waveforms. The AF has been applied to the design afiier bank, the conventional Wiener filter bank design can
evaluation of the performance of a large variety of radar signdl§ applied to solve the signal reconstruction problem of
including chirp and other FM signals [12], [14]. nonstationary signal transmission in a multipath Rayleigh
Recently, the AF has been used to perform time-varyirfgding channel.

filtering and multicomponent signal separation [10], [11]. Until

now, research has been primarily devoted to the analysis and [I. PROBLEM DESCRIPTION

synthesis of AF in nonstationary signals. In this study, AF_ Consider a signal transmission system described by the

is employed in the time—frequency analysis and synthegjgcrete convolution system (see Fig. 1)
of a nonstationary signal transmission system in a multi-

path Rayleigh fading channel. The multipath Rayleigh fading Ll

channel has been successfully used in modeling slowly time- y(n) = Z pi(n)s(n —1) +v(n)

varying transmission systems. Therefore, the reconstruction 1=0 L

of a nonstationary signal in a multipath fading channel is = H(q “5n)s(n) +v(n) (1)

an important design topic in digital transmission systems.h

. . . ) ere
Based on time—frequency domain analysis and synthesis ofme _ _
transmission system via AF transformation, an optimal signal5(*)  transmitted signal; o
deconvolution filter is designed. In other words, we focus our #¢(”2) impulse response of transmission channel;
efforts on the solution of the optimal signal deconvolution filter v(n) channel noise;
design problem in nonstationary signal transmission systems.y(”) received signal.

The optimal time—frequency deconvolution filter consist§! many practical applications, the time-varying transmission
of an AF filter bank and a Wiener filter bank, which ischannels are described by the multipath fading model whose
embedded in the AF filter bank (see Fig. 5). At the beginnin§P coefficients are Rayleigh distributed with p.dife:) =
an analysis filter bank based on AF is developed to obtaff eXp(;(fé) [21]. In this study, the channel operator is
the ambiguity (correlation) function of the received signedésumed to be the multipath fading form [21]
in the time—frequency domain. In each subband, the signal 1
processing ambiguity (correlation) function is dependent on 1.\ 1
frequency only. Therefore, based on the calculus of variations Hig5m) = lz_: pun)g 2)
and spectral factorization techniques, a Wiener filter bank is =
constructed to estimate the ambiguity (correlation) functiomhere ¢—! denotes the backward shift operator defined by
of the transmitted signal from the ambiguity function of thg's(n) = s(n — 1), and py(n), { = 0,1,...,L — 1 are
received signal in each subband. The estimated ambiguifg time-varying tap coefficients with being the number of
function of the transmitted signal in each subband is sedifferent paths between the signal source and the destination.
to the AF synthesis filter bank for transformation back to We have the following assumptions:
the time domain. Therefore, the design procedure of thel) The channel effect§p;(n)} in each path is a wide-sense
proposed time—frequency deconvolution filter is divided into stationary Rayleigh process, that is
three stages. In the first stage, an AF analysis filter bank

is constructed. In the second stage, a Wiener filter bank is E(p(n)) = \/Eocz, i,
developed to achieve the optimal signal reconstruction in the 2
time—frequency domain. In the third stage, an AF synthesis E(pi(n)pp, (k) = rp (k= n)b[l — m]

filter bank is constructed to transform the estimated AF of . L )
where [ -] is the unit impulse function.

the input signal in the time—frequency domain back to time . X )

domain. In this study, the channel noise is not restricted to be?) 1he zeéro mean discrete-time procegs(n)} is the

white Gaussian; it may be nonstationary or time-varying. a_ddltlve noise process independent of2the transmitted
Finally, two simulation examples (one with optimal sig- signal such thatE[v(n)u(n + k)] = oy(n,k), and

nal reconstruction and another with optimal separation) are Elv(n1)s(nz)] = 0 for all g, ne.
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Our signal reconstruction design problem is to reconstruatdiscrete Fourier transform of the cross-correlation function
the input sequencés(n)} from the received data sequence®; ,(n, k) of two random variableg(n) andg*(n + k).
{y(n)} in the signal transmission system in (1). Since the Remark: For deterministic functionf and g [27], Ry,
input signals(n) and the channel noise are nonstationary (¢k,n) = f(n)g*(k + n).
time-varying) and the channél (¢—*;n) is multipath fading,  Similarly, the auto-AF of a discrete time sequergén)}
it is not easy to use a conventional filter, for example, a Wiener given by
filter or Kalman filter, to reconstruct the transmitted sequence

