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Theoretical and Measured Performance of a DFE Modem
on a Fading Multipath Channel

PETER MONSEN, MEMBER, IEEE

Abstract— A decision-feedback equalizer (DFE) is the basis of a
recent development of a quadruple diversity troposcatter modem which
can operate up to a data rate of 12.6 Mbit/s in a 99% bandwidth of 15
MHz. In this paper a theoretical approach is developed for the calcula-
tion of average bit error rate (ABER), including the effects of inter-
symbol interference due to multipath and the finiteness of the trans-
versal filters used to realize the DFE. By omitting the mtersymbol inter-
ference effect, the calculation provides a lower bound which can be
used to assess the intersymbol interference penalty for a particular DFE
structure. The paper includes calculations of a DFE configuration
which has a three tap forward filter with tap spacing equal to one-half
a symbol interval. Measured performance results from fading channel
simulator tests of a three tap forward filter DFE are presented for data
rates from 1.5 to 12.6 Mbit/s and for a wide range of multipath statisti-
cal conditions. The results for this DFE configuration show (1) ex-
cellent agreement between calculated and measured ABER, (2) a small
intersymBol ‘interference penalty when the 2¢ multipath spread is less
than approxnmately one-half the data symbol interval, and (3).success-
ful operation at values of multipath spread up to twice the data symbol
interval. In a sequel to this paper, the results of a field test of the DFE
modem are presented. These live links test results are consistent with
both the calculated and simulator measured data presented here.

i

I. INTRODUCTION

N ADAPTIVE equalizatign technique has been success-

fully devejoped for use on tropospheric scatter channels at
data rates up to 12.6 Mbit/s. A multichannel decision-feedback
equalizer (DFE) provides the functions of diversity combining,
elimination of mtersymbol interference effects, coherent re-
combining of the multipath components, and removal of the
carrier frequency Doppler component. These functions are
accomplished in a time-varying environment with rms Doppler
spreads up to 10 Hz and specular Doppler components such as
airplane reflections up to 150 Hz. U.S. Army ECOM is respon-
sible” for the development of the DFE modem through a
Sylvania/Signatron’ contract as part of the'Megabit Digital
Troposcatter Subsystem (MDTS). -

A decision-feedback equalizer uses a linear equalizer or for-
ward filter component to reduce the effects of future digit
intersymbol interference, i.e., precursors. A backward filter
which linearly operates on reconstructed data is used to elimi-
nate past digit intersymbol interference, i.e., postcursors. The
use of this forward and backward filter combination was sug-
gested by Austin [1] who calculated optimum tap settings for
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a tapped-delay line structure. Monsen [2, 3] established the
optimum DFE structure under a minimum mean-square-error
(MMSE) criterion and devised an implementation scheme
which included a convergent adaptation procedure for a fading
multipath channel. The optimum structure for the white noise
channel consists of a forward filter, which is composed of a
matched filter and an anti-causal tapped-delay ime filter with
tap spacing equal to the symbol length, and 'a backward
tapped-delay-line filter with symbol interval ta.p‘ spacing. Adap-
tation can be accomplished in a band-limited channel by
realizing the forward filter as a tapped-delay-line filter with
Nyquist tap spacing and continuous updating of the forward
and backward filter tap gains by an estimated gradient algo-
rithm of the type developed by Widrow and Hoff [4]. This
adaptation is optimum in a mean square error sense for the
decision-feedback equalizer [2].

Because the backward filter cancels postcursors with a
linear weighting of past decisions, errors in the decision proc-
ess will tend to produce more errors and the possibility of
error propagation exists. This phenomenon has been modeled
as a Markov process and it has been shown both to hdve a
small effect on a particular channel realization when the inter-
symbol interference is not excessive and a negligible effect on
fading multipath channels [5]. This latter result for fading
channels is due to:

(1) the reduction of intersymbol interference by the diver-
sity combining operation, and

(2) the domination of the average bit error rate by noise
effects rather than intersymbol interference.

