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i. InIeRRODUCTUiUON

The purpose of this investigation was to develop and demonstrate the capabilities of a fully adaptive linear

array beamformer. Radar systems routinely use sensor arrays for signal detection and estimation. The use of
.C fiA--- .24-... ... .e-..-.., c-e -,-___ rS ---sensor arrays, itl-LstreUo Ut asgi sensoii sysLtems, piuviuc s auar aystemsa thIL n auvaiuLa5L~a UL.L~'YeAL

directive gain and the ability to exploit the geometrical properties of their spatial beam patterns. One such

sensor array system is an adaptive array.

A14ap f;.v -T"ay -- sI-ets sense t-e sr.,eonl nnv;rnnrnent aind thorn ft ltnmtirall adjust dieir rpatial beam

patterns to improve a specified performance index, usually the signal-to-interference noise ratio (SINR). These

systems, therefore, perform optimally in adverse signal environments without prior knowledge of that

environment. Adaptive arrays also overcome sensor failure more gracefully than conventional arrays.

An adaptive array system includes three principal subsystems ti]. As illustrated in Fig. 1, these are:

* the sensor array
* the adantive processor

* the beamforming network.

The sensor array subsystem includes the antenna elements and their receivers. The adaptive processor subsystem

comoonents are the signal processor and the weight control processor. Finally, the beamforming, or pattern-

forming, network includes the element weighting and the summing network.

Section 2 describes the sensor array and the adaptive processor used for this investigation of an adaptive

beamforming network. This section also describes the signal injection system used to emulate multiple mainlobe

and sidelobe interference in a laboratory environment.

Section 3 examines the key component of the intermediate frequency (IF) beamforming network developed

in the Adaptive Processing Laboratory.

Section 4 describes the integration of the IF beamformer to the laboratory equipment (including a discussion

of the software written to control both the signal injection system and the adaptive beamformor). Performance

results of the adaptive beamformer also appear in this section.

Manuscript approved September 15, 1989.
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SENSOR
ARRAY BEAM-FORMING NETWORK

Fig. 1 - N-element adaptive array

2. ADAPTIVE PROCESSING LABORATORY EQUIPMENT

The laboratory equipment that comprises the sensor array and adaptive processor for this adaptive array

system was part of a flight test system jointly developed by NRL and General Electric under contract number

N00173-77-C-0283. In general, this system was an eight-element ultrahigh frequency (UHF) linear array radar.

The primary purpose of the flight test system was to gather clutter and electronic countermeasures (ECM) data

in an airborne environment aboard an NRL P-3A aircraft. The new system uses the following flight test system

components:

* the receiver group

* portions of the modified flight test radar

* the NRL recording and control group.

The receiver group (Fig. 2) consists of eight identical channels, each channel having its own receivers IF

amplifier, and synchronous demodulator. The receiver units amplify and convert the frequency of the received

UHF signals to 75 MHz IF. The IF amplifiers use a surface acoustic wave (SAW) device to provide pulse
compression and bandpass filtering. This unit also provides digital gain control of the amplification. Finally, the
synchronous demodulator uses the 75 MHz coherent oscillator (COHO) to convert the compressed IF output

to baseband inphase (1) and quadraturephase (0) video.

The portion of the modified radar required for this experiment was the WRA 9 pulse and signal generator.

This unit provides timing signals and oscillators for the entire adaptive system. It also generates the test targets
and channel balance test pulse. The unit is functionally divided into eight separate elements (Fig. 3). The
primary element is the timing coherent master oscillator (A2 TMG COMO). This 15 MHz crystal oscillator

is the heart of aUl coherent operation in the system. It is multiplied in the local oscillator muliplier/seiect (AS

2
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Fig. 2 - Receiver group
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Fig. 3 - WRA 9 pulse and signal generator

LO MULTI/SELECT) to create the 75 MHz COHO-. The COMO signal is also doubled to 30 MHz and sent
to the transmit gate (A3 XMIT GATE), which is controlled by the synchronizer (Al), to generate the chirp
waveforms used by the converter UHF amplifier (AS). The converter mixes the IF chirp waveforms with the
stable local oscillator (A6 STALO) to generate the UHF transmit pulse, channel balance test pulse, and test
targets. The STALO is then sent to the receivers to provide for coherent down conversion of the received
signals.