{s(n)} from the received signal sequendg(n)}. In the AF; ;(k,w) = Z E(f(n)f*(n + k))eivm

past few decades, the analysis and synthesis of nonstationary e

signals or time-varying systems using AF has been shown to 00

be efficient. Therefore, it is suitable to employ AF techniques = Z Ry (n, k)e™vm, 4)

to treat the signal reconstruction problem of the nonstationary n=—oo
transmission system in (1). In this study, an AF analysis filter

o - Some properties of the AF, which are useful for the design
bank is first developed to transform the transmission syste . oo . .
. . A L . Of AF analysis/synthesis filter banks, are given as the following
in (1) into an ambiguity system in time—frequency domai

r‘éﬁ]’ [12], [23].

Then, in each subband of the AF filter bank, a convention S
Wiener filter is designed to optimally reconstruct the AF of P1) Convolution in Time:

the transmitted signal in the time—frequency domain. Finally, If the signalz(») is obtained by

an.AF synthesis fi[ter bank is'develqped to transform the 2(n) = 2(n) #n y(n) (5)
estimated AF of the input signal in the time—frequency domain

back to the transmitted sequenge) (see Fig. 5). Before we then we have

discuss the design of an optimal Wiener filter bank for signal

reconstruction, we will develop the design of an AF filter bank ~ AF- .(k,w) =Y AF, .(m, w) AF, , (k — m,w). (6)

in the following section. m

Remark: If the transmission system in (1) is free of channel, P2) Finite Support:
i.e., h(n) = 1 such thaty(n) = s(n) + v(n) for all n, and If f(n) =0 for |n| > N, then
s(n) andv(n) are all nonstationary or time-varying, then the
optimal signal reconstruction problem becomes an optimal AF; s(k,w)=0 @)
signal separation problem, i.e., to separafe) from the
multicomponent signal(n) = s(n) + v(n). This problem for k| > 2N.
is an important research topic in time—frequency filter design, If F(w) =0 for [w| > W, then
especially for the case with their representations overlapping AF g p(k,w) = 0 ®)
in time—frequency domain. s

for Jw| > 2W.
[ll. AF FILTER BANK DESIGN P3) Bilinear Property:
In this study, the AF filter bank plays a crucial role in the From the definition of AF in (3), we have

design of the optimal time—frequency deconvolution filter of a .
nonstationary transmission system. Before further discussion AR 4 201 k0: (R 0) = AF 1,0, (R, ) £ AF g, g, (R, )
of this filter, the design of an AF filter bank is first considered. +AFy, o (k,w) + AFy, g4, (k,w).
The so-called AF filter bank consists of an AF analysis filter (9)
bank and an AF synthesis filter bank. A brief review of the

AF of a nonstationary signal, the design of an AF analys®. AF Analysis Filter Bank

filter bank, and an AF synthesis filter bank are discussed

. . : . "The properties of the AF discussed in Section IlI-A form
respectively, in the following three subsections.

the basis for the use of AF in the AF filter bank design in

) ) this study. For practical reasons, in this study, we are dealing

A. A Brief Review of AF with the AF not only in the discrete time domain but in
The AF used throughout this paper of a discrete-timteie discrete frequency domain as well. Further, only a finite

stochastic process is defined as [1], [3]-[6], [12], [23] number of sample sequence is used. The fast Fourier transform
00 (FFT) technique is well suited to treat the fast computation
AFp (kow)= " E(f(n)g"(n+k))e7*" problem of the discrete AF transformation. In this situation, the
n=—oo finite sample sequence can be viewed as an infinite sequence
o0 , with finite support[0, N — 1]. Thus, a pseudo AF is defined
= D Rpgnk)e" (3) with a finite window to mask the data sequence in the AF
n=-00 transformation
where £ denotes the expectation operatgr,= /—1 and N-1 '
w € [-m, 7],k = 0,1,2,..., and the superscript denotes AF; sk, w) = Z E(f(n)f*(n+k))e ™" (10)

the complex transpose. AE(k,w) can be considered to be n=0
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----------------- 1 C. AF Synthesis Filter Bank
A (0 ’

B FET of () (n) In this study, the AF synthesis filter bank is used to

i
E transform the estimated AF of the transmitted signal into the
i
|

AF}J(LM}) time—frequency domain, which is obtained by the Wiener filter
FFT of (n)f*(n+1) b bank, back to the estimated transmitted sigi{al) in the time
i domain.

