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Abstract

This study investigated the feasability of implementing adaptive array algo-

rithms in a simulation program called the Block Oriented Systems Simulator (BOSS).

Two algorithms in particular were used: the least mean square (124S) algorithm in

real and complex form origiaally developed by Widrow, et. al. and the Applebaum

algorithm. Two arrays were simulated with simple isotropic radiators used as the

array elements. The first array used two elements spaced one half wavelength apart.

The second array used four elements with variable geometry. The approach taken

was to first implemcnt the algorithms and arrays in the simulation language. Testing
2

the algorithms with simple inputs and checking the algorithms ability to trtck these

inputs was the second step. The last step was to test the algorithms with the arrays-.- "-

The results of the simulations showed the LMS algorithms implemented in

BOSS were able to track DC signals along with sinusoidal inputs. The BOSS LMS

implementation was also able to reject jammer signals by changing the gain and phase

of the array elements. The amount of signal to jammer ratio was only a function of

the gain limits put on the LMS loops. An analog implementation of the Applebaum

algorithm did not perform as well. When used in a sidelobe canceller circuit with

one adaptive weight, the complex weight would initially converge to a theoretical

optimum weight but eventually would diverge. This problem was corrected with

a discrete implementation of the algorithm. The discrete implementation provided

weight convergence with nulls being placed at a jammer's spatial location. The null

depth exactly matched the jammer power.

The simulations from this study show that adaptive array algorithms can be

implemented and simulated with BOSS. The BOSS simulation environment proved

to be an excellent tool for prototyping systems along with a providing a rich selection

of post simulation output products.

xii



IMPLEMENTATION OF ADAPTIVE ARRAYS IN

THE BLOCK ORIENTED SYSTEMS SIMULATOR

I. Introduction

i.1 Background

'-The Information Transmission Branch of the Wright Research and Develop-

ment Center wants to have a tool to evaluate contractors' proposals concerning

adaptive arrays. This tool could be the traditional component level simulation which

is difficult to modify aiid is generaiiy applicable to only one array configuration.,)Or

this tool could follow another approach in which components are implemented ifn a

block fashion and simulated waveforms are processed by the blocks. If the latter

approach to adaptive arrays proved feasible, a tool would be available which could

be used for array evaluation and could be modified by simply moving blocks around

the circuit diagram. Evaluation time could be reduced dramatically with desigaiers

required to have only a limited knowledge of computers and simulation. "'.,V 7 .. i,

Numerous studies have been performed on adaptive antenna arrays (2:1-271).

By implementing different array patterns or spacings with different adaptive algo-

rithms, various types of performance are achieved. In almost every case, some type

of simulation was performed to predict the performance of the array and the adap-

tation algorithm. A common approach to the simulation is to model the array and

algorithm in some high order language such as FORTRAN. This approach requires

each element in the adaptive antenna be broken down into its smallest mathematical

entity. These entities are then assembled and the simulation built from the bottom

up, going from the model of the simplest resistor to the array and its environment.

This type of simulation could be performed for any type of system. For instance.



a first order low pass filter could be modeled with a resistor and capacitor network

similar to Figure (1).

R

C

Figure 1. RC Low Pass Filter

The magnitude of the frequency response of this circuit is governed by the

equation:

JH(s)j = 1R()
V(27r)2 + (1/RC)2

where R is the resistor value, C the capacitor value and f the frequency. In a

FORTRAN simulation of the frequency response, the code to perform this simulation

might look like:

DO 10 F = 0,500

H(F)=(1/RC)/(SQRT((2*PI*F)**2 +(R*C)** 2))

10 CONTINUE

2



Looking at the code does not give a feel for the circuit. Nor could this cod 1w,

readily added to another simulation as a low pass filter unless the programmer haid

a thorough understanding of just what was implemented by this section of code.

Howevcr, there is a second approach to system simulation. With a software

system such as the Block Oriented Systems Simulator (ROSS), thc computer can

be used to simulate waveforms that flow through the system (3:1-1). Using the

simulated waveform approach differs from the original element simulation approach

in which the computer evaluates complex formulas by replacing numbers in the

formulas. In the RC circuit example, the computer replaces the frequency value F

in the equation to simulate the circuit's frequency response.

