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A theory for data-aided equalization and cancellation in digital data trans-
mission over dually polarized fading radio channels is presented. The present
theory generalizes and extends previous work by admitting decision feedback
structures with finite-tap transversal filter implementations. Subject to the
assumption that some past and/or future data symbols are correctly detected,
formulas and algorithms for evaluating the least mean-square error for differ-
ent structures are presented. In a sequence of curves we evaluate and compare
the performance of various structures for a particular propagation model and
several fading events. We find improvement in performance for decision
feedback over linear equalization. More importantly, we discovered that in
this application, as in the single-channel transmission case, decision feedback/
canceler structures are much less sensitive to timing phase than linear equal-
izers.

I. INTRODUCTION

One of the purposes of this article is to call attention to mounting
research results pointing the way toward effective methods for com-
bating the deleterious effects of various impairments arising in digital
data transmission over dually polarized fading radio channels.

Transmission of M-state Quadrature Amplitude-Modulated (QAM)
signals via orthogonally polarized carriers is an effective method for
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reusing existing bandwidth with obvious economic advantages. The
main obstacle in the way of realizing these advantages is the unavoid-
able presence of Cross-Polarization Interference (CPI) between the
dually polarized signals that arise due to multipath fading, antenna -
misalignments, and imperfect waveguide feeds. The chief purpose of
our current work is to obtain a fundamental understanding and a
solution to this problem.

There is a well established theory of linear and decision feedback
equalization/cancellation to mitigate the effects of intersymbol inter-
ference (ISI) and noise in the transmission of a single digital signal.!
However, consideration of data-aided CPI cancellation in addition to
ISI equalization in the presence of noise has not been treated before.
The work of Amitay and Salz? establishes a theoretical base for optimal
linear compensation of CPI and ISI in the presence of noise; however,
their work is limited strictly to linear techniques and considers only
ideal infinite-tap transversal structures.

In this article we generalize previous treatments of this subject in
two major respects. Our first contribution is to cast the problem of
CPI cancellation and ISI equalization in a general theoretical frame-
work that admits data-aided decision feedback techniques. Secondly,
and most importantly, we admit finite-tap transversal structures that
in practice can be implemented adaptively.

The receiver configuration is based on a matrix structure suggested
by the theory of optimal detection and is shown in Figs. 1 and 2. The
optimal structure is comprised of a linear matrix equalizer/canceler
and an ISI and CPI estimator, which is used to subtract some of the
interference from the received signals. An architecture, previously
proposed by Kavehrad,® is a special case of this generalized structure.

The dually polarized channel is modeled by a particular 4 X 4 real
matrix impulse response or its Fourier transform followed by additive
noise. The 2 X 2 block-diagonal elements of this matrix represent the
copolarized (in line) responses, while the off-diagonal 2 X 2 block
entries represent cross-coupled and cross-polarized interfering re-
sponses. Each matrix channel characterizes a snapshot of a multipath
fading event, which in the presence of noise limits the achievable error
rate of the receiver for a given data rate. We use a propagation model
proposed in Ref. 2.

In comparing the performance of various equalizer/cancelers, the
Mean-Square Error (MSE) is used. The justification for using this
criterion has been amply discussed in the literatu;'e.l'2 But the chief
motivation for its use is due to its. mathematical tractability. It turns
out that it also leads to an exponentially tight upper bound on error
rate. In practice, it lends itself to easy estimation and thereby is used
to update transversal filter-tap coefficients recursively.
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Section II contains the system model and theoretical developments.
Computational algorithms are provided in Section III, and our numer-
ical results and associated discussions are given in Section IV. Finally,
a summary is presented in the last section.

ll. THE MODEL AND THEORETICAL DEVELOPMENTS
2.1 System model

Consider a dually polarized digital radio communications channel
supporting two independent QAM data signals. This type of commu-
nication channel with an ideal QAM modulator and demodulator is
shown in Fig. 1. The four independent synchronous data signals Sy, (¢),
Si(t), Il =1, 2, with the generic representation

S[u(t) = 2 alung(t - nT), l = 1’ 2
Sun(t) = 3 amglt — nT), 1=1,2, 1)

amplitude modulate two linearly polarized carrier waves in quadrature.
The modulated signal,

S,(t) = S1,(t)cos wot + So,(t)sin wyt, (2a)
is transmitted over the vertically polarized channel, while
S(t) = Sin(t)cos wot + Sz (t)sin wot (2b)

is transmitted over the horizontal channel. The carrier frequency is
wo and the real data symbols

{awn, L =1,2} and f{ap,,l=1,2}, —o<n< ®

are assumed to be independently drawn from a lattice of points with
odd integer coordinates. The QAM constellations associated with eq.
(2) are, therefore, rectangular. The scalar shaping pulse, g(t), is
selected by the designer to satisfy limitations on transmltted power
and bandwidth.

The individual transmission channels are characterized by bandpass
impulse responses or by their respective Fourier transforms,

ho() | _ | hi(t) hou(t) | .

[hh(t)] = [hm(t) cos wot + hosa (£) sin wot. 3)
The resolution of h,(t) and h,(t) into their respective baseband in-
phase and quadrature components turns out to be convenient in our
application.

To accommodate coupling between the polarized channels, two pairs
of impulse responses, one associated with the cochannel and the other
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associated with the cross-channel, are used to completely characterize
the medium. :

At the output, two independent noises are added and the signal plus
noise is then coherently demodulated. The end-to-end system includ-
ing the modulators and the demodulators is shown in Fig. 1. It is
convenient to view this linear system as a four-input port four-output
port network and characterize it by a 4 X 4 matrix impulse response
or its Fourier transform, which is the overall system frequency re-
sponse. '

It is now easy to verify that the I/O relationships can be expressed
as follows (see Fig. 1): :

Dy, = Syxhiy + Savxhqy + Sinxhiar + Sonthg + vi

Dy, = —=Sy,#hg1 + Soprhin — Sinthga + Szh*hm + vy

Dy = Surhiz + Sau q12 + Slﬁfhizz + Sonrhgoe + vin

Dy, = =S1vthgi2 + Savrhie — Sin*hgas + Sanxhize + vgn, | (4)

where = denotes convolution,

hsS = J: h(¢t — 7)S(7)dr.