i The AF synthesis is approached by minimizing the in-
. i tegrated square error between an arbitrary desired AF and

A 4

f(n)

a realizable AF [23]-[25], whose corresponding signal in
A AK=1w the time domain can be easily obtained. This is an optimal
FFT of {mf(n+K-1) H——— approximation problem in the time—frequency domain, and the
; solution is proposed via an orthonormal basis method over the
e time—frequency plane. The mean square error MSE and the
Fig. 2. AF analysis filter bank. corresponding signal are determined through an eigenvalue
approximation either by complex auto-AF or by complex
cross-AF.
The following derivation of an AF synthesis filter bank
based on the result in [23]. In the derivation, given a

A 4

wherek = 0,1,2,..., K — 1, andw denotes the continuous
frequency variable id—,7]. We now sample the frequencyiS

variable as desired ambiguity function AF,(n,w), we set out to find
27m a realizable ambiguity functio®(n,w), which can be eas-

wm = m=01..,N-1 (1) iy transformed back to a time function(n), to optimally

) ) ) approximate AE . (n,w). The details are as follows.
and then substitute (11) into (10) to obtain the AF as Suppose the signai(n) can be decomposed by the orthog-
N_1 onal basis function sef¢; }
_ —jmn2nx /N
AFﬁf(k, m) nzz:o Rﬁf(n, k)e (12) a:(n) _ Z azd)z(n) (13)

wherek =0,1,2,...,. K -1, m=0,1,2,...,.N — 1.
According to the above AF, the AF of the discrete sequen

f(n) in (12) can be considered to be the discrete Fourier 8 (k, w) = ZZzaia;qubhqbl(n’k)e—jwn. (14)
@ ! n

(':I'gen, the realizable AF correspondingattn) is of the form

transform of R; s(n,k) for all k = 0,1,2,...,K — 1 and

n = 0,1,2,...,N — 1. Therefore, the FFT technique can

be employed for fast computation of the AF transformation To specify the parameters,: = 1,2,... of the realizable

in (12). In this situation, the AF of the discrete sequend®F 6(k,w) to approximate the given AF.(k,w), the MSE
f(n) in (12) can be obtained in parallel by an analysis filtehethod

bank, as shown in Fig. 2. In each subband of the AF analysis 1 )

filter bank in Fig. 2, AR (k,w) is only a function of the €= %// |AFs. (7, w) — 6(T,w)|"dr dw  (15)
frequencyw for £ = 0,1,2,... K — 1. Thus, the frequency

domain optimal estimation technique, i.e., the Wiener filterinégg used.

can be employed in each subband to estimate the AF of thé=rom [23], we can rewrite the above continuous equation

transmitted signal. in the discrete time and discrete frequency form as
Remark: The AF in (12) is more useful than the AF in (4) K1 N1

from the point of vie_zw _of practicz_;\I !mplementation_. In this ¢ = 1 Z Z IAF,, . (n,m) — 6(n, m)|? (16)

study, an AF analysis filter bank is implemented via the AF N = =

in Fig. 2 to perform the AF transformation of nonstationary

signals. where
After the sampled nonstationary signl:) in (1) is trans- B .

formed by the AF analysis filter bank into an AF in the O(n,m) = Zzl:aial i (n.m)

time—frequency domain, a Wiener filter bank will be used
to estimate the AF of the transmitted sign#l:) in the and
time—frequency domain. Thus, an AF synthesis filter bank . :
must be employed to transform the estimated AF of the O;1 = Ry, 4,(n, ke /N,
transmitted signal in time—frequency domain back to the k

estimation of the transmitted sequers¢e) in the time domain By P2), the sampled signal basis functions are assumed
(see Fig. 5). For the convenience of discussion, the designyanish outside the interval < £ < K — 1 and to be
of the AF synthesis filter bank will be described in thgythonormal, ie., -

Section llI-C, and the design of the Wiener filter bank will
be developed in Section IV. ¢:(k)=0 a7)
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fork<00rk>Kand

Z% =

(18)

The main work of the AF synthesis is to specify the param-

etersa;,i = 1,2, ... in (13) to minimize the MSE in (16).
Expanding the equation in (16) gives

e = AR 7+ DD laiaf” — Z Z%az
% i

’I‘T’

=33 aja(®iy, AR, 1) (19)
7 {
where
2K—1N-1
2 2
|AF,. .| = N > AR L (n,m) (20)
n=0 m=0
and
1 2K—1N-—-1
(AFo 0, @ig) = ZO ZOAFM n,m)®; (n,m). (21)
For the convenience of notation, we denote
B = (AF, 5, ;). (22)

By some rearrangements, (19) can be expressed as
e =||AF,.|? + [2Ta)* —a T (B+ B )a  (23)

wherea = [ag, a1, ...]%, T denotes the transpose, afdis a
matrix whose entries are given in (22).