The BOSS environment utilizes a set of templates for most elements used by

communications engineers. The designer recalls these templates, fills in the necessary

parameters, and builds a circuit or system from the "block" level rather than the

component level. The designer can then evaluate the performance of the design from

within the BOSS environment through built-in simulation tools. BOSS also provides

many display options for simulation results through a post processor function. The

BOSS graphics software that is presented to the user is written in LISP. BOSS then

translates the user-entered block diagram into a FORTRAN simulation program

(3:1-3). Primitive modules not implemented in BOSS can be built in FORTRAN

and then imported as a BOSS template. Because BOSS was originally written to

simulate communication systems, this feature allows a system designer to implement

almost any circuit desired. The same RC filter in Figure (1) could be implemented

in BOSS using a template available for low pass filters.

3



l I I

;EBUTTERWORTH ->

> LOWPRSS

*............

FILTER ORDER :

P ;33-B6AD EDGE (HZ) :5

PPISBAND EDGE ATTENUATION (0B) ::31

Figure 2. BOSS Low Pass Filter

Figure (2) shows a BOSS implementation of a first order low pass filter. FrequMCy

response is one of the post processor functions available in BOSS and it is readily

available to the user. Additionally, a designer can now add this low pass filter to

other circuit components to build a system. The representation in Figure (2) gives

the designer a feel for just what this component will do. This is the concept in BOSS.

Systems are built from the block level.

An adaptive array might also be modeled from the block level rather than

a component level in order to perform a simulation. One of the most commo,,

algorithms for adaptation is the Least Mean Square (LMS) algorithm. It can be

broken down into integrators, summers, amplifiers, and time delays. The antenna

elements themselves might be modeled as amplifiers with phase shifts dependent on

their relative spacing. This approach could lead to modeling adaptive arrays in a

block fashion.



1.2 Problem Staten 'ent

This thesis will investigate implementing adaptive antenna arrays within thle

Block Oriented Systems Simulator (BOSS). Specifically, two different adaptive al-

gorithms along with two different arrays will be investigated to determine their

suitability for block type simulation. If the algorithms and the arrays can be irn-

plemented in BOSS, results from simulations in this system can be compared with

results of theoretical studies in the lterature.

1.3 Summary of Current Knowledge

Since the late 1960s and early 1970s, a number of techniques for controlling

adaptive antenna arrays have been developed. The concept of the adaptive array is

to adjust the array weights in some way to enhance signal reception. This general!y

means enhancing the desired signal while reducing the effect of noise through a weight

adjustment algorithm. The noise can be an interference source such as a jammer or

simply thermal noise.

The most significant work on adaptive array algorithms began with the pub-

lication of the Widrow, Mantey, Griffith and Goode development of the least mean

squares (LMS) algorithm for adaptive antenna systems (4:6). Another technique

developed in 1966 but not published in the open literature until 1976 was the Ap-

plebaum algorithm (1:585). A number of other techniques have been developed

including the power inversion algorithm, direct matrix inversion, and the update

covariance matrix inverse algorithm (2:37). In each algorithm, there is an attempt

to enhance the desired signal while reducing the effects of noise.

In the LMS algorithm, the weights are updated according to the following

recursive equation:

5



Wj+J = Wj + 2pejXj (2)

where

W is the weight vector

j is the iteration number

ej is the difference between the output and the desired signals

y is a convergence factor

Xj is the input vector at iteration j

This very compact form is easily implemented in a digital computer. The

LMS algorithm requires a desired signal. The presence of the desired signal in the

circuit should remove the need to go through this process at all. The key here is

that the desired signal does not have to be an exact replica of what the system is

expecting. The desired signal has only to be correlated with the expected input and

uncorrelated with the noise. The receiver expecting the signal could produce the

desired signal. This replica signal might not be in phase with the input signal but

should be correlated with the input. Compton presents several other techniques for

producing the desired signal as a function of the input (4:396-431).

The LMS algorithm attempts to minimize the mean square error between a

desired signal and the system output. When the weights have adapted to an optimum

point, the desired signal is enhanced and the noise reduced. The overall result is

improved signal-to-noise ratio. There are times when the desired signal is unknown.

However, there is still a need to improve the signal to noise ratio by reducing the

effects of interference sources. The Applebaum algorithm does not require the desired

signal and can be used in this case (2:47).

Like the LMS algorithm, the Applebaum algorithm adjusts the weights of an

adaptive array in an attempt to maximize the signal-to-noise ratio (4:47). The

antenna pattern produced by the adaptation process places antenna nulls in the

6



direction of noise sources. The weights in the Applebaum system are updated ac-

cording to the following equation (1:593):

Wk(t) = G[k(t) - Xj,(T) wj()x,(r)dr] (3)

where wk and wi are the ith and kth weights, xi is the ith input signal, Ik is the

signatl modulation seen by the kth array element, and G is a arbitrary constant. See

Figure (10).