The representation in eq. (4) can be put into a convenient matrix
form, ‘

D(t) = f H(t — 7)S(r)dr + »(t), (5)
where H(t) is the 4 X 4 matrix channel impulse response
hiai(t) hai(t)  hi(t) hga1 (t)

_ 1 =hai(t) hai () =hg(t) hm(t)
HO =1 hnt)  han(®) b hae(t)| > ©
—hg2(t)  hiaa(t) —hge(t) hia(t)
S1.(t)
_ | Sa(t)
S(t) = th(t) (7)
_ San(t)
is the input signal vector, and
Viu(t)
_ un(t)
v((t)— vin(t) ®)
th(t)

is the added noise vector.
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Since complex numbers x + jy are isomorphic to matrices of the

form
o |lx Yy
w2 ]

the channel model as described by the 4 X 4 real matrix, eq. (6), can
also be represented by a 2 X 2 complex matrix of the form?

hiay + jhgn  hin + ]:thI
hiz + jhgz  Piog + jhge|’

In our application, however, it turns out to be more convenient to
work with the real matrix in eq. (6).

We now return to the I/0 relationship in eq. (5) and substitute eq.
(1) to obtain in more detail

D) =Y fg(r - nT)H(t — 7)dr-A, + »(t), 9)
where the real data symbol vector A, is given by
Q1vn
Qouvn
n = . 10
A Q1pn ( )
Q2hn

A representative sample of D(t) taken at ¢ = 0, without loss of
generality, yields

D(0) = HoAo + Y, H,A, + »(0), (11)
n#0

where

H,= J: g(r — nT) X H(-7)dr. (12)

In an ideal system, eq. (11) would yield D(0) = A, X constant. This
result is obtained when

1. Hy = constant X I (I is the identity matrix), which implies that
the flat, or nondispersive, CPI vanishes; _

2. H, = [0], ([0] is the zero matrix), implying that CPI, as well as
ISI, vanishes; and

3. ¥(0)=0.

Clearly, these requirements cannot be achieved in practice, and the
designer of data communications systems must deal with these im-
pairments and find methods that minimize their effects on system
performance.
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A well-known approach? is the use of linear equalization. Our
objective here is to investigate a general cancellation technique in
conjunction with linear equalization, which could potentially yield
better performance than with just the linear equalizer alone. To this
end, we begin our analysis by placing a linear matrix filter in cascade
with the channel prior to sampling, and we choose its characteristics
so as to minimize the total MSE between the actual output sample
and the desired output after canceling some CPI and ISL.

Denote the matrix filter impulse response by W(t) and evaluate its
output at ¢t = 0. This yields the column vector for the overall system
response

Do(0) = UsAo + ¥ U,A, + o, (13)
0
where
U, = J: W(—T)Ho('r — nT)dr,
Ho(t) = J:w g(r)H(t — 7)dr, (14)
and
vy = j: W(—7)v(7)dr. (15)

2.2 The optimization problem

To describe our approach, we first discuss the following statistical
problem. Suppose that one observes the vector Dy(0), eq. (13), and
wishes to design the best processing strategy that estimates A, in a
sense of minimizing the probability of error. The precise solution to
this problem remains intractable because of the non-Gaussian nature
of ISI and CPI. While the precise mathematical solution is unknown,
some qualitative aspects of the solution have been discussed.*® It is
easy to argue that the optimal detector structure consists of a matched
filter followed by a least-mean-square estimator of the interference,
which is then subtracted from the matched filter output. After sub-
tracting the estimate of the interference, the problem reduces to
detecting a known signal in additive Gaussian noise, which has a well-
known solution. The difficulty with this formulation, while physically
appealing, is that the least-mean-square estimator of interference is
just as difficult and intractable to evaluate as the detection problem
originally posed. One redeeming feature of this approach, however, is
that if one does not insist on least-mean-square estimation of inter-
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ference, a reasonable detector structure can be determined. We argue
that constructing reasonable estimates of CPI and ISI, which are not
necessarily optimum, subtracting them from the incoming signal, and
then constructing an optimum detector essentially satisfies the spirit
of the suggested optimal procedure.

We now formulate our approach more precisely. To start, assume
that over a finite set of sampling instants, S, vector data symbols, A,,
n € S, are available at the receiver and before we make a final decision
on the current symbol, Ay, a portion of the interference,

Z UnAm

nes

is subtracted from Dy(0). Actually, this is feasible since prior to n = 0,
symbols have been decoded all along and what is presumed in our
proposal is that we use the already-decoded symbols to improve on
the current estimate of Ay. Since practical systems are not realizable
relative to a large delay, there is a problem in using symbols that have
not yet occurred. This can be overcome by introducing a delay, making
tentative decisions, and then returning to modify the A, decision.

How realistic is this assumption? The answer depends on the system
error rate prior to cancellation. For example, when the error rate is
107 and the cancellation window size is small relative to 10% the
probability that almost all of the symbols in this window have been
correctly detected is fairly large. Thus, after cancellation, the error
rate may be much improved. On the other hand, if the error rate prior -
to cancellation is high, no improvement after cancellation can be
expected since the estimation of the interference is not reliable.
Evidently, decision-directed cancellation as proposed here is a boot-
strapping technique. It is very successful over a certain range of error
rates and fails when the error rate is high. Unfortunately, these
qualitative statements are extremely difficult to make precise, and it
is necessary to rely on simulation results.® The assumption that A, is
known in the canceler window will clearly result in optimistic perform-
ance predictions, and whether the predicted benefits can be realized
must be ascertained experimentally.

We now proceed to include this “genie” in our mathematical anal-
ysis. As already stated, the performance criterion we use throughout
this work is the least MSE normalized to the transmitted symbols
variance, denoted 3. This is a mathematically tractable criterion to
work with, and by minimizing MSE, one also minimizes an exponen-
tially tight upper bound on the error rate. Its use is also practically
motivated because it lends itself to easy estimation, and it can be used
to update transversal filter-tap coefficients in practical adaptive sys-
tems.
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Returning to the mathematical problem at hand, we define the error
vector ¢ as the difference between Dy(0) minus the canceler output
vector, and the desired vector data symbol, Ao,

€ = Uvo + 2 UnAn - E CnAn + v — AO; (16)
n;O nes

where C, represents canceler-tap values. Total MSE can be expressed

as ‘

MSE = tr[E{ee'}], | (17)

where “tr” stands for trace of a matrix, Ef{-} denotes mathematical
expectation with respect to all random variables, and ' represents
complex conjugate transpose. v

The computation of eq. (17) is straightforward and yields

MSE = o’tr [I - Uy — U§ + ¢ f W(t)W'(t)dt

nes né&S

+ E (Un - Cn)(Un - Cn)'r + 2 UnUIL:| ) (18)

where Io2 = E{A A}, o2 = 2(M — 1)/3, and M is the total number of
QAM signal states, :

Nol = E{(t)'(t)},

and ¢® = No/o3. .