The optimala, which achieves the minimum in (23), must

satisfy [23]
(2a*Ta)a— (B+ B*)a=0 (24)
ie.,
(B+ B™)a =2Fa (25)
where
E:a*Ta:Z|ai|2. (26)

D

The equation in (25) is viewed as the desired extreme
condition. By inserting (25) into (23), we obtain the optimal

approximation error as
€= ||AF1‘,J:||2 - (27)

Remarks:
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After a is solved from the eigenvector ofB + B*1)
corresponding to the largest eigenvalue in (25), the signal
Z(n) corresponding to the realizat#ék, w), which optimally
approximates a given AF.(n,m), is obtained as

= Z a;pi(n)

Therefore, from (21), (22), (25), and (28), an AF synthesis
filter bank is constructed as Fig. 3. In Fig. 3, denotes
the reconstruction coefficient vectdio, a1, ...,4n_1], and
¥ represents the basis functiofgy, ¢1,...,¢n—1]. In our
design, the AF synthesis filter bank transforms the estimated
AF of the transmitted signal, which is obtained by Wiener
filter bank in the previous stage (see Fig. 5) back to the time
domain to reconstruct the transmitted signal.

(28)

IV. WIENER FILTER BANK DESIGN

The design of Wiener filter bank is central to the proposed
signal deconvolution filter. In this study, the Wiener filter
determines the optimal AF reconstruction of the transmitted
signal in each subband in the frequency domain. Before
derivation of the Wiener filter bank, the AF analysis of the
transmission system of (1) in the time—frequency domain is
discussed.

By propertyP1) andP2), the AF of the signal transmission
system in (1) is of the form

AFy (b, w) = [AFw (k= m,w) AF, . (m,w)]

m

+ AFU,U (k’ w) + AFu,s*h(ka w)

+ AFs*h,z/(kaw) (29)

for k=0,1,... K — 1,w € [—7, x|, where K is the number
of subbands, and AF,(k,w) is the AF of the noise/(n),
i.e., the AF of the signaj(n) at the output of théth subband
of the AF analysis filter bank in Fig. 5. The last two terms
denote the cross ambiguity functions.

From (2), we have
=22 rnlh)
ZR,,,, n, Kyein
T

—jwn

AFh h k‘ w (30)

AF, (k,w) =

(31)

1) In this study, the sinusoid functions are chosen as basign addition, v(n) is independent 0f the output of the
functions ¢;(n) in (13). transmitted signak(n) = h(n) = El 0 ' pi(n)s(n — 1), and
2) Equations (25)—(27) completely specify the solutiowe have
for the minimum approximation error. Sineeis non-
negative, a minimum approximation error is attained R, ..;(n, k) = E
when E? is a maximum in (27). Therefore, from (25), it
is seen that 2E must be the largest positive eigenvalue
of (B + B*T), and a is the corresponding eigenvec-
tor, whose magnitude is adjusted to satisfy the energy
condition a*”a = E. Then, a represents the desiredsy. ) n: hence
signal weights in terms of the previously chosen basis
functions.

AFu,s*h(ka w) =0.
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51 52 31‘
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Fig. 3. AF synthesis filter bank.
Similarly, AF,.;. ,.(k, w) = 0. Therefore, (29) can be rewritten
as AF;_‘_(k,W) AF;CV(k’“) AF;,y(k,M) AFs,s(k, W)
—Jwn ’ AI;;rJr(k’w) 7 -
AF, (k. w) = Z <Z ZTW(/{ —m)e”? ) AF, s(m,w) ! F,w ; okow)
m n 1 ! + 1 !
. I !
Z O'Z(TL, k)c—]'um, : :
n | |
= [k, w) + Dk, w) (34) TTTTTTTT T
Fig. 4. Reconstruction problem of thagh band.
where [[(k,w) = 35,2k — m)e7m)
AF, s(m,w), and D(k,w) := 3, op(n.k)e”™". In the received AF,(k,w) at the output of thekth subband

the analysis of the previous sections, our main problem ds the AF analysis filter bank, which is the AF of the input
to ehmmar':e thﬁ n0|s|e ?fmb|gfu|ty func&uon ﬁE(k,w) and  gignal AR, ,(k,w) convolved with the AF of the channel
remove the channel effect from AE(k,w) to estimate o