The key to this approach is that there is no need for the desired signal. If the

desired signal is missing, the algorithm still attempts to remove the undesired noise.

1.4 Assumptions

In order to obtain statistically valid estimates of performance measures during

a simulation, a large number of samples should be taken (3:1-1). According to

sampling theory, the sample rate must be at least twice the highest frequency of any

signal or waveform used in the simulation. If opera t ing at the passband of a normal

communication system, the highest frequency could be in the gigahertz range. The

sampling rate would have to be twice this gigahertz frequency and one second of

samples would involve two billion samples. In most applicatilons, there is not enough

storage space on the simulation computer to store two billion samples. Overcoming

this situation requires that systems be represented by equivalent baseband envelopes.

The simulations performed as part of this thesis will adopt the baseband approach

and any non-linearities that exist at the original passband will be modeled at the

lower frequencies. Using the baseband approach limits the fidelity to true waveforms

used during simulations. To truly simulate signals that have been modulated to

higher frequencies, a passband simulation should be performed. For this thesis effort,

using baseband waveforms will not restrict results in any way.

7



1.5 Scope

Two adaptive array algorithms were implemented in BOSS. The first is the

LMS algorithm and the second is the Applebaum algorithm. Both algorithms were

used to update weights in an adaptive array. Two arrays were implemented in

BOSS. The first array were two isotropic radiators spaced half a wavelength apart.

The output of this array were fed into the weights along with a desired signal and

noise. The noise source produced additive white Gaussian noise with power that can

be set within the simulation. The second array consisted of four isotropic radiators

arranged in a square with sides half a wavelength long and in a linear array with

elements spaced half a wavelength apart. Again, the output of the array were fed

into a set of four weights controlled first by the LMS algorithm and then the Apple-

baum algorithm. The output of these arrays along with array directivity patterns

were compared with other studies using the same arrays and algorithms to verify

performance.

1.6 Approach/Methodology

The first step in approaching the problem is to determine if either of the adap-

tive algorithms can be implemented in BOSS. A single LMS loop was implemented

iii BOSS and used to update one weight. The weight was initially be set to zero and

a sinusoidal waveform was used as both the input and desired signal. A simulation

was performed at this point. The results of this simulation showed whether or not

the LMS algorithm was adjusting the weight to track the incoming sinusoid. Addi-

tional weights were added along with phase shifters to provide 90 degrees of phase

shift so that the weights could produce any phase angle. These additional weights

and phase shifters were connected to the simulated two element array. A desired

signal along with a noise source formed the inputs to the array.

Once the LMS algorithm proved successful, the Applebaum algorithm was

implemented using the same approach. One weight was controlled by the algorithm



while tracking a sinusoid. More weights along with the array were added to vrify

this algorithm's performance.

The next step was implementing the four element array. This array was con-

nected to a four weight system updated with one algorithm. Then the other algo-

rithm was tested. Each step along the way, the BOSS results were compared with

simulation results from previous studies and theoretical predictions.

1.7 Materials and Equipment

The BOSS software requires a Digital Equipment Corporation (DEC) VAX

Station running the VMS operating system or a SUN-3 workstation running the

UNIX operating system (3: 1-3). The DEC equipment is currently available in the

Air Force Institute of Technology (AFIT) Signal Processing Laboratory in Build-

ing 642.

1.8 Summary

If the BOSS approach to modeling and simulating adaptive arrays proves fea-

sible, a tool will be available which could be used for array evaluation and could

be modified by simply moving blocks around the BOSS circuit diagram. Design-

ers would require only a limited knowledge of simulation techniques. Evaluation of

contractor's proposals would be simpler and faster.

This thesis is divided into five chapters. The first chapter introduced the prob-

lem along with an approach to solving the problem. Additionally, the first chapter

covered the objectives of this research, some basic assumptions, the scope of the

work to be done, and the equipment on which BOSS operates. The second chapter

is a literature review covering work that has been done on the LMS and Applebaum

algorithms as applied to adaptive arrays. The second chapter also gives further ex-

planation of terms and concepts along with detailed development of the theory used.