The presence of independently fading multipath will result
in both intersymbol interference and an inherent or implicit
div‘ersity gain potential. When the adaptive DFE was first for-
mulated, its performance was shown [2] to be better in the
presence of multipath than in its absence because the implicit
diversity gain is larger than any intersymbol interference degra-
dation. For the optimum DFE determined in [2], the average
bit error rate performance is very close to the performance of
the optimum matched filter receiver for single-pulse reception
[5]. For a DFE with a finite number of taps, the intersymbol
interference penalty, which is measured by the difference
between MMSE reception of serially transmitted pulses and
MMSE reception of a single pulse, has-also been established
6] to be small in a fading channel application. Thus, the
DFE represents an efficient, practical approach for the trans-
mission of high speed data over slowly varying fading multi-
path channels.

The DFE model developed for fading channel application
uses up to four forward filters to combine the received diver-
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sity signals. Each forward filter consists of a three tap transver-
sal filter with tap spacing equal to one-half a symbol interval.
The modulation format is 4 PSK, which gives a symbol interval
equal to twice the bit period. The backward filter is a three tap
transversal filter with symbol interval tap spacing. A detailed
description of the DFE modem is given in [7].

The performance measure for a DFE modem in a fading
channel application is the average bit error rate (ABER). The
ABER is a function of the average received energy per bit £},
the received noise power in 1 Hz of bandwidth, My, and the
multipath spread, 2o. In this paper a theoretical approach is
developed for the calculation of ABER including the effects of
intersymbol interference due to multipath and the finiteness
of the transversal filter used to realize the forward filter com-
ponent of the DFE. Computed ABER values are compared
with measured performance results from fading channel simu-
lator tests of a three tap forward filter DFE. The results for
this DFE configuration show excellent agreement between
calculated and measured ABER, a small intersymbol interfer-
ence penalty when the multipath spread is less than approxi-
mately one-half the data symbol interval, and successful
operation at values of 20 up to twice the data symbol interval.
In a sequel [11] to this paper, the results of a field test of the
DFE modem are presented. These live link test results are
consistent with both the calculated and simulator measured
data presented here.

The remainder of this paper is organized as follows. Section
II briefly describes the troposcatter channel model and the
finite realization of the decision-freeback equalizer. A method
of calculating the average bit error rate for the DFE on a
fading multipath channel is outlined in Section III. The ABER
calculated performance for a three tap forward filter DFE is
given in Section IV along with the results of the fading channel
simulator tests of the DFE modem.

II. COMMUNICATION SYSTEM DEFINITION

The communication system model under consideration is
shown in Fig. 1. Complex notation is used to represent in-
phase and quadrature components and explicit modulation/
demodulation operations are not shown. The data to be trans-
mitted (sp,) are selected from the set (+1 *) for a quaternary
phase-shift-keying system. The transmitted waveform is

0= 3 -k

k=—oo

&)

where T is the interval between successive symbol transmis-
sion, i.e., symbol interval. The transmitter impulse response
f(¢) is defined as a unit energy real function.

The fading multipath channel can be represented by an en-
semble of zero-mean random functions with complex Gaussian
statistics. Individual diversity channels are considered to be
independent of each other and the ensemble is completely
described by the second moment of the channel impulse
response /;(t)
ij=1,2,-,D

R (DR *(T) = 8,;8(t — T)E, D(1), )
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where §;; and 8(¢) are the Kronecker delta and continuous
delta function, respectively.

The unit area function p(z) is the mean squared envelope of
the impulse response or multipath profile. It represents the
average power response at each delay value to impulse func-
tion excitation. Twice the rms width of this function is re-
ferred to as the multipath spread, 20. The received energy per
bit per diversity channel is given by

[ a

=/w dr 12(t — WEup(u) du

2

/ " (e — Wy y(e) di

=E,,/ pw)du=E,.

The ensemble representation is used here because the analy-
sis to follow assumes a slowly varying multipath channel which
the equalizer can track. Hence the performance is determined
by averaging the bit error probability for the MMSE equalizer
over the channel ensemble. An overbar is used to denote chan-
nel ensemble averages. Brackets () will be used to denote
average over noise or source statistics for a particular channel
realization. For the white Gaussian noise channels the additive
noise terms #;(f) are zero mean and have second moments

(n(O)n; () = Noyyb(t — 1), i,j=1,2,,D.