) . YA AF,, 1.(k,w) with respect tok and corrupted by the AF of
the AF of the transmitted signal AE(k,w). In the kth he noise AR, (k,u) [see (29) or (34)], the reconstruction

subband, AF,(k,w) represents a spectral density of S : :
stationary signal. Therefore, the Wiener filtering technique REoPlem at thekth subband lies in how to specify a filter

employed to achieve an optimal estimation of ARk, w) £'(k,w) to optimally estimate AE,(k,w) from the received
from AF, ,(k,w). The estimation for théth subband of the AFyy(k,w).

AF filter bank is explicitly formulated as in Fig. 4. Referring The estimation erroe(k,w) of the Wiener filter '(k, w)

to the signal reconstruction via Wiener filter in Fig. 4, givein the kth subband of the AF filter bank can be expressed as
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(see Fig. 4) e, §. [Pk 215 (2) = JP @l (z) £ = 0 from

z

the above equation. For the causal and stable realization of

ek, w) = AFss (k,w) = F(k, w) ARy, (k; w) E(k, z), the spectral factorization technique is employed to
= AF, ;(k,w) —F(k,w)H(k,w) treat the above optimal filter design problem. Perform the
— F(k, w)D(k, w). (35) spectral factorization [15]
The current problem lies in finding an optimal estimator AL(2) D (2) :.],52)(;:) (41)

E(k,w) in the kth subband such that the MSE
where theA,(z) is free of poles and zeros if| > 1.

T = 2i /7T {e(k, w)e* (k,w)} dw (36) Substitution of (41) into (40) yields
a —T7

; P dz
is minimized. We can make the substitutior= ¢/* to express j{ {F(k, ) Ak(2) D5 (z) — J,El)(z)}n*(z) 77
the above cost equation as [19] l=|=1 2

i B . IO L, de
K= % Aotk 2)en(k 2)} d7 - 7|§z|=1 {F(k’z)ﬁk(z) B Ak;(z) }Ak(z)n =)
= ~o. (42)

The MSE of the cost functiod;, in the kth subband is

1

t (0) (1) *
= — Jp N z) = () F If,Z
k 27rj |2|=1 k ( ) k ( ) ( )

W,
The term{g(2)} := e (=)

= 27 is decomposed as

_ Jlgl)* () F(k, 2) + J]EQ)(Z)F(/C, AF*(k, 7)d_f’ (37) {ar(2)} = {gn(2)}+ +{9(2)}- (43)

where {gr(2)}+ and {gx(2)}- denote the parts that are

where analytic outside and inside the unit circle, respectively. Sub-
J’EO)(Z) = AF, ,(k, 2) AFE (K, 2) stituting (43) into (42) yields
(1) - * . 7 * * dz
B () = A (k) [ 2) + AR (2D (8, 2) lf| [k 2)A0(2) = {gr(2) ™ (DDEE) T
% % z|=1 A
72 @) = [[(k, 2) [ [k, 2) + [ [ (B, 2)D(, 2) - 74 B, ) e} n* ()AL B = 0. (aa)
* |z[=1 z

+ Dk, 2) H(k’ ?)+ Dk, 2Dk, 2). - (38) By Cauchy’s theorem, the second term of the left-hand side
Then, our design problem in tHeh subband involves how in (44) is equal to zero since all of its poles are located in

to specify an optimal filtetF'(k, z) to minimize the above |z| = 1. Hence, we obtain

performanceJy. In the following, the calculus of variation |

technique in theZ dor_nain Wi!| be employed tq treat thef [F(k-)z)Ak(z) — {ge () 40" () AL(2) dz =0. (45)

optimal causal stable filter design problem to estimate the Af:|=L z

of the input signals(n). Let F(k, z) = F(k,z) + en(z) be _

a candidate for the optimal filter, whei&(k, z) denotes the  Note that all of the poles of*(z)A;(z) are in|z| > 1, and

Wiener filter to be derived, ang(z) is any realizable function those of the term"(k, 2)An(z) — {gx(2)}+ are in|z| < 1.

with all poles in|z| < 1. ¢ is assumed to be an arbitrarilyBy Cauchy’s theorem, (45) holds (i.e., the integration around

small real number [8], [15], [19], i.ef'(k,2) is a realizable the unit circle must be zero) if and only if

