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' INTRODUCTION

This interim report discusses the use of adaptive arrays with FM
signals. The objective of this work is to develop an approach for inte-
grating an adaptive array into a conventional FM communication system.

A method of modifying an FM signal to allow the array to distinguish
between it and interference is currently under study. The method con-
sists of including an extra digital pseudonoise code modulation to the
signal in addition to the FM. This interim report contains a brief
description of the modified signals under study and presents a few pre-
Yiminary results on the array behavior with such signals. A more com-
plete report on this subject is planned for the future.

An adpative array based on the LMS algorithm[1,2] has the general
structure shown (for two elements) in Fig. 1. The incoming signal from
each element, Yj :(t), is split into in-phase and quadrature components
xj(t). Each component is multiplied by a weight w; and then summed to
produce the array output s(t),

x|(f’
o
QUADRATURE .

o
HYBRID [
> S(t)
| QUADRATURE
HYBRID

l < ERROR _
FEEDBACK | CNAL {52
R(T)

P T €(t)

Fig. 1. The LMS adaptive array.
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(1) s(t) = T Wi oxi(t)
i=1

The error signal e(t) is obtained by subtracting the output of the array
from a reference signal R(t),

(2) e(t) = R(t) - s(t)

The array feedback based on the LMS algorithm adjusts the weights w; to
minimize the mean-square value of e(t).

The signal used for the reference signal R(t) determines which
received signals will be accepted by the array and which will be rejected.
When a signal received by the array is highly correlated with the refer-
ence signal, the array feedback retains that signal in the output. A
signal uncorrelated with the reference signal is nulled by the array.
Hence the array can be used to protect a communication system from inter-
ference if the reference signal can be made strongly correlated with the
desired signal but uncorrelated with the interference. Such a reference
z signal is usually obtained by processing the array output in some manner
i that preserves the desired signal but destroys the correlation in the

interference components. For this to be possible, it is necessary that
the desired signal differ in some known way from the interference. We
describe below a technique for modifying a conventional FM signal so this
may be done.

II. A MODIFIED FM SIGNAL

One method decorrelating the reference signal R(t) from interfer-
ence, but maintaining its correlation with the desired signal, is to add
biphase switching modulation to the reference signal and the desired
signal. If the phase of the reference signal is switched back and forth
= radians more rapidly than the array feedback loops can track, the time-
averaged produce of the reference signal and an interference signal,
which does not have this switching, will be zero.

§ A conventional FM communication signal may be written

(3) s(t) = A cos[uct + o(t)]

where A is an amplitude constant, w. is the carrier frequency and 6(t)
is a time-varying phase. The instantaneous frequency, w;, is

; = de(t
(4) w9y wc + _E{_l
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In ordinary FM, w; is linearly related to a modulating signal f(t),
(5) wj = we +K f(t)

where K is a constant. The signal s(t) then has the form

; t
(6) s(t) = A cos [wct + K J f(t')dt' + eo]
0

where 6, is the initial pahse at t=0. If, for example, f(t) is sinusoidal
at frequency wpy,

(7) f(t) = a cos uyt
the instantaneous freqiency wj is
(8) wj = we + Aw coS upt.
Aw is called the deviation (Aw = Ka). The phase variation e(t) is
(9) o(t) = 22 sin gt + o
o “m 0

and the quantity 8,.

(10 p =22
) oy

is called the modulation index. In general, the bandwidth occupied by
the signal increases with g.

We are interested in receiving desired signals of the above type
with the adaptive array. To obtain the reference signal-interference
signal decurrelation discussed above, we add an extra phase modulation
#(t) to this signal. I.e., we suppose the desired signal has the form

-

(11) s(t) = A cos [;ct + fo Fitt)at' + o, ¢ ¢(t%]

where ¢(t) is a digital waveform with the values 0 and n, on intervals
of length T, as shown in Fig. 2.
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Fig; 2. The waveform ¢(t).

This modulating waveform ¢(t) would be added to the desired signal at
the transmitter. We obtain the waveform ¢(t) from a maximal length
pseudonoise code generator[3].

With this modulation present on the desired signal, the same modu-
lation can be introduced on the reference signal. The presence of ¢(t)
on the reference signal will make the time-average produce between the
reference signal and an interference signal be zero. However, the de-
sired signal remains correlated with the reference signal.

Ideally, when the desired signal has the form in Eg. (11), the
reference signal should also be given by

t
(12) R(t) = A cos [wct + Io f(t')dt' + oq + ¢(t)] ’

j.e., it should be identical to s(t). The problem, of course, is that
f(t) and ¢(t) are not known at the receiving site ahead of time. (If
they were, there would be no need for the antenna!) Instead, it is
necessary to obtain estimates of f(t) and ¢(t) (which we denote by #(t)
and ¢(t)) by demodulating the received signal. From these, a reference
signal

t .
(13) R(t) = A cosl.:)ct + Io f(t')de' + ¢(t)]

may be constructed. This reference signal will be suitable only if £(t)
and ¢(t) are sufficiently good estimates of f(t) and ¢(t).