Chapter three covers the methodology used. This chapter tells what work was

9



done and how it was accomplished. Chapter four presents the findings. The fifth

chapter draws conclusions based on chapter four findings and makes recommenda-

tions for further research.

10



II. Adaptive Array Theory

2.1 The Least Mean Square Algorithm

As mentioned in chapter 1, the Least Mean Square (LMS) algorithm was in-

troduced by Widrow et al. in 1967 (10:2143). The development of this algorithm

as used by this thesis will follow the development in the original paper. Figure

(3) represents a continuous time basic adaptive array. The purpose of the weights

Wl

xi(t)

X, (t) t

I.V (t)

AUTOMATIC CIRCUITS

ADJUSTMENT t dt
DESIRED
RESPONSE

Figure 3. Basic Adaptive Array

w, w 2,' ,WN is to reduce the mean square error between the desired signal and

the output of the array. The output of the array, s(t). is formed by multiplying the

inputs to the array, xl(t),x 2(t),... ,iv(t) by the corresponding weights.

N
s (t) X, ,(t) Zvi (4)

r---1
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where N is the number of weights. The output may be alernati~elv expressed in

vector form

s(t) = WtX(t) (0)

where Wt is the vector

Wt = [W1 W2 ... tV] (6)

and X(t) is the input vector

x1 (t)1

X(t) X 2( (7)

XN(t)

In a simulation where the signals are sampled at discrete time steps, the array output

is described by

8i = x (8)

where j is the jth discrete sample. The array output sj is now compared with a

desired signal d,. Subtracting the array output from the desired signal produces an

error at each discrete sample point described by

ej = d, - Wtx, (9)

where ej is the error at each jth sample point and dj is the desired signal at each jth

sample point. Squaring both sides of Eq (9) and then taking the expected value of

both sides gives

E[ e' ] = E[ d' - 2WtdjXj + WtXjXtIW ] (10)

where E[ ] represents the expectation operator. Letting R represent the matrix of

autocorrelation and cross correlation elements of E[ XjXt, ] and P represent the

12



vector of cross correlation elements of E[ Xjd, I simplifies Eq (10) to

E[ 2 ] = E[ dj ] - 2 WtP + WtRW (11)

Taking the derivative of Eq (11) with respect to each one of the weights yields the

gradient of a quadratic surface that represents the weight plane.

VE[ e2 ] = 2RW - 2P (12)

where V is the gradient operator. Setting the results of Eq (12) to zero produces

a set of linear simultaneous equations that can be solved for the optimum weight

values.

W* = R - 1 P (13)

where W* is the optimum weight vector. When the optimum weight values in Eq

(13) are used in Eq (8), the least mean square error between the array output and

the desired signal is produced (10:2143-2148).

Looking at Eqs (12) and (13) two problems arise when trying to develop what

might be considered a real time adaptive array system. The first problem is calcu-

lating the input statistics. To truly develop the auto and cross-correlation products

of the input signal along with the cross-correlation product between the desired and

input signals, a large number of samples need to be taken and then multiplied and

summed to form a valid sample size. By the time these products are formed, the

signal statistics can change because the relative position of the inputs to the ar-

ray have moved while the large number of samples are collected. Even in modern

computer systems the muliplications and additions take time. The second problem

occurs in Eq (13). Here, the inverse of the R matrix has to be computed. A matrix

inversion can take up to n'/3 multiplications alone where n is the number of weights

(7:30-31). Clearly, there must be an approximation made to the exact solution for
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the optimum weight vector in Eq (13). This is the next step in developing a useful

real time weight update algorithm.

Figure (4) shows a portion of a two-dimensional performance surface for a

system with two weights (9:21). The vertical axis of Figure (4) represents the mean

10.0-

8.0-

w 6.0

4.0

0.0 - W .- 4.0

2.5 0.0 -2.5 -2.0

W,
WO

Figure 4. Two-Dimensional Performance Surface (9:21)

square error as a function of two weights. Since the surface is quadratic in nature,

only a single global minimum exits. The LMS algorithm searchs the gradient of

this surface for the global minimum. The values of the weights are updated in the

direction of the gradient. The weight values for the next iteration in the simulation

are given by

Wj+1 = Wj - 11j (14)

where W,+, is the weight vector for the next simulation iteration, Wj is the weight

vector for the current iteration, p is a scalar convergence constant, and V , is the
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gradient vector estimate of the squared error with respect to W and is given by

v, = V[ e' 1= 2e,[V[ ej 1] (15)

Combining Eqs (14), (15), and (9) gives

V[ ej ] = V[d, - W'tXj ] (16)

Since Eq (16) is a single sample at one instant in time, the gradient is a function of

the weights and not the desired signal and is given by

V[ ej] = -Xj (17)

Now Eq (17) can be substituted into Eq (15).