Each forward filter in a realizable DFE consists of a finite
length tapped delay line filter with tap spacing of 7, seconds
and impulse response

K
wi(t) = Ez Wi *6(t — k7) 3)

RE—K1

where the tap gain value is chosen with a complex conjugate
for notational convenience later. The receiver filter has im-
pulse response f(—t) which matches the transmit pulse wave-
form. For this choice, in the absence of multipath, and after
time synchronization, the optimum tap weights for each for-
ward filter reduce to one tap on and the rest off. The output
of the receiver filter is sampled at the symbol rate 1/T and
held for a symbol interval. The backward filter correction
sample is summed with the sampled receiver filter output to
produce the detection variable z. The backward filter weights
previous decisions §,_; by the complex weight b; to form the
sample output

=2 bifr—i

i=1

)

at the decision time for the s, symbol. The Qecision on sy is
denoted as §;,. The decision process takes the form
S = sgn (Re (z)) +/ sgn (Im (z))

where sgn is the signum function.
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Fig. 1.

The 'parameters of the DFE are the number of forward
filter taps K, the forward filter tap spacing 7; and the number
of backward filter taps, B. The optimum-DFE requires K=
% = B and Ts = 1/W, wheie W is the two-sided bandwidth. A
practical choice of parameters for troposcatter channels was
determined from computer simulation of a fading channel
equalizer application to be K =3 =B and 7, = 7/2.

III. DFE PERFORMANCE ANALYSIS

Previous methods of determining average b1t error rate
(ABER) performance of practical equahzer structures have
been restrlcted to Monte Carlo simulations [5, 6] using an
ensemble of multlpath channels. An analytic approach for
calculating the ABER is complicated by the presence of an
intersymbol mterference term in the signal-to-noise ratio
(SNR) expression for a particular channel realization. Becduse

of this term; an average over the channel ensemmble is a formid- -

able task. On the other hand, omission of the 1ntersymbol
interference term leads to an .ABER which for a fixed SNR
monotonically decreases with increasing multipath spread. For
any, practical equalizer for a fixed SNR thé ABER will initially
decrease - for increasing multipath spread, but then increase as
the multipath exceeds the equalizer’s capability to mitigate the
intersymbol interference. Elimination of the intersymbol term
provides a convenient lower bound which both shows the
intersymbol interference pénalty and is an'acc'urat'e perform-
ance estimate for small multipath spreads. However, the lower
bound is too loose for performarice calculation when the rms
multipath spread is on the order of the forward filter width.
The.énalytic procedure to be developed allows accuiate calcu-
lation of the lower bound for no intersymbol interference and
by an approximation of the intersymbol interference effect
provides a good performance estimate for the large multipath
case.

RECEWER

Communication System Model.

For notatiohal simplicity the analysis considers a nondiver-
sity channel and extends the final result for higher order
diversity systems. The received signal has the form

Hr) = i

j=——oo

5 [Z h(u)f(t —iT — u)du + n(?). )
We deﬁne the combined transmitter ana receiver response as
s0= [ fursa ®)
anci its convolution witﬁ the cﬁan’nel as
VE, (1) =/_: g(t — wh(u) du. @]
Fora sampling time g, the detection variable z has the form

> siVEyq(to — iT - kry)

j=—oa

+ vtto — kTs):|

where the K = K{ + K, + 1 forward filter taps are appor-
tioned betweer Ky “past” taps and K; “future” taps and one
center tap. The noise variate

n(tg — u)f(u) du

Uto) =

is zero-mean Gaussian with second moment
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(U(tg — kT)U*(tg — IT) = Nog(kt — IT).