The set of canceler matrices, C,, n € S, can immediately be deter-
mined. If they are not identically set to U,,, they can only increase the
value of MSE. Consequently, we set C, = U,, n € S, and the residual
MSE results in a functional of the matrix impulse response, W(t),
and the size of the cancellation window.

The minimization of MSE with respect to the matrix W(¢) is
accomplished by the use of the calculus of variations. After substituting
for U,, defined in eq. (14), we get

MSZE = tr [1 -9 J: W(=7)Ho(r)dr + o2 J: W(=r)W'(=r)dr

)

+ ¥ fW(—T)Ho<T - nT)der{)(r— nT)WT(—T)dT]. (19)

ngsS

To determine the optimum W, we replace the matrix W in eq. (19) by
(Wo)s + ()i, 5,i=1, -+, 4,

where 7; is arbitrary, and we set
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d
%; (MSE) = [0]; (20)

at£;=0,i,j =1, 2,3, 4. It is easy to verify that
194

= 52— (MSE) = tr [—2 f 3 (r)Ho(7)dr + 247
d Ysy -

f Wo(—7)nf(r)dr + 2 X f Wo(r)Ho(v — nT)dr
—% ngs v —o )

I H(f)('r - nT)nﬁ(T)dT] = Oy (l’]) = 1: ttt 4’ (21)

where the matrices, 3, 4,7 =1, - .-, 4 have the entry “/” in the (/;)th
position and zero everywhere else. By computing the trace of eq. (21),
we obtain

- J:w [Ho(7)]im}) (r)dr + o* J:w [Wo(—)];nS (r)dr

+ X [Ho(r = nT)UlLind(r)dr =0, 1,j=1,..-,4. (22)
ngS
Since eq. (22) must hold for all functions of 7 and #; (7), we obtain the
matrix integral equation that must be satisfied by the optimum matrix
Wo(7), namely,

*Wy(—7) = H'(r) = ¥ U,H}(r — nT). (23)
néS

The structure of Wy(7) is practically interesting. It consists of a
matched filter followed by a matrix-tapped delay line where the matrix
taps are zero for n € S. In other words, the linear transversal filter or
equalizer specified in eq. (23) operates over a range of matrix-tap
coefficients where the canceler is not operative. This is to avoid
interaction between collocated taps and possible unstability problems.
The structure is shown schematically in Fig. 2. In practice, this
structure can be approximated and implemented by a finite transversal
filter whose taps can be adaptively updated.

After post-multiplying eq. (23) by W'(—7), integrating, and then
comparing the result with eq. (19), we get an explicit formula for the
optimum MSE,

MSE, = ¢itr(I — Up), (24)

where U, is obtained by solving a set of infinite linear equations
obtained by post-multiplying eq. (23) by H(r — kT') and then inte-
grating. Thus,
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Fig. 2—Cross-polarization interference and intersymbol interference canceler block
diagram.

Uy =Ry — Y U.Ri,, allk, (25)
ngS

where
R, = f HY(:)H(r —~ kT)dr

— R, (26)

To evaluate the merits of our system, we must have a solution for
U,. The task of solving eq. (25) is rather complicated. It is made
difficult by the fact that the matrix equations are not specified over
the finite set, S. While the number of unknowns is infinite, the values
at the gap window are not specified. A way around this dilemma was
found in the scalar case,* and with care applied to matrix manipula-
tions, it is possible to adopt the same techniques here.

We proceed by first separating eq. (25) into two equations, one for
k = 0 and the other for & # 0. Thus,

Us(Is* + Ro) = Ry — ¥ U,R_,, k=0, (27)
nggJ
and
2 Uan—n = (I - UO)Rk’ k $ J’ (28)
n¢J

where the set J is defined as
{Jin€d, n=-Ny, ---,0,---, Ny} ‘ (29)
and

M, =R, + 0'250kI; (30)
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where 8y is the Kronecker delta function. The solution of eq. (28) is
facilitated by introducing a set of matrix variables {V,}Z. and a set of
unknown matrices {Ax}Z.. Using these matrices, we write eq. (28) as

S VaMon = (I = Uo)(Bx — Ay), all k. (31)

n=—co

For these doubly infinite sets of matrix equatlons to identically coin-
cide with eq. (28), the following constraints must hold:

An=0, ne&d
and
V,=0, nEJ (32)

If these can be satisfied, the solution to eq. (31) will be identical to
the solution of eq. (28) with' V,, = U,, n &€ J, and this is the sole
purpose for introducing new variables. Evidently, eq. (31) is easy to
solve since it is in a form of a convolutional equation. To this end
define the inverse matrix sequences, {M{ V)., as

Z Mk_nMirl) = I&ko, all k (33)
Now, insert this into eq. (31) to obtain explicitly the desired solution,
Vo=U-U) Y (Rr— Ak)Mi_B, all n. (34)

k=—x

From this we can obtain a finite set of equations in the unknown
matrices Ay, since V,=0forn € J,

2 RkM( U= Z AkMi:ln), ned. (35)

k=—00 ke

By substituting the definition of M, from eq. (30) into the left-hand
side of eq. (35) and making use of eq. (33), we obtain the desired
equations for the unknown constraint matrices Az, k € J,

Isy — MG = ¥ ALMY, ned. (36)
ke v
Returhing to eq. (31), we get fork=0
2 VoM_, = (I — Uo)(Ro — Ao)

n=—o

= Y UnR-, (37

n¢J
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where the last equality derives from the fact that V,=0,ne J; V, =
U,, n & J; and R, = M,,, n € J. Finally, by substituting eq. (27) into
eq. (37), we can write

(I — Uo)(Ro — Ao) = Ro"‘ Uo(I6® + Ry), (38)
and solving for I — U, yields '
I = Up) = c*o? + Ao)7 (39)

Substituting this into eq. (24) provides an explicit expression for MSE,
in terms of A only,

MSE, = o%tr <1 + A") . (40)

Our effort in the following will be centered on determining Ao as a
function of the cancellation window size, or the size of set JJ.
2.3 The matched filter bound

When the canceler window is doubly infinite in extent, one obtains
the very best possible result. In other words, the genie has eliminated
all ISI and CPI. In this special case, N; = —» and N; = o, and eq.
(36) is now easy to solve since it reads

16,,0 - 0'2M(_,,1) = 2 AkM(_l). (41)

k—n
k=—w
By evaluating the Fourier series of both sides of eq. (41), we obtain
I = >MV(8) + AB)MTV(), (42)

where a generic Fourier series pair representation is

X(0) = Z -xexp(jol)

l=—c0

and

o= f X (8)exp(~jol)ds.
27[' -7
Since M(8) = ¢*I + R(#) and M“V(0) is in fact the inverse, M~'(f),
we determine from eq. (42) that A(8) = R(6). Consequently, the zeroth

coefficient of A(f) is Ry = 1/(27) fZ, R(0)d6, and when this is substi-
tuted into eq. (40) we get the desired matched filter bound,

-1
MSE, = ojtr (I + %) . 43)

This will serve as a lower bound to attainable performance to which
we will compare all other results.
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2.4 Linear equalization

In this case, the canceler is absent and so N; = N; = 0. Here, eq.
(36) reduces to

I — ®MEY = AMEY, (44)

and solving for M§™?, we get

-1
MEY =5 <I + A°)
g

0_2

1y 1 T RO
_2WLM (o)do_WL[H az]da. (45)

It is now immediate that
2 T -1
MSE, = 2% f tr (1 + @) ds, (46)
27 J-x o

the well-known formula for linear equalization.’