The NRL recording and control group (Fig. 4) is primarily a data acquisition system optimized to acquire
radar data. The baseband I and Q video outputs of the synchronous demodulators in the receiver group are fed
in parallel to a bank of 16 analog-to-digital (A/D) converters. The Computerlab 10 bit A/D converters are
clocked by the 15 MHz COMO divided down to a 5 MHz sample rate. The digitized signals are transmitted over
a 160-bit-wide data bus to a high-speed bulk memory system. The Microram 3000N memory system is used to
buffer the data at the full data rate of nearly 100 megabytes per second (MB/s) and, through a custom interface,
allows control over how the data are collected and sent to the Rolm 1602 computer. The data can be collected
as contiguous range cells, pulses, or a combination of both. The computer can then retrieve the data for any
particular radar channel or for all channels. Once in the computer, the data can either be recorded on magtape,
displayed, or processed.

4
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Fig. 4 - NRL recording and control group

Because of logistical problems, the transmitter and antenna used during the flight test were not incorporated

into the laboratory equipment. in their place, a signal injection unit (Fig. 5) was built to emulate target returns
in the precenee of multinle mainlobe and sidelobe interferenrce sources. The concept behind the si;gal injection

unit is best illustrated by examining the geometries of a plane wave received by a linear array. A plane wave
arriving from an angle e is received at each element of the array with an incremental phase shift caused by the
individual path length difference dr/ of each array element to the line of equiphase. Figure 6 expresses this phase
shift in terms of the element spacing, the angle of arrival, and the wavelength of operation. The emulator
mechanization (Fig. 7) of this phenomenom is accomplished by simulating the individual path length differences
with coherently fed, electronically controlled phase shifters.

Merrimac PSEM-4-438B voltage-controlled phase shifters are used in the signal injection unit. They are
organized in groups of eight, one for each of the eight radar channels in the system, with each group referred
to as a beam. Each beam is fed by an independent source that is split by a Merrimac PDM-S0-275 one-to-eight
divider. Currently, the signal injection unit can control three such beams with programmable angles of arrival
and a fourth beam fixed at an arrival angle of 0 } for test signal injection. The four independent beams are then
combined by channel in a Merrimac PDM-40-250 four-to-one combiner. The output is then coupled with the
channel balance test pulse and test targets, which are independently controlled by manual phase shifters and
attenuators for each of the eight channels. The coupled signals are injected directly into the front end of each
channel's receiver. The phase shifter control voltages are supplied by digital-to-analog (D/A) converter cards
in the Hewlett-Packard Multiprogrammer (which interfaces and is controlled by the Rolm 1602 computer). This

5
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Fig. 5 - Signal Injection Unit (SIU)
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Fig. 6 - Plane wave geometry

Fig. 7 - Emulator mechanization
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configuration allows for closed loop operation between the sampling system and the signal injection unit.

Figure 8 diagrams the signal injection unit.

Using the bisection algorithm, NIRL researchers developed control software to set up the beams for a desired

angle of arrival. This algorithm, sometimes referred to as the binary-search method, is based on the
Intermediate Value Theorem f2] which states that for any given function F, continuous between the interval LaJbI
and K is any number between F(a) and F(b), there exists c in (ak) for which f(c) =K. In the case of the phase
shifters, the system can be thought of as the function F and the desired phase shift as K.

The algorithm attempts to find the voltage c to establish the desired phase shift. After setting the control

voltages on all channels, the program checks the actual phase shifts against the calculated phase shifts to

determmie its phase error performance. Typical phase errors are on the order of ±3' and can be attributed to

the .06 V quantization step of the D/A converters.