There exists an obvious representation ina K =K; + Ko + 1
dimensional column vector form, viz.,

z=w <\/E; i 5:q; + U) €))

j=—o0

where the prime refers to complex conjugate transpose. The
vector w represents the forward filter complex tap gains, ¢;
represents the sampled continuous filter response for the ith
transmitted symbol, and vis a zero-mean Gaussian noise vector
process with positive definite covariance matrix NyGy with
element values Nog(kt, — I7).

For QPSK, every other bit decision is made on the real part
of z and there is quadrature symmetry and thus the real noise
power affecting that decision is

: No ,
802 =(Re (w v)2)=—2— wGow. 9

If one assumes s, = 0, k # 0, there is no intersymbol inter-
ference and the analysis for the ABER leads to an SNR expres-
sion for a particular channel realization which is a quadratic
form of the type go'Go—1¢q, where g is a complex Gaussian
vector with statistics determined by the channel and Gy is a
positive definite matrix. After a diagonalization procedure, the
average of the bit error probability function of the SNR can be
computed for both coherent and differentially coherent detec-
tion. This calculation leads to the lower bound expression.
When the intersymbol interference is present, an effective
signal-to-noise ratio can be defined which leads to a quadratic
form, but both the vector and the matrix have random compo-
nents. A method of averaging over a function of this quadratic
form is not apparent. One course worth considering is to ap-
proximate the intersymbol interference effect in a manner
which will modify the Go matrix but keep its deterministic
nature. This can be accomplished if the following two approxi-
mations are made. .

(1) Assume the interference symbols s;, i # 0, are Gaussian
distributed rather than complex binary.

(2) Approximate the matrix contribution to G, due to
intersymbol interference by its mean.

This approach assumes that the intersymbol interference
after equalization in a fading multipath channel can be well
approximated by an equivalent non-fading additive Gaussian
noise term. Since most of the bit errors are a result of fades in
the desired signal, gross approximations in the interference
characteristics do not significantly alter the ABER.

One can reasonably assume that the backward filter cancels
the interference contribution due to past symbols; i.e., sym-
bols which arrive before the symbol currently being decided
on. If we arbitrarily take the symbol selected for decision as
So, the remaining interference is classified as future and is
given by

— I
VE, 2 s,»w'q,- = W'l)l.

i=1

(10)
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The sum can be truncated after a few terms, as the dot
product will disappear for large i due to the finite duration of
the pulse function ¢(¢). The first approximation is to take s; as
a zero mean complex Gaussian with mean magnitude squared
value y2. This quantity should be less than two, as approxi-
mating a unit magnitude binary variable by a unit variance
Gaussian variable will certainly lead to pessimistic performance
results due to the tails of the Gaussian distribution. A choice
of y2 = 1/2 was found to provide excellent agreement be-
tween calculated and measured values.

Equation (8) can be rewritten as

z2=w@oVEysq +v+vy) an
and since the additive noise contribution from v is independ-
ent of the source digit contribution from vy, the effective
noise power for the decision on the real part of z is

82 =([Re W'(v+ v))1?

(12)

52 =20 4 Gow + 2w oy w="2 wiGw
=— W WT—wh ) W=E""W ]
9 0 9 11 2

Performing the indicated averaging with respect to the
source digits, one finds from the definition of v; in (10) the
covariance matrix

_ I
(v = Epv? 2 9:4;’.
i=1

(13)

The signal-to-noise ratio (SNR) affecting the decision on the
real part of z is then
£y

p=— [Re (w'qo)]?

252 (14)

which we seek to maximize as a function of the forward filter
weight vector, w. Consider the generalized dot product defined
on the positive definite matrix G, i.e.,

(u, v)=u'Gu. 15)
Equation (14) can be written as
E, [Re (W, G—1qy)] 2
5 b [Re ( 40)] (16)

NO (W, W)

and by a generalization of the Schwarz Inequality we obtain

E, w, G—1 2 F
o 1T 00F 2t (G-1g,, 6-1g0)

o<
(w, w) 0

= 7
Vo an

with equality if and only if

Wopt = G 1qo.