2.5 Decision feedback and finite causal canceler

In this application it is assumed that all the causal terms, which
depend only on past decisions, are canceled in addition to a finite
number of noncausal terms. This implies that N; = o and N, is finite.
When N; = 0, the canceler becomes a decision feedback equalizer’
since causal interference can be canceled by a feedback circuit. Here,
we will determine MSE for the more general case when N; is not
necessarily zero.

To treat this case it is more convenient to solve for U, directly from
eq. (28) rather than through eq. (36). Thus, we rewrite eq. (28) as

—Nl

E Uka—k = (I - UO)Rm’ m= —NI’ (47)

=—00

which is recognized to be a matrix Wiener-Hopf equation, and its
solution depends on being able to factor positive definite Hermitian
matrices.?

To proceed with the solution of eq. (47), we introduce the following
sequence of matrices

Mt=][0], n<O0
M. =[0], n=0,
such that

‘M, =3 Mi.M: alm. (48)

n=0
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The validity of this expression and the existence of M; and M, were
first proved by Wiener and Akutowicz.’

Substituting eq. (48) into eq. (47) and rearranging yields two sets of
equations

Y Ym-aMy = (I — Up)Rn, allm (49)
n=0
and
. -N,
E UMnp = YVm, M= —N;. (50)
k=—o0

The procedure for solving these is to first solve for Y(#) from eq.
(49) in terms of M~(#), an easy task in terms of the Fourier transforms
of {M;} and {y,}. Having obtained Y (6), one proceeds to solve eq. (50)
for U(6) in terms of M'(#). Note that eq. (48) implies

M(6) = M~ (6)M*(9),
and since M(#) is Hermitian, M () = M'(0), implying [M*(8)]" =
M=(9), [M~(0)]' = M*(8), and the factorization problem is reduced to
finding a matrix M*(6) such that

M@®) = [M*(O)]I'M*(®),

where the entries in M*(6), [M*(8)]; are such that [M*(f)]; has a
Fourier series with only positive frequency coefficients. We shall later
discuss algorithms for determining M*(8) from M (6)—a rather com-
plicated task.!®
We now proceed to determine the sequence y,,. Multiply both sides

of eq. (650) by M?,, and sum m from —o to —N,. This gives the for-
mula

-MN =Ny

Y YmMi, = kZ UM_,. (61)
Now, recall that M, = R, + ¢20,1, and, therefore, eq. (49) can be put
into the form '

Y YmMi=U = U)Rn., allm, m=#0. (52)
n=0
When this is compared with eq. (48), we obtain
Ym =T — U)M,, m#0, (63)
and when substituted into eq. (51), we get
—N;-1 —N;—1
(I - UO) 2 M;th = 2 UmM—m
e T ~N;-1
= (I — Uo) _Z Mo (MR (54)

DIGITAL RADIO 2225



From eq. (37) we have that
3 UM = (- U R - ), (55)
and so we concludé that
Ro — Ao = _NE: M (M;)', (56)
Substituting again for R, = M, — Is? in eq. (56) and rearranging, we
finally obtain

0
I + Ao= ¥ Mi;(M3)', (57)
n=—N;
since
MO = 2 M:nM-rt
n=0
= ¥ M. (MZ,)!
n=0
0
= ¥ M.;M;)%
n=—N;
hence,
—Nj~1 0
I + Ap=— X MZ(M;)T + Y (M)W
0
=% M;(M;)".

n=—N;

Upon substituting eq. (57) into eq. (40), we obtain the desired result,

2 Ao B
MSE, = sitr { I +

=
12 -
= g3tr (—2 ¥ M;(M;)*) . (58a)
0 n=—N,

Notice that when N; = 0, that is, no anticausal cancellation,
M%;]“

0_2

MSE, = ¢3tr [ (58b)
where My = Mg = (M¢)'. This is the formula for decision feedback
equalization derived by Falconer and Foschini for QAM transmission
over a single channel, which they cast in a matrix formulation."
Evidently, the form of the answer generalizes to arbitrary dimensions.
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2.6 Finite linear equalizer

The theoretical results we have derived so far apply to an ideal
canceler of any window size and an infinite-tap linear equalizer whose
matrix taps vanish inside the cancellation window. To assess the
penalties incurred by a finite-tap linear equalizer outside the cancel-
lation window, we derive least MSE formulas applicable to this case.
With these formulas we will be in a position to evaluate the merits of
equalization/cancellation using only a finite number of matrix taps
and to gain insight as to how best to deploy the total number of
available taps. Also inherent in the theory derived so far is the
independence of MSE on sampling phase. This is so since the trans-
versal equalizer/canceler is preceded by a matched filter whose struc-
ture presumes knowledge of sampling phase. Here, we shall relax this
condition and derive the MSE for a front-end filter matched to the
transmitter filter only rather than to the overall channel response and,
thereby, bring out the dependence of MSE on timing phase.

We, thus, represent the finite-tap delay line matrix filter by

Wio(—7) = X g(t — nT)Q,, (59)

ner
where the two sets F and S are disjoint and F now is a finite set,
{F:nEF,n=—N1—-M1, ---,—Nl—l,O,N2+1, "',N2+M2}.

In eq. (59), g(t), as before, is a scaler pulse shape, while {Q,}.cr is a
4 X 4 matrix sequence. The objective now is to select the @,’s that
minimize the total MSE, eq. (19),

MSE _ [I — 2U, + o f Wir)Wi(r)dr + 3 U,,Uf,]. (60)
od — n&¢S

Substituting eq. (59) into eq. (60) yields

F —9-2 3 0(@H) + 3 r(@Gm@))
0d neF n.meF

+0'2 2 tr(QnPn—mQL); (61)

n,meF

where the H,’s are defined in eq. (12) and

Gum = 2 Hl—nHz—-m '
s (62)

pn = J: ) g(t)g(t — nT)dt.