<

perturbation of the Wiener filtef'(k,z). The MSE can be A
rewritten as ) F(k, 2)Ax(2) = {or(2)}+ = 0.
Jy, = L% ngo) _ J,El)(ﬁ(k, 2) +en(2)) Tr_\e optimaI_Wiener filted?(l?, z) in the kth subband of t_he
215 J)z1=1 AF filter bank is therefore derived from the above equation as
— I E (s, 2) + en(2) + S (F(k, 2) ) {on(2)}+
- . dz F(k z)==—%*~ k=0,1,...,K-1. (46)
+en()(F'(k, 2) +en(2))" —. (39) Dy(2)

<

Based on the calculus of variation technique and Symmet_The Wiener filter in the above (46) is a causal stable filter

rical property, the minimun MSE (MMSE) must satisfy [8],2nd can be realized by a recursive structure.
[19] After the Wiener filter bankF'(k, 2),k = 0,1,..., K — 1

has been designed as in (46), it is implemented as shown
-2 [F(k,z)J(?)(z) _ ng)(z)]n*(z) 4z in Fig. 5 to estimate the ambiguity function AKE, w) of
=0 27J Jiz=1 * * Z  the transmitted signal in each subband from the received
=0 (40) ambiguity function AF, ,(k,w) for all k =0,1,...,K — 1.

o2,
Je
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=0 AF, (0, ) AF ;..(0,2) I
ﬁ ﬁ F(O’Z) _’
1 AF, (1, %) _ AF,4(1,2)
——’ ’ F(l,Z) —>
AF AF
J{n) Analysis Synthesis |5(n
. Wiener _>( )
Filter Filter
Filter
Bank Bank
Bank
k=K-1 ZRCSAT) . AF (K12

Fig. 5. AF filter bank-based optimal signal deconvolution filter.

Then, the estimatedF, ,(k,w), for k =0,1,...,K — 1 are 10log (2 jgzg) dB. Based onl/; = 30 realizations of input
sent to the AF synthesis filter bank to synthesize the estimatsgignals{s(n)}, each withA/, = 100 Monte-Carlo simulations,
signal 5(n). the average reconstruction performance is indicated by the
Remark: relationship
1) From (37) and (46), the minimum MSE (i.e., MMSE)
J,, is also derived, under the proposed optimal filter, as 1 M M <V (si.;(n))

ar
SNR. := 10log
R MlMQ ;; 0810 Var

<ei,j<n>>> B )

R 1 .
=5 j'{ JO(2) = IV () F(k, 2)

==t wheree; ;(n) = s; ;(n) — 5; ;(n) denotes the reconstruction
— IO E*(k, 2) + TP () F (e, )" (k, z) 22, error for thei, jth realization. Another signal-to-noise ratio

% SNR; is defined as the following for illustration of the input

J;, can be easily calculated by Cauchy’s integral formu@gnal-to-nmse rafio:
or residue theorem. )
2) If the system is free of channel, i.éi{n) = 1, and SNR, := 10log;, <M) dB. (48)
s(n) andwu(n) are all nonstationary signals, thetn) = Var(v(n))
s(n) + v(n) is a multicomponent nonstationary signal. . . '
Irg t?ﬂs si(tu?':ltion, the propopsed method becomZzs r?ow toExamp!e 1—Fractal S_lgnal Trans_m|53|on Casene f|r§t
optimally separates(n) from y(n), i.e., to solve the gxamplg involves a fractional Browruan motion (FBM) signal
signal separation problem [14]. in a fading channel corrupted by noise. There are two types of
noises considered in this example, i.e., white Gaussian noise
and jammer in case 1 and case 2 in the sequel, respectively.
V. SIMULATIONS The channels are assumed to be the three-path fading channel

In this section, two numerical examples of nonstationary or
time-varying signal transmission through a multipath fading H(g " in) = po+prq " +p2q7° (49)
channel are given to illustrate the reconstruction performance
of the proposed optimal time—frequency deconvolution filtewhere pg, p1, and p» are independent random variables with
The main concern is with the reconstruction of the inpiRayleigh distributions withhg = /2, oy = 0.1, and oy =
signal. We define the reconstruction performance SNR 0.02, respectively. The FBM is a nonstationary stochastic
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Fig. 6. Signal reconstruction in Example 1 with white Gaussian noige:.)( solid line; $(r): dashed line).
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Fig. 7. Signal reconstruction in Example 1 withs(n 4+ .1913) + sin(2n) as the jammer.s(n): solid line; s(n): dashed line).
process of the [13], [16] ds + %}. Hence
. _ 0.9585
pOH=0 . R (k) = {0 +0n) s 6
= 2
B(t; H) — B(0;H) = t— 5|05
(5 = BOH) = o] [l and
5 1 1
H-0.5 —2H
— s ] dB(s) AF, .(k,n) = 5(1 — 2172 COS(Zk‘TL))m. (52)