(18)

Note (18) results in a pure real term in (16) to satisfy the
Re () requirement. The maximum SNR is then
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(19)

Eb v
Pmax =7V; qdo G—_lqO'

As a check on the normalization, if 0 = 0 and ¢ty = 0 we
have from Eq. (7)

q(—kr) =g(—k1) = Gy, (20)
and then
£, Ey
L =— g(0)=— 21
Pma N, £(0) N 2D

as is expected in the absence of multipath.
We will now establish that the mean square error function
1
(62>=5 (lz —ds|? (22)

which is minimized by the decision-feedback equalizer, leads
to the same set of forward filter weights as maximization of
the SNR in (16) for the appropriate choice of scale factor d.
After squaring and averaging, equation (22) becomes

€ = Eyw'qod0'w — 2V E, d Re (W'q,)
l ¥
+ ; Now Gw + d2
= IVE,wqo —d |2 + Now'Gw. @3)

Minimization of (23) is equivalent to the Lagrange multiplier
problem

min [w'Gw -~ 28w'qg] (24)
w
which has solution

Since Eq. (18) and (25) are the same except for an unimpor-
tant scale factor, we have established that the maximum signal-
to-noise ratio for a minimum mean-square error DFE and a
particular channel realization is the quadratic form given by
Eq. (19). The matrix G is defined from (12) and (13) as

Eb L '
G=Go+— 72 Y, 4l
N i1

(26)

where Gy is a function of the transmitter impulse response and
is a deterministic matrix. The second term in (26) is a random
matrix with statistics determined by the channel ensemble.
Using G in this form for calculation of the ABER requires an
average over a function of a quadratic form which has both
random vectors and random matrix. The second approxima-
-tion used to compute this average is to replace the random
interference term by its mean, i.e.,

E, | i
G=Go+ =123 g4,
No i1

@7
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The matrix G is now a deterministic function of the transmit-
ter and receiver filter characteristics and the channel statistics.
The vector go is a random vector associated with the fading
channel ensemble. The average bit error rate can now be com-
puted by taking the average over the channel ensemble. The
bit error probability for QPSK and a particular channel realiza-
tion is from (11) and (19)
pe=Hpr{E>1}+%pr{g<—1} (28)
where £ is a zero-mean Gaussian random variable with standard
deviation equal to v/1/2p,, 1« - The bit error probability is

pe = (Qm1/2 / T exp(-u2/2)du

2Pmax

1
= ; etfe/ Prmaze - (29)

The subscript ¢ denotes that the detection process was co-
herent; i.e., the receiver knows the transmitted carrier phase.
Differential detection of phase-shift-keyed signals yields a bit
error probability {8]

Pa =% exp (—Pmax)- (30)

The tap gains of an adaptive MMSE equalizer remove the
phase and frequency difference between the transmitter and
receiver carrier clocks to an ambiguity of 180° for binary
transmission and 90° for quaternary transmission. This ambi-
guity is eliminated by differentially encoding the transmitted
data. The performance of coherently detected and differen-
tially encoded data signals for a fixed p,,,, is approximately
double the error rate given by (29). When practical degrada-
tions are included in the analysis, the performance is closer to
the differential detection expression (30). Thus the ensemble
average of p, is of interest as a fading channel performance
bound and the ensemble average of py, is of interest as an esti-
mate of realizable modem performance.

Let y(x) be the probability density function for pp,,4 and
Y(S) its Laplace transform. We want to calculate the ensemble
averages

_ * 1

De —l = erfc \/xy(x) dx 31
o | l d. ‘—1— Y(l (32)
Pa —l 5 P (=x)y(x)dx = 2 .

The Laplace transform Y(s) is easily obtained after a diag-
onalization of the quadratic form in Eq. (19).

Ey -1 Ey '
x=—q¢'G g =—=d'a (33)
where « is a zero-mean complex Gaussian vector with a diago-
nal covariance matrix [;; = N;6;;. The diagonalization resulted
from the transformation
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a=MG"11%q, (34)

and M is the normalized orthogonal matrix for the matrix

G—1/2m0~1/2 (35)
ey

G—1/2¢4go'G1/2M = MT (36)

MM=1. 37

Thus the eigenvalues A; are also the eigenvalues of the sym-
metric matrix G—1/2g9go'G—1/2 and the unsymmetric matrix
G~1goq, . Since the components of a are uncorrelated Gauss-
ian, the probability density for ppa, is the convolution of
exponential densities which yields a Laplace transform in
product form.