Setting the derivatives of eq. (61) with respect to the elements of
the matrices {Q,}.cr to zero, we get a set of linear matrix equations
for the unknowns, {@,}.cr, namely,
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Hln = 2 QlRln’ ne F, (63)
leF

where
Rln = Gln + Uzpn—l; n, lEF. (64)

The solution of eq. (63) is straightforward and is discussed in a later
section.

For now, label the solution of eq. (63) by Q/—the optimal @Q/s.
Premultiply by @2, sum over n € F, and substitute the result into eq.
(63). This yields the desired formula for the least-mean-square error,

MSE, = oZtr (I -3 Q?H_,). (65)
ler

The next section will present computation algorithms for numeri-
cally evaluating the formulas developed here.

lIl. COMPUTATIONAL ALGORITHMS

An examination of Section III demonstrates that the theoretical
analysis of M-QAM signal transmission over dually polarized channels
in the presence of multipath fading is a numerically intensive activity.
In this section we provide an overview of the major computational
issues related to our investigation.

3.1 Infinite linear equalizer/finite canceler

When the linear equalizer in Fig. 2 has a finite-tap window size, the
optimum receiver structure comprises a matched filter followed by a
matrix transversal filter and a matrix canceler. The most general case
under this assumption is when the matrix canceler has a finite number
of causal and anticausal taps and the solution of eq. (36) for A provides
a means of calculating minimum mean-square error by use of eq. (40).
To solve for Ao, block matrices M{’s defined in eq. (33) have to be
determined first. One way to determine the M{"’s is to solve eq. (33)
by a Levinson-type algorithm'? where the entries are block matrices.
Thus, matrix convolution eq. (33) is then represented as

Mo Moy M -~ -7 [ - ] [ol

M M, M, --. : ( ) .

‘M2 Ml MO M—-—l1 _ O 66
S C | Mg I (66)
i . ) M_1 Mﬁ—l) 9 ’

L - . M1 Mo J L . E L 0 ]

where I is the identity matrix. As observed, the block Toeplitz matrix
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equation can be solved for M{’s, with the M)’s given in eq. (30).
Having the M{™"’s and expressing eq. (36) in the form

[A—NlA—N1+1 PR A—IAOAI oo AN2]

C MEY MY . M3 . )_}
MY MY L A
X
: : (67)
| My Mmoo ME®

= [-e’ME® ... (=®M§V + 1) --. —a* M),
it is possible to evaluate A,.

3.2 Infinite linear equalizer|decision feedback canceler

When the matrix canceler has knowledge of infinite past data
symbols, it becomes a decision feedback equalizer. In addition, it may
also employ a finite number of anticausal taps to operate on the future
symbols, in which case it becomes a finite window canceler. This can
be accomplished by a finite delay. As shown in eq. (47), to determine
MSE,, a matrix Wiener-Hopf equation has to be solved. This involves
determination of anticausal factors of the M(f) matrix as explained
in Section 2.5.

There are at least two computational algorithms available for solving
a matrix Wiener-Hopf equation. One method as introduced in Ref. 13
converts the matrix that has to be factored directly into a nonlinear
difference equation of a Ricatti type, which converges to a stable
solution. Another method, which we adopt in our present work, is a
Bauer-type factorization of positive definite polynomial matrices.'*
This algorithm is suited to sampled data applications and takes
advantage of the periodic and positive nature of the channel covariance
matrix, M(8), as in this work. It performs the factorization in the
following steps. Suppose one desires to factor the n X n matrix M(0)
as follows:

M(@@) = M~ (0)M*(0).
This matrix possesses a Fourier series expansion,
M@) = ¥ Amexp(jmb), (68)

whose n X n coefficients,

Ay = 1 f exp(—jm8)M (6)dd, (69)
21 J=
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approach 0,, as | m| becomes infinitely large. One now follows the
steps:
Step 1: Form the following variable-size Toeplitz matrix

Ao A .. A,
AL, Ay i Apy
Ao Acpuy -+ Ay
of respective size (m + 1)n X (m +1)n,m=0, ... ,othat is Hermitian
and real.
Step 2: For every m = 0, perform the Cholesky’s factorization®
Tm'= LrTn'Lm, . (71)

where LT, is the transpose of Ly, and L, is a square, real, and lower
triangular matrix with positive diagonal scalar entries,

L(M) W
L(M) L(M) ’
B - . . . 0 -
L.=| - : . ) - (72)
LL"“’ w L pm |
All blocks in eq. (72) are real n X n, and all L, r =0, --., m, are

lower triangular.
Step 3: It has been proved in Ref. 14 that for every fixed r and &,
rzkz0,
limit LY = M7,. ‘ (73)
m—%
The factorlzatlon of eq. (71) and the evaluation of M;_; in eq. (73) are
performed numerically. To find an upper bound on m for stopping the
calculations, a convergence point must be established. This can be
done by checking the trace of M}, in each iteration to determine
whether it has reached a level of constancy and, if so, for what value
of m. This completes the factorization. Indeed, in Ref. 14 it is shown
that a constant trace as a function of m corresponds to a minimum of
a quadratic functional:

I(P) =% f tr[PY(6)M (6)P(6)]db, (74)
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where P(0) is a polynomial matrix of the form

P(0) = ZO x-exp(—jrd), (75)
with the quadratic functional of eq. (74) expressed as
I(P) = tr(X'T, X), (76)

where T,, was defined in eq. (70) and x,’s represent the elements of X.
Hence, there is a theoretical base for establishing the convergence
point.

3.3 Finite linear equalizer/finite canceler

Finally, we consider the case where the matrix linear equalizer
operates on a finite set of taps that do not overlap with those of the
finite-tap matrix canceler. This is a case of great. practical interest.
Here, the receive filter is assumed to have a square-root-Nyquist
transfer function!® matching the transmit filter. Since it no longer
matches the overall channel and transmitter characteristics, MSE, is
a function of timing phase. Therefore, an optimum timing reference
has to be established before the optimum nonstationary covariance
matrix can be determined. This is accomplished here by minimizing
the mean-square eye closure (MS-EC), which is a measure of the
amount of received level perturbation caused by CPI and ISL.!¢ In our
present work it is assumed that the demodulator removes the channel
phase at the optimum sampling time reference.’® Once an optimal set
of samples is found, the covariance matrix, G, of eq. (62) is formed
as

Gnm —
nmeF

rG—(N1+M1),—(N,+M1) : G—(N1+M1),-(N1-+M1—1) G—(N1+M1),(N2+M2)T
G-(N,+M1—1),—(N1+M,) :