Vj= -2ejX, (18)

Using the gradient estimate in Eq (18) in Eq (14) yields the LMS weight update

equation

Wj+ = Wj + 2ejXj (19)

Equation (19) can be written as a differential equation which has a solution in

the form

W(t) = 2pij e(r)X(r) dT (20)

This continuous time representation of Eq (19) can be implemented in an anaiog

circuit. Figure (5) shows an analog circuit that implements Eq (20) while Figure (6)

shows a digital realization of Eq (19) (10:2149).

15



xi(t) - 6wi(f)

e(t)

Figure 5. Analog LMS Loop (10:2149)

xj x Wj+I nt ow

2 
elay

ej

Figure 6. Digital LMS Loop (10:2149)
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2.2 Complex LMS Algorithm

The LMS algorithm was expanded to include a complex derivation in 1975

(11:719). Figure (7) shows a block diagram of a complex LMS adaptive array (4:7).

The inputs and the weights from Eqs (7) and (6) are now complex and represented

X2R

WIARATUR W 1 1

H YBRD,. ARRAY

w. OUTPUT

' SM

W2 , M 21

Q UADRATU E WI

HYBRID

xWR o iI(t22

w0, ERROR

-SGAFEEDBACK CM + t

REFERENCE
SIGNAL

Figure 7. Complex Adaptive Array (4:7)

by

XlRj xlii

Xj = +j i X21 XRj + iXtj (21)

.XnRj Xnlj

and

WlRj Wl ij

Wj = 2R + i W2 = WRj + i*Wtj (22)

WnRj WnIj
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where R designates the real component and I designates the imaginary component.

The error, desired, and output signals are also complex and given by

ej = eqJ + zetj (23)

dj = dRj + idij (24)

Yj = YR3 + iy (25)

The output and error signals are again formed in accordance with Eqs (8) and (9)

but the complex forms of Eqs (21) through (25) are used.

Y, = XtjWJ = WtXJ (26)

ej = dj - yj = dj - Xt 3Wj (27)

All additions and multiplications obey the rules of complex algebra.

The concept is again to minimize the mean square error. This is accomplished

by adjusting both the real and imaginary parts of the complex weights to minimize

the real and complex parts of the error signal in Eq (27). In the complcx case,

reduction of the mean square error is replaced by reduction of the average total

error power. Assuming the real and imaginary components of the error power are

uncorrelated, the error power is given by

E[ ejgj ]=E[ e' ]+ E[ e2 (28)

where the bar above ej designates the complex conjugate and is given by

,= dj - Wj (29)

Again, the gradient of the error squared must be taken but this time with respect
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to the real and imaginary components of the weight vector. The resulting equations

are

VR(eje) = ej[VR(Ej)] + 6j[VR(ej)] ej(-X ,) + ej(-Xj) (30)

and

Vl(ejij) = ej[Vi(ej)] + j[Vj(e,)] = ej(iXj) + ej(-iX3 ) (31)

An estimate of the gradient is again made and the weight update equation for the

real and imaginary components becomes the complex form of the LMS algorithm

given by (11:719-720)

Wj+j = Wj + 21ejXj (32)

Both the real and imaginary components of Eq (32) can be implemented in loops

similar to Figures (5) :.nd (6). Figure (8) shows an analog implementation of a

complex LMS loop while Figure (9) shows a discrete implementation where the 1/S

component represents an integrator (4:22).
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COMPLEX [ Wi(t)

CONJUGATI

Figure 8. Complex Analog LMS Loop (4:22)
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SIGNALS FROM
OTHER ELEMENTS

XkJ CE LEXY

CONJUGAT

Figure 9. Complex Discrete LMS Loop

2.3 The Applebaum Algorithm

Rather than attempting to reduce the mean square error between the output of

the array and some desired signal, the Applebaum algorithm attempts to maximize

the signal to noise ratio by adjusting the weights in the adaptive linear combiner of

Figure (7) (1:585). The development of this algorithm starts by breaking the noise

and signal parts into separate components for evaluation. This development follows

Applebaum's original work and uses the notation from that work. Using an approach
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similar to Eqs (4) and (5), the output of the array due to the signal is given by