Y(s) ﬁ <1+E” >_1
§)= = AS .
kK No *

If there are D explicit diversity channels with identical statis-
tics defined by (2), the Laplace transform for the SNR variate

(3%

becomes
K2 E —D
Y(s) = (1 + 2 Ns ). 39)
k=I:[K1 No :

The error probability for DPSK is

5, = Y(1) L +E” A -

Pa==Y(1)=— 14— : 40

c=yro=y I (1 40)

For coherent detection it is necessary to find the coeffi-
cients A;, in a partial fraction expansion of Y(s), i.e.,

p K2 ( E, >—i
Y(s)= Aipp | 1+— Nps .
; k’=§(1 * NO "

A recursive method for finding the coefficients and the result-
ing error probability for coherent detection is detailed in [6]
where the ABER for the infinite length optimum single pulse
receiver was determined. The result is

@41

B D K2
Pc= Z 2 Airpi(Me) 42)
i=1 k=—K4
where p;(\;) can be calculated in closed form as
i—1
2i\) =V, /211 E G(m + 0.5)/(1 + A, ym+0-5mm1 (43)
m=Q

where G(+) is the gamma function. ‘
The above form is computationally inconvenient when
p; <1, but taking advantage of knowledge that

lim p;(\) =0

i—> 00

(a4)

1149
leads to a rapidly convergent series for A, > 1,1i..,
Pi) = VA, 121 3 G(m + 0.5)/(1 + N\ )™ +0-5ml. (45)
m=k

The lower bound for coherent detection calculated here differs
from the infinite length receiver lower bound in [6] by the
eigenvalue distribution. Clearly the infinite length receiver will
be superior to any finite realization of an equalizer.

For a DPSK system or for the use of the DPSK expression
to approximate the Gaussian noise nonfading performance of
a practical modem, calculation of the average error probability
does not require the determination of the eigenvalues. Note
that (40) has the determinant form

(46)

where the covariance matrix C is a function of the transmitter
filter multipath profile, and the sampling time z;.

Cri = Cri(to) = q(to — k1)q*(to ~ I75)
= [ st ir, ~ witeo ~ 17, - wpydn. @7)
The matrix G as defined in (27) has the form

E I
Gr1 = glkr, —I,) +Vb 72 3 Cuilto - iT). (48)

0 i=1

The matrices (47) and (48) and the signal-to-noise ratio com-
pletely determine the ABER. For a coherent detection system
the eigenvalues of G—1C can be found by a matrix iteration
procedure [9] for unsymmetrical matrices. The eigenvalues
represent the normalized mean power for each independent
implicit diversity branch of which there are K =K; + Ky + 1
branches. The sum of the eigenvalues is overbounded by unity.
This is most easily shown through the physical consideration
that the presence of multipath does not increase the mean re-
ceived energy per bit. We have

Eb ] 1
Pmax =[70 90 G7qo

(49)
and its ensemble mean
p. i q_'—GT:Tq-=§£Trace {G1¢040"}
max No 0 0 NO dod0
E, _

==t E
Ng Trace {G—1C} =22 E -
No %

(50)

Since Pmax < Ep/Ny from physical considerations, it fol-
lows that the eigenvalue sum is overbounded by unity. Thus
one criterion in choosing the forward filter tap spacing and
number of taps is that the eigenvalue sum be close to unity for
the more extreme multipath situations.
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IV. SIMULATOR TEST RESULTS AND
CALCULATED PERFORMANCE

The DFE modem designed and developed in the MDTS
program can accommodate up to four diversity channels with
a forward filter structure of three taps per diversity channel.
The taps are spaced at one-half the symbol interval. The mod-
ulation format used is QPSK with rectangular pulses filtered
to a 99% bandwidth of 15 MHz at the highest data rate of 12.6
Mbit/s. The modem receiver uses coherent detection with a
differential encoding format to resolve a 90° ambiguity. These
parameters define the performance characteristic of the
modem. A more detailed description of the physical and elec-
trical characteristics of the MDTS modem is given in [7].