Go(N,+1),~ (N +30,) :
Go,—(Ny+My . . (1)
Gyt 1)~ (Ny+My)

| Givgehp—iNysbty e cor Guvgemtp gty

In terms of the H,’s defined in eq. (12) the covariance matrix can be
expressed as
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_H1+N1+MJ
Hynn
Gm= Y| H (78)
s Hi_n
L Hl—Nz—Mz_

t + gt t
X [Hinas, * o Hinr HIH y,y oo+ H_y,_p,)-

Hence, by adding ¢® to the diagonal elements of Gun, the matrix Ron
is formed, as expressed in eq. (64). The Q.’s, that is, the coefficients
of the finite window equalizer, can be computed as follows:

[Q-vyamty -+ Q-Ny-1QoQNyt1 + -+ @Nyrasy)

t -1
=[H IN1+M,)H IN1+M1-1) -+ H —(N2+Mz)] X [an] :

These coefficients are used in eq. (65) to determine the optimum MSE,

(79)

IV. DISCUSSION OF SIMULATIONS AND NUMERICAL RESULTS

In this section, the minimum mean-square error (MSE,) is evaluated
for the various techniques covered in the previous sections. We will
first discuss a channel model, and then we will exhibit and discuss the
behavior of MSE, as a function of the number of equalizer/canceler
taps (M,, M,, N1, N,) (see Fig. 2).

4.1 Propagation model

The cross-polarization fading propagation model employed is the
one that is proposed in Ref. 2 and is briefly reviewed here. The
frequency characteristics of the propagation model are presented by

the complex matrix
_ Cn(w) C (w)
Clw) = [Clz(m cﬁl«o)]' (80)

where the functional form of C;;(w) and Ce(w) is that of a single (in
line) fading channel model documented by Rummler'” with the generic
representation

Ci(w) = a[1 — p exp(jo)exp(—jwr)], (81)

where a and p are real variables representing flat and dispersive fading
levels, ¢ is related to the fade notch offset, and 7 is the delay between
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direct and reflected paths assumed to be 6.3 ns in this study. Also in
the model,

Caz(w) = a[l — p exp(jplexp(—j(w ~ Aw)7)], (82)

which is in the same form as Cy,(w), except for an additional variable
Aw that allows noncollocated fade notches to occur on the two polar-
ization signal transfer characteristics. From Ref. 2, cross-polarized
paths are assumed to behave as

Co1(w) = K;Cii(w) + K2Cosw) + Rsexp(—jwDy) (83)
and
Ciz2(w) = K C11(w) + K5Cos(w) + Reexp(—jwD>), (84)

where Ki, K,, K4, and K5 are constants that incorporate the nonideal
properties of antennas and waveguide feeds at both ends of the
channel, typically taking on values varying from one hop to another
in the —35 to —20 dB range. The last term in egs. (83) and (84)
represents a nondispersive cross-polarization response contributed by
an independent ray. In the present work, Rs, Re, and Aw are assumed
to be zero and the K;'s are assumed to be —20 dB.

4.2 Channel covariance computation

Computation of the channel covariance matrix is the initial neces-
sary step behind all the MSE, calculations. In the case of the infinite
window-size equalizer discussed in Sections 3.3 through 3.5, the receive
filter is assumed to be a matched filter; hence, no reference timing
establishment is necessary. The peak of the correlation function serves
as a timing reference. By computing the sampled correlation matrix
of eq. (26), we can proceed with the normalized MSE, calculations as
explained in previous sections. '

By applying the finite window equalizer, as discussed in Section 3.6,
a set of optimum samples of overall impulse response is found by
establishing a timing reference, t,, for which the MS-EC of the received
in-line signal is a minimum, and at this reference, the channel phase
is removed.'® This has to be done for the two polarized signals inde-
pendently.

The overall transfer function matrix is given by

H(w) = C(w) X P(w), (85)

where C(w) is the propagation transfer matrix and P(w) is the diagonal
Nyquist-shaping filter transfer matrix. Now, for instance, if the im-
pulse response of the vertical in-line signal is

hiu(t) = a[p(t) — p exp(jo)p(t — 7)], (86)

DIGITAL RADIO 2233



where p(t) is a Nyquist-shaped pulse, the channel phase becomes

—p sin(¢)p(t — 7)
p(t) — p cos()p(t — 7)’

and the upper row block matrices of the overall impulse response
matrix have to be multiplied by exp(—j#(ty)) X I (I being the unity
matrix) in order to remove the channel phase at t,. With this back-
ground, we now present the numerical results in the following subsec-
tion.

6(t) = Arc tg

(87

4.3 Numerical results

To provide a single set of curves for MSE,, independent of the
number of transmit states in M-QAM signal space, we normalize
MSE, as defined in eqs. (40), (43), (46), (58a), (58b), and (65) by
dividing the formulas by o2, that is, the transmitted symbols variance.
In addition, we only compute the normalized MSE, for one of the M-
QAM signals that comprise the dually polarized signals, namely, S, (¢).

If one defines the unfaded signal-to-noise ratio (s/n) by T, it can be
verified that in the case of a matched filter receiver, the normalized
MSE, in the absence of any cross-polarization interference (K, Ko,
K4, K5, R3, Re = 0) is S1mply

1
1+7T

and, consequently, for a large unfaded s/n, it becomes I'"*. Hence, eq.
(88) establishes an ultimate performance bound that can only be
achieved in a utopian environment. This reference will be our baseline
in the following evaluations. In a dually polarized system with a finite
amount of nondispersive coupling (K, K,, K,, K5 > 0), the matched
filter bound is degraded somewhat. For K; = K, = K, = K; = —-20 dB
we found a small amount of degradation in the ideal MSE,, which is
not a function of the dispersive fade depth and only diminishes when
there is no cross-coupling, that is, in a completely orthogonal system.

In all that follows it is assumed that the transmit filter is square-
root Nyquist shaped,'® and the receive filter either matches the overall
transmitter and channel or the transmitter only. A Nyquist roll-off of
45 percent, both a 40- and a 22-MHz channel bandwidth, and an s/n
of 63 dB are used in our numerical evaluations.