To make use of this technique, it must be possible to demodulate
both f(t) and ¢(t) separately, i.e., to extract each waveform without
interference from the other. Feasible methods of doing this appear to
be available and are currently being studied; however, the results are
incomplete at this time, and these techniques will be discussed in a
future report. It will suffice here to note that since ¢(t) is assumed
to be a maximal length PN sequence, the waveform for ¢(t) is known ahead
of time at the receiver. The only requirement in demodulating ¢(t) is
to determine its timing. Also, several methods of demodulating f(t)
are available, but these techniques result in a time delay between f(t)
and f(t) (due to filtering required). To maintain correlation between
the reference signal and the desired signal this time delay must be mini-
mized. Opn the other hand, minimizing the time delay results in a noisier
estimate f(t). These tradeoffs and their effects on array performance
are being studied and the results will be discussed in a future report.

In addition to using the type of reference signal given in Eq. (13),
another approach is_also possible and is being studied. The prohlem of
time delay between f(t) and f(t) may be eliminated by simply not including
the FM modulation in the reference signal. Instead, a reference signal
of the form

(14) R(t) = A cos[uw.t + 3(t)]

may be used. This approach is suitable only if the frequency deviation
due to the modulation term

(" e )at:

l0

in the desired signal is small, i.e., only for low values of modulation

jndex. However, this reference signal is much easier to generate, since
f(t) is not needed. Simulations of adaptive array performance with both
types of reference signals are presently being done.

ITI. RESULTS

A few typical results are shown in Figs. 3-6. These curves are
for a two-element array with half wavelength spacing. A desired signal
is incident from broadside and a CW interference signal from 60° off
broadside. The reference signal contains only the code modulation as
in Eq. (14) and it is perfectly timed. The interference power is 20 dB
above that of the desired signal. The desired signal contains sinusoidal
FM at 4 kHz, and the PN code rate is 20 kHz.

Figures 3 and 4 show the error signal ¢(t) and the array output
signal for this case. It is seen that the interference is nulled during
the initial weight transient and that the desired signal appears (the




*peubts 3ndine Aeade ayy -y "By

1

A A S

il

*(3)3 LeubLs 4oaud ayy ‘¢ “6ig

100

e

re o
mﬁmfm 0

m

2

1.2

. o 5D
—— At et~ .} O

__ o

(2]

-4

>

r
(o]}

|

=
i

indino

(o]]

=
|




I s
( 'f)ouo 4
I GAIN = 0.000005
a0 (%),=—20d8
n 1 ed = O° g
9, = 60°
] fm =4 KHz
(dB)
J 20—
10—
0 l | | l
0.001 0.0l 0.1 1.0 10.0 T
MODULATION INDEX B

Fig. 5. Output signal-to-interference ratio.
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Fig. 6. Desired signal attenuation.




phase switching may be seen) after the interference has been removed.
Figure 5 shows the output signal-to-interference ratio (SIR) from the
array after adaptation, as a function of the modulation index 8. It is
clear that the output SIR begins to drop when 8 reaches unity. Figure 6
shows the desired signal attenuation versus 8 under the same conditions.

In the simulation shown above, the frequency of ¢(t) was 20 kHz
and the frequency modulation was at 4 kHz. In this case, ¢(t) term
produces a "spread spectrum" condition. In this particular case, these
numbers were chosen to obtain a short simulation time on the computer.
However, our ultimate objective is to have the spectrum of s(t), with
the ¢(t) modulation, fall within the same bandwidth as it would without
¢(t). I.e., we do not wish to spread the spectrum. If ¢(t) can be added
without altering the bandwidth, this technique can be used with existing
frequency channel allocations. To add ¢(t) without increasing the band-
width requires the frequency of ¢(t) to be within the bandwidth occupied
by f(t). More specifically, the frequency of ¢(t) will have to be at
the Tow end of the frequency range of f(t), to minimize the PM~to-~-AM
conversion that will occur at the transition times of ¢(t) when the
transmitted signal is bandlimited. Such low switching rates on ¢(t),
in turn, will require that the time constants of the LMS loops be long
compared with the interval T (in Fig. 2). While this condition is simple
to achieve in an analog hardware adaptive array, it is difficult to simu-
late on a digital computer because computer running time can become ex-
cessive. For this reason, higher frequencies for ¢(t) are often used
for simulation purposes.

IV.  CONCLUSIONS

A method of modifying a conventional FM signal to allow it to be
used with an adaptive array has been briefly discussed. The method con-
sists of adding digital bighase modulation to the desired signal. The
reference signal required in the LMS adaptive array can be of two types,
depending on whether an estimate of the desired signal FM modulation is
included. When the FM modulation is not included, the array operates
properly only for small values of the modulation index.

diacat e o D As = o0 ai o
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