In this section, fading channel performance of the MDTS
modem using a troposcatter channel simulator [10] is summa-
rized and compared to the performance calculations derived
from the analytic model developed in Section III. The tropo-
scatter simulator consisted of a tapped delay line for each
diversity with noise driven tap multipliers to represent the
channel. Multipath widths of up to 107¢ s and rms fade rates
from 0.1 to 10 Hz are within the simulator range. The simu-
lator tap spacing is 66 ns. These measured and calculated re-
sults provide a baseline for evaluation of the performance
results from live link testing during the early months of 1976.
A description of the live link tests, a summary of the perform-
ance results and a comparison with calculated performance are
included in the sequel [11] to this paper.

The performance of a single channel model receiver on a
white Gaussian noise nonfading channel is shown in Figure 2.
The degradation from ideal coherent detection is about 2 dB
which is primarily due to the effect of differential encoding
(approximately a factor of 2 in error rate), the adaptation self
noise, quantization of the backward filter weights, and spec-
trum control. The expression for differential detection of
phase-shift keyed signals (30), is seen to provide a convenient
lower bound for the actual nonfading modem performance.
Since most of the contribution to the average error probability
occurs at instantaneous values of £y, /Ny corresponding to the
101 to 10— 2 region, it follows that the bound and measured
fading performance would be close. As outlined in the previ-
ous section, use of the exponential performance characteristic
has the advantage that the average error probability can be
determined by calculating a determinant of rank equal to the
number of forward filter taps rather than calculating the eigen-
values directly.

The fading performance of the DFE modem was measured
at data rates of 1.5, 3.1, 6.3,9.4, and 12.6 Mbit/s over a com-
plete range of multipath profiles and channel fade rates. Per-
formance characteristics can be summarized in terms of the
ratio of twice the rms multipath spread o to the QPSK symbol
interval T. For a fixed 20/T and E,/N,, performance was
essentially independent of data rate. Performance for dual and
quadruple diversity operation is also unaffected by choice of
the rms Doppler spread* up to the maximum rate of 10 Hz.

The performance results calculated from the model devel-

*The rms Doppler spread is the standard deviation of the Doppler
power spectrum. In the simulator it is established by the 3 dB band-
width of a two-pole Butterworth filter used to filter the input white
noise driving the tap gains.

IEEE TRANSACTIONS ON COMMUNICATIONS, VOL. COM-25, NO. 10, OCTOBER 1977

NON - FADING
GAUSSIAN
\ NOISE PERFORMAN CE
S QPSK
-
10 <
N
N
N
%
162 N
6*
o
>
|4
=
©
3 4
2 o
o
g
4
1)
[
© )O5
-6
10—
-7
0 ) ¥ 0 3 13
SNR = 10LOG (Ep/Ng) 9B
Fig. 2. Non-Fading Performance.

oped in Section III are presented in Fig. 3 for selected values
of 20/T. Two future bits of intersymbol interference were
used in the calculation. Additional bits did not change the
performance results for the range of multipath considered. A
summuary of the measured MDTS modem performance at all
the data rates is given in Figures 4 through 8. The values of
20/T selected for the performance calculation agree with the
12.6 Mbit/s values in Fig. 4. The calculated and measured
values compare well at all data rates except for extreme multi-
path conditions under dual diversity operation. As an example,
Table 1 shows the calculated and measured £, /N, to achieve a
10— average error probability.

Except for the 20/T = 1.2/dual diversity example where ex-
treme multipath conditions limited performance, the calcula-
tions are accurate to within 2 dB for dual diversity and they
are accurate to within 1 dB for all 20/T values for quad
diversity.