K

V,= a Xk Wk (33)
k=1

where z,, is the output due to the signal, Xk and Wk are given by Eqs (7) and (6),

and a defines the amplitude and time variation of the signal. Again, the output can

be expressed in matrix form by

V, = aWtX = aXtW (34)

The noise component of the output is given by

v, = WtN = NtW (35)

where N is

ni

N = (36)

rnK

The expected output noise power is given by

P, = E[ Iv.12] = WtE[ RNt 1W (37)

= W tMW (38)

where

M = E[ NN t =[kI (39)

where PkI is the kth element of row 1. Note that the P, is not the same entity as P

in the LMS development.

The M matrix is Hermitian since M t = M. M is also positive definite because
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the output noise power, P,. is greater than zero whenever W 54 0 (1:586). These two

facts lead to a transformation matrix where all channels have uncorrelated noise of

equal power. Using this concept, and using A as the transformation matrix, Eqs

(34) and (35) become

v aWtX (40)

vn =WIN (41)

where

X= AX (42)

N = AN (43)

W = At* (44)

The A matrix equalizes and decorrelates the noise. and

E[N i)Nt ] = I (45)

where I is a k by k identity matrix. With this result, the noise power simply becomes

the magnitude of W squared. Again using Eq (45), The noise power can be rewritten

to

P, = WtMW (46)

The result of the last three equations is that a relationship can be developed between

the M and A matrices. This relationship is described by

fiLMA t = 1 (47)

M = (AtA) -1  (48)

As Applebaum points out, the optimum weight vector occurs when the noise com-
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ponents in each channel of the adaptive array have equalized, uncorrelated powers.

Now the optimum weight vector can be written as

W*= At W* = AtuAX (49)

- ,M- 1X (.50)

where p is an arbitrary constant. Whenever Eq (50) is met, the maximum signal to

noise ratio is achieved (1:586-587). A weight update algorithm that will implement

Eq (50) is provided below.

t n
wLk(t) = G[Fk(t) - j x,(r) w w'(r)xi(r)dr] (51)

i=1

where Wk(t) is the weight value for the kth channel, fk(t) is the desired vector com-

ponent for the kth channel, G is an amplification factor, and Xk(t) is the input to

the kth channel.

A practical implementation of the development above must exist in order to

provide control of the adaptive array. The functional block diagram of a circuit

implementing Eq (51) is shown is Figure (10) (1:593).

2.4 Summary

Figures (5), (6), and (10) form the basis for update circuits to be used in BOSS.

In each case, the algorithms lend themselves to a block type implementation. This

fact leads to the approach to be taken toward implementing adaptive arrays in BOSS

and is the subject of the next chapter.
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Figure 10. Applebaum Weight Update Block Diagram (1:593)
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III. Implementation Approach

.3.1 Implementing the Algorithms

Chapter 2 provided the mathematical basis for the LMS. the complex LMS and

the Applebaum algorithms for updating weights in an adaptive array. Equation (19)

gives a weight update formula based on the LMS algorithm. The algorithm contained

in the equation was then translated iato a block diagram in Figure (6). The analog

form of this equation is given in Eq (20) with a block diagram in Figure (5). The

complex LMS and Applebaum algorithms also have equations and block diagrams in

Chapter 2. This chapter will show the approach to implementing those algorithms

in a block diagram form in BOSS. The approach to implementing both the two and

four element arrays will be covered. These arrays wiil be implemented to handle

both real and complex signals. The first step is to implement the T, MS algorithm.

3.2 LMS Algorithm Implementation

The components in Figure (5) are two multipliers, an integrator, and a gain

factor of 2,u. BOSS provides two and three input multpliers in the arithmetic section

of its Basic Building Blocks. The gain coefficient is provided in the Basic Building

Blocks as a module called REAL COEFFICIENT GAIN. BOSS also has an integra-

tor in its filter section. Putting these modules together yields an analog LMS loop.

The BOSS implementation is shown in Figure (11).

26



A A

E-~0

A

"-IN

,,--
", 

05,

ALAa

z

L " wN

2 7



The block diagram in Figure (11) was produced with the BOSS Print .lodul,.

Block Diagram command. The two small triangles which point in at the bottom

and left side of the diagram are inputs to the circuit and are labeled I# 1 and l# 2.