3. BEAMFORMING NETWORK

Section 2 deals with two of the three primary subsystems of the adaptive array. In Section 3, the

beamforming network is detailed. The beamforming network multiplies the output of each sensor by a complex
weight, providing for both amplitude and phase control, and then adds the output to all other weighted sensor

outputs of the array. Mathematically, this can be described as performing a vector dot product of the channel

vector with the weighting vector. It is at this point in the system that the antennas' spatial beam pattern is

determined.

I nere are three candidate locations for pUeUrLforminimg tghe patLern-lrLing1ON Iki thisl pai L±UMar auaptive. aray

system:

* prior to the receiving group

* or tLh U--ILAU YiUeU aials
* on the IF section of the receiving chain.

The first possible location for the pattern-forming network is just prior to the receiver group. This point,

w.].7hich in an operational. systeum wnold be ;jit after the antenna elements is the, classical noint at which arrays

with fixed beam patterns are formed. The major asset to conventional arrays of forming the beam at this point

is that only one receiving channel is required. Adaptive arrays, however, must be able to sense the signal

environment of all the elements; therefore, a receiver chain for each sensor is needed regardless of whether the

beam sc formed at this point or at some other point further down the chain. Another drawback to locating the

beamforming network prior to the receivers is the difficulty in constructing an accurate weighting network

capable of wideband operation. The wide-band requirement is placed on the network by the multifrequency

channel capability of this system.

The second candidate beamforming location is after the A/D converters have digitized the I and 0 video

outputs of the synchronous demodulators (i.e., at the end of the receiver chain). The main advantages to forming

the beam on the digital signals is that the weighting network is identical channel to channel and the phase and

amplitude control of the now digital complex phase multipliers are independent of frequency. The major

drawback to such a system is its overall complexity caused by the necessary computational throughput of the

beamforming processor. This type of beannformer is currently being investigated as a possible alternative to the

analog beamformer because of the recent development of digital signal processing (DSP) integrated circuits.

8
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PHASE SHIFTER
MERR[MAC PDM-40-250

4 WAY COMBiNER

Fig. 8 - STU block diagram

The IF section of the receiving chain is the final candidate location for the beamforming network and, as
stated in the introduction, it is the type of beamformer developed for this investigation. This portion of the chain
immediately follows the receivers and is accessible as either preamplified uncompressed IF directly out of the
receiver or postamplified compressed IF following the dispersive Filters. Of these two choices of IF sipals, the
preamplified uncompressed IF is the more suitable for bearnforming because of its superior channel match
compared to the postamplified compressed IF. The General Electric specification on the channel matching
capabilities of the receivers is 40 dB minimum with 43 dB typically measured A35. This performance exceeds by
10 dB the minimum and typical channel match of the Autonetics 75 MHz SAW dispersive delay lines used in
the dispersive filters 1]4. Since, frequency-dependent interchannel mismatch across the cancellation bandwidth
is a principal array characteristic governing the degree of interference signal cancellation that an adaptive array

can achieve, the preamplified uncompressed IF section was chosen for the location of the beamforming network.

The key component chosen for the IF beamformer was the Olektron O-CPM-70 complex phasor modulator.
The complex phasor modulator's circuit (Fig. 9) is similar to that of a standard single sideband modulator. The

9
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VIN = 712 VO 1 MODULATED
RF OUTPUT

ATTENUATOR +1 f -

Fig. 9 - CPM circuit diagram

difference is that the single sideband modulator's double-balanced mixers are replaced by a pair of voltage-
controlled attenuators t5j. The basic characteristics of the CPM as a function of the input phasor V10 and the
control voltages V1 and Vn are described by the following relationships:

VIN - 2 Vo

VI = VC cos8

V0 = VC sin a

V, = (KV, /2) * V0 e- 9 K = scale factor

The I and 0 control voltages have a linear range of ±2 V and modulation bandwidths of approximately 50 kHz.
The CPMs were tested to determine their phase and amplitude linearity with respect to a 15 x 15 square control
voltage grid by using constellation analysis. Referring to Fig. 10, the control voltages V(1) and V(O) vary
uniformly from -1.4 to + 1.4 V in .2 V steps. The phase and amplitude of the CPM's output is measured and
plotted in polar coordinates. Ideally, the mesh connecting each of these points would be as uniform as the
control voltage grid (not shown). The results of the tests were evaluated and, based on the relatively linear
response to the control voltage grids, a linear least squares fit in two variables was chosen as the algorithm to
characterize and control the devices. This software is discussed in more detail in Section 4.