Figure 3 depicts the normalized MSE, as a function of the number
of canceler taps, ), when a 40-dB centered fade over a 22-MHz channel
band is applied to both polarized signals. The linear equalizer in this
case possesses an infinite number of taps. The case of pure linear
equalization (N; = N, = 0), no cancellation, exhibits the largest MSE,

L MSE, = (88)
aq
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s/n = 63 dB

— ——-(LINEAR EQUALIZER ONLY) Ki's = -20 dB
: My =My =00

~(DECISION FEEDBACK EQUALIZER)

DECIBELS, NORMALIZED MSEy; FOR ONE SIGNAL
ad >

MATCHED FILTER BOUND

Yy ”—
sJa=m
Ny = o0
-63 | 1 1 | 1
0 2 4 6 8 10 a

NUMBER OF CANCELER TAPS

Fig. 3—Optimum normalized MSE versus number of canceler taps for a 40-dB
centered fade over a 22-MHz channel.

degradation relative to the asymptotic matched filter bound. This is
due to the noise enhancement experienced by the linear equalizer
during deep fades. When both causal and anticausal canceler taps are
present, all the curves rapidly approach the matched filter bound for
a finite constant coupling (K; = —20 dB, i = 1, 2, 4, 5). The curve for
a decision feedback type canceler starts at an ideal decision feedback
equalizer normalized MSE, and approaches the asymptotic value with
two anticausal taps. The finite window size canceler curve starts at
the linear equalizer case (N; = N; = 0) and reaches the matched filter
bound asymptotic value with a total of four causal/anticausal taps.
Finally, when no anticausal taps are employed the curve asymptoti-
cally approaches the ideal decision feedback case with only two causal
taps. .

In Fig. 4, we depict results similar to Fig. 3 for the case when the
centered fade notch depth is reduced to 20 dB over a 22-MHz channel.
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s/n = 63 dB
Kj's = 20 dB
Mi=My =oco

60

~{LINEAR EQUALIZER)
/’

_— (DECISION FEEDBACK EQUALIZER) //0 =Ny Ny =0

DECIBELS, NORMALIZED MSE; FOR ONE SIGNAL

R 4

O—

-62 MATCHED FILTER BOUND
A —Yp—

NUMBER OF CANCELER TAPS

Fig. 4—Optimum normalized MSE versus number of canceler taps for a 20-dB
centered fade over a 22-MHz channel.

As can be observed, the linear equalizer (N, = N; = 0) performance is
improved. In both figures the fade notch is located at the band center;
however, since in both cases the receive filter matches the overall
channel and transmitter, an offset fade notch does not have a serious
impact on the results for the same fade notch depth.'®

In Figs. 5 and 6 we depict the achievable MSE, when the linear
equalizer has a finite number of taps. The fade notch in Fig. 5 is
centered, but in Fig. 6 it is offset from the band center. For ease of
presenting the results in our work, fade notch offset from the band
center is expressed in terms of the ratio of the fade notch distance
from the band center to the channel equivalent baseband bandwidth
in percentage. In Fig. 6, the fade notch is offset by 69 percent over a
22-MHz channel, that is, an offset of 7.6 MHz from the band center.
As observed from Fig. 5, a total of nine taps (including the center tap)
are required to achieve the asymptotic matched filter bound when
decision feedback taps are present. It is interesting to note that the
same asymptotic performance can be achieved no matter how the nine
synchronously spaced taps are deployed between the linear equalizer
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s/n = 63 dB
My =M;=4 Kj’s= -20 dB
FOR OPTIMUM TIMING
56 4

———(LINEAR EQUALIZER)

My =My;=0
(CENTER TAP
CPI CANCELER)

DECIBELS, NORMALIZED MSE; FOR ONE SIGNAL

63 ] ] 1 j L Mi=he
0 2 4 6 8 10 Q=N +N,
NUMBER OF CANCELER TAPS

Fig. 5—Optimum normalized MSE versus number of canceler taps for a 40-dB
centered fade over a 22-MHz channel.

and the canceler as long as the canceler operates in a decision feedback
mode. This is because the equalizer and canceler-tap windows comple-
ment one another; therefore, since the taps do not overlap, for the
same number of taps, the performance remains almost the same in
the decision feedback cases. An important configuration is when the
linear equalizer operates only on the main lobe of CPI by means of its
" center matrix taps (M; = M; = 0). This is a single tap linear equalizer
structure as opposed to the single tap decision feedback CPI canceler
proposed by Kavehrad.? It is clear that as long as the canceler window
is sufficiently wide, a main lobe CPI canceler can achieve the asymp-
totic matched filter bound. The curves again indicate that deep fades
degrade the linear equalizer (N; = N, = 0) performance significantly.
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s/n = 63 dB
Kj's = -20 dB
FOR OPTIMUM TIMING

My =My=0
(CENTER TAP
CPI CANCELER)

DECIBELS, NORMALIZED MSEy FOR ONE SIGNAL

-63 | | l ] p M=
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NUMBER OF CANCELER TAPS

Fig. 6—Optimum normalized MSE versus number of canceler taps for a 40-dB, 69-
percent offset fade over a 22-MHz channel.

Previous studies'? showed that every 3-dB degradation in MSE,
translates into a loss of 1 bit/s/Hz of data rate efficiency. Hence,
linear equalization may not provide adequate rate efficiency in deep
fades.

In Fig. 6 we depict curves similar to Fig. 5, except for a 40-dB offset
fade with the notch frequency offset by 69 percent. Improved perform-
ance turns out to be due to the particular notch position as is brought
out in the discussion of Fig. 8.

Figure 7 illustrates a similar set of curves for a 20-dB centered
fading of dually polarized signals over both a 22- and a 40-MHz
channel. As can be observed, the linear equalizer (N; = N, = 0)
performance improves because of the decreased fade depth; however,
over the wider channel band the degradation over decision feedback
is more, as expected. This is due to the wider channel band over which
the same fade notch depth causes more dispersion. The degradation
amounts to 2.2-dB loss of MSE; comparing to a matched filter bound,
that is, roughly 1 bit/s/Hz loss of data rate efficiency, and the loss can
even be more for offset fades, as will be seen in Fig. 8. Hence, even
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s/n = 63 dB
K;'s = -20 dB
FOR OPTIMUM TIMING
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CPI CANCELER)
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Fig. 7—Optimum normalized MSE versus number of canceler taps for a 20-dB
centered fade over a 22-MHz and a 40-MHz channel.

with more typical fades the use of the linear equalizer can be trouble-
some over a 40-MHz channel. '

Finally, to compare some of the techniques described earlier in
terms of their sensitivity to fade notch offset, we plot, in Fig. 8, the
normalized MSE,; as a function of fade notch position which, as
explained earlier, is expressed here in terms of the ratio of the fade
notch distance from the band center to the channel equivalent base-
band bandwidth. We consider the following structures:

1. A linear equalizer with

M, =M,=4
N; = Ny = 0 (no cancellation).
2. Center tap only linear equalizer/finite window canceler with
M, =M,=0
N, = N, = 4.