t _ 2
+ / It —s|770° dB(S)} (50) Case 1: The additive noise is the zero mean white Gaussian
0 rqoise. Substituting the above statistic characteristics into the

where H denotes the fractal scaling parameter (fractal dimeh-"" ) i i i )
optimal reconstruction filter (46), we obtain Wiener filter

sion); in this example, we také/ = 0.8, and['(-) is the ! . . . ;
Gamma function. The nonstationarity of FBM processes cariF: 2)- Then, F'(k, z) is embedded in the AF filter bank to

be represented by the expectation with time difference defin&gonstruct the transmitted FBM signal. TB&IR, for differ-
as [17] ent SNR's is obtained from 100 Monte Carlo simulations for

E.[B(n+k, H) — Bn H)]2 _ 2Hy 30 realizations of different FBM signals. For example, with
) i Cy 0 ' A " 1, SNR =20 dB, SNR. = 155223 dB is obtained. A typical
whereVy = [(H + )17 {/2 [0 = )" 72 = (=9)" 721" (aalization with SNR = 18.2946 dB is illustrated in Fig. 6.
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Fig. 8. (a) Comparison of AF method with conventional adaptive method in Example 1. (b) Comparison of AF method with conventional adaptive
method in Example 1.

Case 2: In the second case, we consider the FBM signabmples and a delay of 20 samples. A comparison of re-
passing through the same fading channel and corrupted by toastruction performance between the proposed method and
frequency jammer(n) = cos(n + 6y) + sin(2n), wherefy is  adaptive filter in the first case is shown in Fig. 8(a). In the
the initial phase uniformly distributed ov€®, #]. It is evident case of high power noise, the adaptive algorithm has better
that E(»(n)) = 0 for all n. Similarly, we can easily obtain the performance than the proposed method under fading effects.
optimal reconstruction fiIteF(k,z) via (46), embedded in the This indicates that the performance of the proposed method
AF filter bank to reconstruct the transmitted FBM signal. Fas easily deteriorated by high power noise. However, in the
example, with SNR = 20 dB, SNR. = 16.9533 dB. A typical case of low power noise, the performance of the proposed
reconstructed signal for SNR= 20 dB (in this realization, method is much better than that of the adaptive algorithm.
6o = —0.1913) with SNR,. = 18.7248 dB is realized in Fig. 7. Obviously, due to the time-varying property of signal and
It is obvious that the reconstructed signal is very close to tfi@ding channel effect, the tracking ability of the adaptive filter
transmitted FBM signal. is restricted, and the performance of its signal reconstruction

For comparison, a FIR adaptive filter [28] with ten taps deteriorated. However, the proposed method is more robust
coefficients is used, with a parameter training period of 20@Mhder nonstationary signal and fading channels. In the second



3230 IEEE TRANSACTIONS ON SIGNAL PROCESSING, VOL. 46, NO. 12, DECEMBER 1998

250

200 |

150 £

100 B2

50

= SaE
= Sorasn e

(©)
Fig. 9. Contour plots of AE., and AR, . in Example 2. (a) Contour of AF,. (b) Contour of AR ... (c) Contour of Ak4, s4v .

case (i.e., jammer case), the comparison of the propodmitation of plotting, «, is assumed to be 1y; ranges from

method with the conventional adaptive algorithm is showi2 to 1 with a step sizé.1, and«, ranges from 0.03 to 0.4

in Fig. 8(b). Admittedly, the proposed method is much bettavith a step size 0.01). The results are shown in Fig. 13.

than the conventional adaptive algorithm. Example 2—Time-Varying Signal Separation Catet 6,
Remark: Note that the reconstruction errors are mainly dugnd ¢; be independent uniform random variables between 0

to the effects of the time variance of the multipath fadingnd 27. We define two stochastic processes [26] as

channel, corrupted additive noise, and computation error, etc.