These performance curves show that the “optimum” value
of 20/T is larger for larger diversity order as diversity helps
reduce intersymbol interference. The performance improve-
ment for small to moderate amounts of multipath spread is
due to the use of the multipath as additional redundant chan-
nels to increase the diversity gain. The improvement relative to
the 2¢/T = 0 curve for no multipath is the implicit diversity
gain. For larger values of multipath spread, the equalizer
cannot use all the additional diversity paths offered by the
multipath because of the multipath induced intersymbol inter-
ference. The penalty for removal of the intersymbol interfer-
ence becomes significant beyond 20/7 of 0.5, and thereafter
sharply limits the implicit diversity gain. For a sufficiently
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TABLE 1

COMPARISON OF CALCULATED AND MEASURED
PERFORMANCE AT 12.6 MBIT/S

Required for l—?’=l0_6
Diversity 2¢/T Measured Eb/No Calc., Eb/No
Order das dB
2 ) 30.0 28.5
2 0.2 22,15 22.0
2 0.9 21.0 21.7
2 1.2 >30 24.0
4 o] 14.5 14.2
4 0.2 12.0 12.0
4 0.9 10.7 11.5
4 1.4 12.5 12.5
4 1.9 14.5 15.0

large multipath spread, an irreducible ABER will result as the
equalizer cannot keep the data eye open under all possible
multipath corditions. The use of more taps in the equalizer
would, of ¢course, increase the multipath handling capability.
For data rates up to 6.3 Mbit/s and for most military tropo-
scatter systems, the ratio 20/7 will be less than 2.0. Operation
at the highest data rate of 12.6 Mbit/s is expected to be lim-
ited to 150 to 200 mi troposcatter links in order to maintain a
20/T of less than 2.0.
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Improvement of Transmission Characteristics of Superconductive
Coaxial Cable: Spectril Analysis of Dimensional Irregularity of
Raw Materials of Coaxial Cable

HIROSHI KAJIOKA, MEMBER, IEEE, AND FUMIKI SONE

Abstract—This paper deals with the improvement of the transmis-
sion characteristics of superconductive coaxial line (SCCX), and pre-
sents a quantitative relationship between the Fourier component of the
dimensional irregularities in the raw material of SCCX, such as the
thickness of the copper tape and the diameter of the insulator, and an
abnormal increase of the transmission loss due to the periodic imped-
ance irregularities. This paper also shows that even for the coaxial cable
with very small attenuation constant (~0.5 dB/km) and high operating
frequency (up to several gigahertz), an approximate formula for loss
peak due to the periodic impedance irregularities holds for the pro-
duction length of cable. This is indicated by the comparison of an ap-
proximate formula with the result of digital computer simulation.

1. INTRODUCTION

HERE have been many attempts to apply superconductivity

in communication technology since the use of supercon-
ductive coaxial cable for instrumentation in nuclear testing
was first proposed in the United States in 1968.1 And some
theoretical and experimental investigations have also been
made to explore the use of SCCX as an information transmit-
ting medium.2—6

Some of the advantages of SCCX are as follows:
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The authors are with the Research Laboratory, Hitachi Cable Ltd.,
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a) high operating frequency and wide band (several gigahertz)
b) small physical size
¢) low loss.

All these things, however, make it very difficult to produce
SCCX with small impedance irregularities. Due to the cumula-
tive effect of small periodic impedance irregularities, the
frequency/attenuation curve exhibits sharp peaks at a series
of harmonically related frequencies which cause signal dis-
tortion.?

These peaks have to be diminished and if possible removed.
There are two factors which cause impedance irregularities:

a) imperfections in the manufacturing processes
b) periodic distortion of cable geometry due to the dimen-
sional irregularities of the raw material.

By the dimensional irregularities of the raw material we mean
the diameter deviations of the inner and outer conductors and
the insulator. The diameter deviations of the outer conductor
are caused by the thickness deviations of the copper tape
used as the outer conductor. It is very difficult to distinguish
attenuation peaks due to the first factor from those due to the
second. In other words, it seems to be impossible to know the
cause of these peaks exactly and to take the countermeasure
that would remove these peaks. We are now in a position to
solve the quantitative relationship between the attenuation dis-
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