Input 1 is the loop input from the array element feeding this particular LMS loop

while input 2 is the error formed by the difference between the desired signal and the

system output. The error signal will be formed at a higher level and fed back to this

)art of the circuit. The two outputs are labeled O# 1 ,nd O4 2 and are the loop

output and the weight value. The outputs are on the right side of the block diagram

and are represented by triangles that point out of the circuit. Output 1 is simply

wi(t)xi(t). The weight value is outptlt so that a time history of the weight's behavior

is available. The REAL COEFF GAIN represents the 2p convergence factor and is

exported from this level of circuit abstraction as an adjustable parameter.

Using the same approach for the discrete implementation as for the analog

implementation, the two multipliers and adder from the Basic Building Blocks were

used. The unit delay in Figure (6) is available in BOSS's Memory section of the

Basic Building Blocks. The same gain coefficient was used to provide the 2,U factor.

The BOSS implementation is shown in Figure (12). The inputs and outputs to this

loop are the same as in Figure (11). With both the discrete and analog forms of

the LMS algorithm implemented, the next step is to implement the complex LMS

algorithm.
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3.3 Complex LMS Algorithm lmplemcntation

Chapter 2 laid the groundwork for implementing the complex LMS algorithm

in Eq (32) and Figures (8) and (9). The only new module necessary in this algorithm.

not included in the previous algorithms, is one for obtaining the complex conjugate of

a complex number. BOSS contains complex conjugate in its Type/Unit Conversion

section within Basic Building Blocks. The real gain coefficient can no longer be used

for the 2, factor because the input to the real gain coefficient module must be a

real value. However, BOSS contains an untyped gain module Arithmetic section of

the Basic Building Blocks. The input to this module can be any type with BOSS

making the type determination and multiplying according to real or complex algebra.

Additionally, the adders, multipliers and unit delay modules have untyped inputs

allowing either real or complex inputs and outputs. Using these BOSS modules, the

complex LMS loop was implemented in Figure (13). The form of this loop is slightly

different than the other LMS loops, Rather than forming the output by multiplying

the input by the weight value, the output of this circuit is the weight value only.

The output for the section must be formed by multiplying the weight by the input

at a higher level. The input on the left side of the circuit is a complex signal from

one of the array elements. The input at the bottom of the circuit is the error signal

which is the difference between the desired and weighted array output signals.

3.4 Applebaum Algorithm Implementation

The Applebaum algorithm, like the LMS algorithm, is implemented in a block

diagram with an adder, multipliers, and an itegrator. The block diagram is shown

in Figure (10). BOSS provides all the necessary components to implement this

alrorithm. The BOSS implementation is shown in Figure (14).
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3.5 Array Implementation

With the algorithms implemented, the next step is to implement the two and

four element arrays. Figure (15) shows a two element array with a desired signal

arriving at angle Od with reference to element 1. The two elements are spaced A/2

apart where A is the wavelength of the center frequency of the desired signal as well

as the array wavelength. The desired signal will arrive at element 2 at a different

time than at element 1. This causes a phase shift between the signals at the two

elements. In the case of Figure (15), the phase shift is given by the equation (4:24)

Q = rsin(Od) (52)

The difference in arrival time and phase shift for this array is applicable to any

signal whether it is the desired, a jammer, or a noise source. To implement the array

in Figure (15) using BOSS, the array was broken into three different parts. The first

part processed the desired signal. If element 1 is used as a reference, the signal seen by

element 1 should simply be passed through the array to the signal processing section.

This is accomplished with a unity gain element. The signal received from element 2

should have a phase shift in accordance with Eq (52). For real signals, BOSS provides

a phase parameter in its sinusoidal source only. However, the phase parameter could

be provided as a time delay within the array implementation. To provide the correct

phase shift, the incoming signal is delayed an appropriate number of time samples.

BOSS provides a multi- sample delay in its Memory section of the Basic Building

Blocks. The module is called Multi-Stage Delay. Using the delay element along

with a constant gain module the signal section of the array was constructed within

BOSS and is shown in Figure (16). Similarly, the jammer and noise sections were

implemented and are shown in Figures (17) and (18).

The array itself is now formed by combining the three sections. The element

1 outputs of the signal, jammer, and noise sections are added together to form total
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element 1 output of the array. The element 2 outputs from the three sections are

added also added together to form the total element 2 output. The resulting array

is show in Figure (19).