With an ideal channelH(q=*;n) = 1), the reconstruction

performance is better than that of the fading case, for example, s(n) = sin(n®/N + 6) + sin(n?)

with SNR, = 20 dB, SNR. = 20.0369 dB and SNR. = v(n) = cos(mp(n) + 61) + sin(n)

20.0354 dB in cases 1 and 2, respectively. The simulation

results are depicted in Fig. 8(a) in the first case and Fig. 8(b)

in the second case, respectively. Moreover, in order to discuglsere p(n) = %meQ + fin is the phase function. The

the effect of channel fading on the reconstruction performandestantaneous frequenay,; = + f1 is a linear function ofn

we also present the design performance under different fadingh slopem  and initial frequencyf;. We intend to separate

parametersa; (¢ = 1,2) with SNR; = 20 dB (for the s(n) from the multicomponent signaj(n) = s(n) + v(n).
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Fig. 10. Mesh plots of AE. and AR, ., in Example 2. (a) Mesh of AF,. (b) Mesh of AF, ... (c) Mesh of AR, s4v.

Here, E(v(n)) = 0 for all n

1 242
R, s(k,n) = 5 cos <w

) + sin(n®) sin((n + k)*)
(53)

and

R, (k,n) =sin(n)sin(n + k) — %COS(W})(TL) —ap(n + k)).

(54)

Thus, AR (k,n) and AR, ,(k,n) can be obtainedXN is
chosen to be 256;m; = 0.6, and fi = 1. The contour
and 3-D mesh plots of AR, (k,n) (in this realization,6y =
.2704), AF, ,(k,n) (in this realization,f;, = —0.4671) and

in the time—frequency domain to separate) and v(n) in
this case. The proposed method is one feasible solution for
this class of time—varying signal separation problem.

The simulation result reveals that for equal power (SNR
0 dB), SNR. = 2.2832 dB. In the case of SNR= 20 dB,
SNR. = 20.009 dB. A typical realization for SNR = 0
dB (in this realization,f, = .4671, #; = 0.2704) with
SNR. = 2.4064 dB and SNR = 20 dB (in this realization,
6o = .5311, 6; = —.7545) with SNR. = 20.0368 dB is
illustrated in Fig. 11(a)—(d), respectively. This is a rather good
reconstruction.

For comparison, a FIR adaptive filter with ten tape co-
efficients is used. In each realization 8f; simulations, a
parameter training period of 2000 samples and a delay of 20

AF, ,(k,n) are given in Figs. 9 and 10, respectively. We sezamples are used to obtained these tape coefficients, and the
that the domains of their ambiguity distributions are highlgstimated parameters are used to simuldtedifferent sets of
overlapped. It is not easy to employ a conventional mask filtabises. A comparison of separation performance between the
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Fig. 11. Signal separation in Example 2. (a), (b) SNR 0 dB, SNR. = 2.4046 dB (c), (d) SNR = 20 dB, SNR. = 20.0368 dB. (a) s(n) versus
3(n). (b) v(n) versusd(n). (c) s(n) versusi(n). (d) v(n) versusd(n).

proposed method and adaptive filter is shown in Fig. 12. Sinaéth corrupted noise. Optimization techniques such as calculus
the nonstationary property of signal and noise is removed bfvariation, spectral factorization, etc., are employed to obtain
the AF filter bank and optimal reconstruction is considereal stable and causal Wiener filter bank to achieve optimal
in the design procedure, the performance of the proposestimation of the transmitted signal. The optimal separation
method is better than that of the adaptive filter. Obviouslproblem for multicomponent nonstationary signals is a special
the tracking ability of adaptive algorithm is deteriorated bygase of our design. Based on AF analysis/synthesis techniques,
the fast time-varying signals. a new time—frequency deconvolution filter design is proposed
using an AF filter bank equipped with a Wiener filter bank
for signal reconstruction in a nonstationary (or time-varying)
VI. CONCLUSION signal transmission system through a multipath fading channel.
An AF filter bank has been developed for the first time Furthermore, in the design procedure of optimal Wiener
to treat the optimal deconvolution problem of nonstationaffiiter bank, the statistical properties of the multipath fading
signal transmission through a multipath fading channel undgrannel have been also considered in the MSE sense. There-
nonstationary noise. Unlike conventional studies of signtdre, the proposed time-scale deconvolution filter bank can
analysis/synthesis via AF [5], this study focuses on the anakhieve the optimal signal reconstruction under the environ-
ysis/synthesis of a nonstationary signal transmission systement of channel fadings.
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Fig. 12. Comparison of AF method with conventional adaptive method in Example 2.
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