The sensitivity of the linear equalizer to offset fades is quite pro-
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Fig. 8—Normalized MSE, versus fade notch offset.

nounced. The center tap equalizer with a finite window canceler
exhibits a very small sensitivity to offset fades. The degradation of
MSE, for some offset fades can be explained considering the fact that
these fades cause cross-coupling of the imaginary part of a complex
QAM signal into its real part, and for a particular notch offset
frequency within the band, the coupling reaches its maximum. There-
fore, the MSE, versus fade notch offset curves exhibit this phenome-
non. In dually polarized systems, as in the case of the problem at
hand, this is even more pronounced than in single signal transmission,
because in the 4 X 4 system under offset fading there is coupling of
three interfering data streams into the fourth one. A decision-feed-
back-type canceler structure, by canceling the major contributors to
CPI and ISI and with a lesser noise enhancement, exhibits an improved
performance compared with the linear equalizer. Note that all the
curves in Fig. 8 have been obtained under optimum timing conditions.

To investigate the sensitivity- of the two structures to timing phase,
we plot in Fig. 9 the normalized MSE, and superimpose the normalized
MS-EC of the received signal before equalization/cancellation as a
function of sample timing offset from the optimum timing reference.
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Fig. 9—Sensitivity to timing phase for a 40-dB fade notch, offset by 34.5 percent,
over a 22-MHz channel.

This is done for a severe fade, namely, a 40-dB fade with a notch
frequency offset by 34.5 percent over a 22-MHz channel. It is clear
that the finite linear equalizer is much more sensitive to timing phase
than the decision feedback type. This was previously shown in a paper
by J. Salz!® for infinite window structures in single-signal transmis-
sion. We demonstrated the concept here for dual-polarization trans-
mission and finite window architectures. Notice that in Fig. 9 the
optimum timing reference is established based on minimizing the MS-
EC of the received signal in presence of fading, before CPI and ISI
cancellation; hence, after cancellation occurs this timing reference
may not be the one that minimizes the canceler output MSE, and
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indeed the linear equalizer curve on Fig. 9 indicates this fact. As seen,
the MS-EC curve has a minimum at the optimum timing reference.
The sensitivity of the matrix linear equalizer to timing phase can be
reduced by applying half-a-baud spaced taps, that is, by deploying
fractionally spaced taps.? Also, a decision feedback timing method
may prove more robust?! than the minimum MS-EC timing that has
been adopted in our work. Needless to say, that decision feedback
timing method is more complex in terms of implementation than the
minimum MS-EC timing, which can essentially be implemented at
intermediate frequency. The degradation in MSE, seen in Fig. 9 is
partly attributed to the asymmetric amplitude and delay responses of
the fading channel that in the presence of a nonzero roll-off shaping
filter cause a destructive addition of aliases.'®

V. SUMMARY AND CONCLUSIONS

Current work generalizes and extends previous results®** in the
following respects. Data-aided decision feedback and canceler struc-
tures, known to be effective in single-channel data transmission, are
adopted and included in our class of receiver structures. As a practical
feature, we admit transversal filter realizations with a finite number
of matrix taps and pay attention to timing phase recovery.

Because of the departure from ideal linear infinite structures con-
sidered previously, we encountered extremely difficult numerical prob-
lems, which we addressed and solved.

The dually polarized digital radio channel is modeled as a four-input
port, four-output port linear. network followed by additive noise. We
determine the optimum admissible receiver structures when the trans-
mitted signals are two independent M-state QAM digital data signals.

The mathematically tractable criterion, the MSE, is used through-
out our work. This figure of merit has several redeeming features in
addition to its being mathematically tractable. For one, it can be used
to determine a sharp upper bound on error rate. More importantly, it
is the quantity which is estimated in practice to provide information
for updating tap coefficients in adaptive systems.

The receiver structure that minimizes the MSE consists of a matrix
matched filter in cascade with a transversal filter combined with an
intersymbol interference as well as a cross-polarization interference
canceler. The canceler uses the detected data symbols to estimate the
interference to be canceled. This is a major assumption on which our
results rest. Since data-aided operations presume correct knowledge
of detected data symbols and since wrong decisions will be occasionally
accepted, our proposal is necessarily a boot-strapping approach. Thus,
cancellation is only feasible when tentative decisions are correct most
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of the time, and yet the error rate is not sufficiently low to meet
system specifications. Qur approach makes possible the reduction of
the final error rate to an acceptable level. In circumstances where the
initial error rate is very high (=1072), our proposal will not work, and
in order to ensure availability of reliable data symbols, one option is
to dedicate a small fraction of the main data frame to a sequence a
priori known to both transmitter and receiver for proper acquisition
of data.

We use the assumption of the availability of correct data symbols
to derive our main results. These are expressions for minimum attain-
able MSE as a function of various system parameters and numerical
algorithms for evaluating the mathematical formulas—a rather inten-
sive activity because of the large number of matrix equations that has
to be solved. Inclusion of the effects of errors in the feedback/canceler
loops has proved so far to be mathematically intractable.

From our extensive numerical work, which is exhibited in a sequence
of graphs, we draw these major conclusions:

1. For a reasonable copolarized and cross-polarized propagation
model? and a severe centered fade—40-dB notch depth with a second-
ary ray delay of 6.3 ns over an approximately 22-MHz channel band-
width—the performance of transversal filters with a finite number of
taps deployed in a decision feedback/canceler structure is substantially
(6 dB) better than linear equalization, and the difference can be up to
10 dB for offset fades: It can be shown that a 3-dB increase in MSE
translates into about 1 bit/s/Hz decrease in data rate at a fixed error
rate or an order of magnitude increase in outage probability. Hence,
linear equalization may not be adequate in deep fades. Whether this
gain can be realized in practice depends on the degree of error propa-
gation. This is difficult to assess mathematically and must be studied
by computer simulation and/or by experimentation.

2. Decision feedback/canceler structures achieve the ultimate
matched filter bound with only nine matrix taps provided that error
propagation is neglected.

3. Nine linear equalizer taps essentially achieve the performance of
the infinite-tap linear equalizer. This method is, of course, free of error
propagation. :

4. For milder centered fades—20-dB depth with a secondary ray
delay of 6.3 ns—the linear equalizer configuration with nine taps is
only 1-dB inferior to the decision feedback structure over a 22-MHz
channel. However, if the channel bandwidth is increased to 40 MHz,
the performance of the linear equalizer is worse than that of the
decision feedback structure by 2.2 dB, and the difference can be up to
3 dB for offset fades.
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5. Decision feedback/canceler configurations are less sensitive to
timing phase than linear structures.
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