in
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0

Fig. 10 - Complex Phase Modulator response as a function of control voltages

4. SUBSYSTEM INTEGRATION

I1,er'ICinLHg IIh Ir BeanrAnIule tFrg. II) 111u 3 iTlI )AUdhV1VV C p iray 3ystii was a relati-lVCy Uv1cU1LitCU ask.

The original flight test system had formed a broadside beam in the IF section by splitting the inputs to the
dispersive filters and installing a set of fixed attenuators with attenuation values chosen for a 25 dB Dolph-
Tschebyscheff beam pattern. The outputs of the attenuators were summed in an eight-to-one combiner and then
fed to a dispersive filter, synchronous detector, and a pair of A/D converters. The digital output was stored in
the same high-speed bulk memory system described in Section 2. To integrate the IF beamformer into the
system, all that was required was to replace the attenuators with the IF beamformer and some additional cabling.
Figure 12 is the block diagram of the Adaptive Array Laboratory System. The I and Q control voltages required

1_ . f rl-C w _ __ _ ___ 1 - _ - L 1 1- 1 / A - - __ r__ .1 T- X '__ _- by the Cr is ae supplied by additional D/A convcrters from the H-r Mutilprogrammer.

The more difficult task in completing the integration was to develop the software to control the IF
beamformer. Figure 1 shows that the adaptive processor is composed of a control algorithm and a signal
processor. The control algorithm handles the setting of the complex weights. The signal processor samples the
sensor array and the array output, and it uses an adaptive algorithm to determine the weights to send to the
control algorithm.

It rsuabi ware developed ficr tae iF ocamiLrmer was partitione into two tass. ITC heTSt sasK was to develop

the control algorithm to set the weights for the quiescent and adapted beams. As stated before, the outcome of
the constellation analysis was to use a linear least squares fit in two variables to characterize the response of each
CPM to the square control voltage grid. This algorithm, detailed in Appendix A, calculates for each channel a
two-by-two matrix as well as I and Q dc offsets such that the following matrix relationship holds:

C - [All A12 X-dc 

C0 I I2, A2. lY-Ode I

11
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Fig. 12 - Block diagram of the adaptive array laboratory system
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The X and Y in this matrix equation comprise the desired normalized complex weight for a particular channel
through the beamforming path. If, for example, the values for (X,Y) were specified to be (1,0) for channel 1,
this equation would yield the two voltage control words Cl and CQ necessary to send to the Multiprogrammer
such that the CPM for channel i would weight the signal to be equal in amplitude and phase io itai of the

through path. To further emphasize this point, if (XY) were specified to be (0,1), then the voltage control words
would weight the signal to be equal in amplitude and 90D out of phase with that of the through path. To test
this method of setting the weights, a computer program was developed to electronically scan the mainlobe of the
beamformer from -90e to +90a with a CW signal injected at an angle of 00. Null depths of 30 dB were
measured with respect to the mainbcam. In Section 3, the receivers are specified to be matched to within 40
dB across the entire receiver bandwidth. Such a loss in performance was deemed unacceptable and it was
reasoned that the performance of the beamformer was limited by the accuracy to which the desired weights were
set.

To improve the accuracy of setting the weights, a closed loop technique, known as the Secant Method, was
used. The Secant Method (Appendix B) is based on the Newton-Raphson Method for solving a root-finding
problem and has the advantage over the linear least squares fit in that it is an iterative method with a feedback
term. This term allows the method to compensate for errors present in the weight setting, converging the control
voltages to their optimum values to establish the desired weight. The only drawback to this algorithm is that
convergence is not always guaranteed unless good approximations for the control voltages are known at the start

_s .t_ _ __ _l__ ra L a_ 21 - d -, sX - * -1 . _ __A r .1 - _ I .- _ __ A- _, --- I _ ___ ___ j_ofi tlle proess [6T Thr-efore, ther OcCUan1t ethdU 1h used to lilne the sUo SULUUioS for te controlt vUoLdges provUidU

by the least squares algorithm.

By use of the same mainbeam scanning computer program as mentioned before, now with the improved
weight setting algorithms, new data were collected. Figure 13 shows typical measurements of the output power
of the IF bearnformer. The null depths have been vastly improved to greater than 50 dli, and the measured
beam patterns closely resemble theoretical Tschebyscheff patterns. The perturbations visible on the sidelobes
of the beam patterns can be attributed to the 4 mV step of the controlling D/A converters.

The second task, generically referred to as the signal processor, handles the data acquisition and calculation
of the adaptive weights to send to the above-mentioned control algorithm. Although numerous adaptive
algorithms exist for calculating these weights, all the algorithms can be classified as either closed loop, feedback
algorithms or open loop, feedforward algorithms. An algorithm from each class was coded to test the
beamformer's performance against simulation results. The closed loop algorithm chosen was the classic Howells-

Applebaum adaptive loop and the open loop algorithm was the Direct Sampled Matrix Inverse.

The nHowells-AppieDaum adaptive loop was first investigated in the early 196s and was initially applied as

an analog signal processor to an IF radar sidelobe canceller [7]. The basic loop (Fig. 14) is composed of six
components with each of the eight channels of the array requiring such a loop. Of these six components the
phase conjugator, correlator, integrator, and differential amplifier were all implemented in this investigation as
models of their analog counterparts in the control computer. The IF beamformer with the CPM devices and
an eight-to-one combiner completed the hybrid analog/dig'ital system required to implement the Howells-
Applebaum Adaptive Processor. Applebaum 1Sj established a rigorous mathematical analysis of the control-law
governing the operation of this adaptive loop. The basic iterative mathematical expression governing this is:

Wk = GOr S - (G/r Mk - J(1-1r)) WkI-,

where Mk 4 vk' Vk%

Table I presents typical results for this algorithm. Figure 15 shows the beam patterns measured for the
corresponding quiescent and adapted weight vectors. Oscilloscope photographs of the video output of the IF

13
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Fig. 14 - Howells-Applebaum adaptive loop

Table I -Typical Performance Data

15

1. MEASURED QUIESCENT OUTPUT

Ps -23.77 dB
PI -20.39 dB

Q TMD ) D D - O 0 A)D
l. L )U

2. MEASURED ADAPTED OUTPUT

Ps = -23.98 dB
PI = -39.96 dB

SINRA PS - PI = 15.98 dB

3. IMPROVEMENT FACTOR

SINRA - SINR1 - 19.36 dB
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QUIESCENT BEAM PATTERN

* - f E - - ................... y~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~.......

0.0 - -10.0 -20.0 -30,0 -40.0 -50.0 -60.0-00-00-00-00-00 0.0

ADAPTED BEAM PATTER~N

0.0 10.0 -20.0 -30.0 -40.0 -50.0 -60.0 -50.0 - 4,0f -30.0 - 20.0 -1I0.0 0.0

Fig. IS - Beam patterns measured for the corresponding
quiescent and adapted weight vectors
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beamformer (Fig. 16) before and after running this adaptive process clearly indicate the success of the

beamformer using this algorithm to null sidelobe interference. In Fig. 16 (a), before adaptive processing, the
noise can be seen to completely mask the target returns. This particular scenario had two interference sources,

one at 25° and the other at 650, injected along with the test targets at 0a. In Fig. 16 (b), after adaptive
processing, the test targets are readily apparent with the interfering noise reduced to virtually the receiver noise

level.

(a) Before adaptive processing

()) After adaptive processing

Fig. 16 - Adaptive array performance tests (UPM contiguration: adaptive processor
demodulated video output)

The Direct Sampled Matrix Inverse algorithm that was used to test the effectiveness of the IF beamformer on
open loop algorithms was a complete failure. This algorithm is based on the matrix form of the Wiener-HopI
equation,

W~OO = M- b 

where - 1 is the inverse of the covariance matrix and b is the steering vector. The concept behind the
algorithm is to sample each channel of the system and calculate the sampled covariance matrix. By using this
as an estimate of the actual covariance matrix, the algorithm performs a matrix inversion using Gaussian
Elimination. The optimum Wiener weights that are sent to the weight control processor are derived from

17
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as an estimate of the actual covariance matrix, the algorithm performs a matrix inversion using Gaussian
Elimination. The optimum Wiener weights that are sent to the weight control processor are derived from
multiplying the inverse matrix by the steering vector. Because this algorithm was meant to test the effectiveness

of the beamformer on open loop algorithms, no error feedback for weight correction was used. The major
reason that this algorithm failed can be attributed to both the error in setting the calculated weights and the
precision of the computer system used to calculate the inverse of the sampled covariance matrix.

5. SUMMARY

This report details the equipment and capabilities of the Adaptive Processing Laboratory for implementing
and testing various adaptive algorithms. An Intermediate Frequency Beamformer was developed and integrated

with existing laboratory equipment to complete the fully adaptive system. This system proved to be most
effective for implementing and testing closed loop adaptive algorithms. However, fundamental control problems
with the complex phase modulators, the primary analog signal processing components chosen for the IF
beamformer, do not allow successful implementation of open loop adaptive algorithms.

6. RECOMMENDATION

Since the IF beamnformer does not successfully lend itself to open loop algorithms, it is recommended that
a completely digital beamformer be developed. With the recent advances in digital signal processing
technologies, a digital beamformer capable of applying complex weights and accumulation of the digitized
voltages at a sustained rate equal to the sample rate of the A/D converters is possible and would allow for more
detailed investigation into the performance of open loop adaptive algorithms and superresolution techniques in
a real-time system.
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Appendix A

CALIBRATION USING LINEAR LEAST SQUARES FI1' ALGORITHM

Purpose:

This calibration method uses the Linear Least Squares Fit Algorithm to compute a 2 x 2 transform matrix
to transform a desired normalized weight into the necessary control voltages to achieve the desired amplitude
and phase with respect to a Reference channel.

Inputs:

RiJ= Reference Channel lnphase Voltage
Roj = Reference Channel Quadrature-phase Voltage
Ti3 = Test Channel Tnphase Voltage
T = Test Channel Quadrature-phase Voltage
N = Total Number of Samples

Calculate-

For k=l,n*n 'and =1,N

J S

N -', :k= % '7jj -T R 2 *T - 0

Xi '.- X-

yk
y, = Tk

N *RJ : =E R(; + E %)

Assume n x n Command Matrix wilth Command words

Ct 1 J ' C

I V-



P. W. LEE

X = Xk Y 2'S Yk a:-2'E CIK
n k n k n k

S11 E Xk * CM SIOQ = E Xk CQk
k k

SQ I := Yk 1Clk SQQ = Yk t Ck
k k

SSj:,= Xk SSQ := k 
k k

SII -S Io * SQI

The 2 x 2 Transform matrix coefficients are:

A l l :=fi *SQQ A1 2 = *SIQ

A21 : -3 *SQ A22 : -S *SI
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Appendix B.

SECANT ALGORITHM

Purpose:

This method finds a solution to f(x) = 0 given initial approximations PO and P1 and x is a complex variable
and f(x) is a complex function.

Set

i := 2 N0 = maximum number of iterations
q= f(P0)
q fTM1) TOL = tolerance

While i < N 0

P =PI -q * Pi - PO
ql - 10rr Pn nil -inn; ~~~~~~~~ ~~ … YsI J - --- t9 $0I' -r Il] < L tLInI pr ocedue] c o1mpledcu UCucsCLully

:= i + I

PG := P1
40 =L

p1 :=. p

e u m n e o ef(p)

Continue until maximum number of iterations exceeded
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