DES IRED
SIGNAL

11/ed

aW W1

i(t)

Figure 15. Two element, array (4:24)
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Any number of array elements can be implemented in a similar fashion. The

delay for each element is computed to provide the appropriate phase shift. The

implementation for a four element array signal, jammer, and noise sections are shown

in Figures (20), (21), and (22).

The arrays built in the previous section cannot handle complex signals. The

idea is basically the same however. A phase shift must be provided to elements other

than element 1. BOSS has a complex exponential module which produces an output

of the form e"' where x an input parameter. By multiplying a complex signal by

the complex exponential, a phase shift is produced. To form the correct phase shift

for each element, a constant value can be supplied for the value x. BOSS contains

a Constant Generator module in its Analog Sources section. Using BOSS's complex

exponential, constant generator, multiplier and gain modules, the signal, jammer

and noise sections for both a two and four element arrays were constructed and are

shown in Figures (23) through (28).
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3.6 Summary

With the algorithms and arrays implemented, the next step is to test each

algorithm individually to see if weights correctly adapt. If this is successful, the

algorithms will be put into systems with the arrays in an attempt to track desired

signal while rejecting unwanted jammers. The results of these experiments are dis-

cussed in the next chapter.
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IV. Simulation Results

4.1 Discrete LMS Algorithm Tests

The first step in testing the LMS algorithm implementation in BOSS, as with

other algorithm implementations, was to build a simple test circuit in BOSS. A

sinusoid or DC signal could be used as the input to the LMS loop. The same inplit

signal could also be routed into an amplifier or attenuator and then used as the

desired signal. After adaptation, the weight value should match the the amplifie's

setting thereby modifying the input signal to match the desired signal. The BOSS

implemetation of such a test circuit is shown in Figure (29). In this circuit, the

REAL

[ COEFF

GAIN~

UN IT i<DELAY

Figure 29. BOSS LNIS Test Circuit

module labeled REAL COEFF GAIN at the top of the circuit is an amplifier that

will modify the sinusoidal input to form the desired signal. The second gain module is

set to a constant -1 to subtract the output of the loop from the desired signal to fornm

the error out of the adder. The UNIT DELAY module is inserted in the feedback

path to take into account that the error signal cannot be fedback instantaneously.
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(BOSS will not allow a 0 time delay in a feedback path.) This module simply delays

the feedback for one simulation iteration. Its output is initially set to 0. The module

labeled SINK is used to provide a path for the monitored weight value. The LMS loop

should adapt to match whatever the gain of the amplifier is during the simulation.

During simulations with the test circuit in Figure (29), the convergence factor

of the LMS loop, the amplifier gain factor, and the sinusoid's frequency, phase. and

amplitude were exported as simulation parameters. Exporting these parameters

allowed them to be varied during different simulations in order to observe the loops

performance without constantly changing the circuit itself.

Appendix A contains BOSS signal plots of all circuits tested. Results for the

LMS test circuit in Figure (29) are in Figures (37), (38), (39), and (40). In this first

tcst of the discrete LMS circuit, the simulation parameters are shown in Table (1).

With p set to 0.1, the weight adapted to 0.5 in 1.2 seconds when the input was a 5

Hertz (Hz) sinusoid. The final weight result was exactly as expected w;th the desired

amplitude at 1/2 of the input signal. Since the output was a duplicate of the desired

signal, the error converged to 0 within the 1.1 seconds. The entire experiment was

repeated for 5 KHz, 5 MHz and 5 GIlz sinusoids. The results in Appendix A show the

same adaption behavior but scaled by time. This result indicated that the discrete

LMS loop contains no frequency dependent components. Whenever this LMS loop

was used in a circuit, there was no reason not to operate at lower frequencies since

the results can be translated to higher frequencies.

The next step in testing involved varying the convergence factor P. Decreasing

the convergence factor should lead to a smoother convergence of the weight while

actual convergence takes longer. In the first test, it was reduced for 0.1 to 0.05. As

Figures (53), (54), and (55) show, convergence time did increase to approximately

2.5 seconds. However, the convergence was smoother. The convergence factor was

then increased to 0.5. The weight value did converge faster as shown in Figure (58).

Convergence took approximately 0.4 seconds versus 1.1 seconds when it was set to

51



0.1 and 2.5 seconds -,ith p set to 0.05. However, there was a 0.1 overshoot which

represents 20 percent of the weights final value. Increasing the convergence factor

does increase the speed of convergence but at the price of overshoot. This type of

behavior is exactly what is to be expected for an LMS loop. For a similar circuit.

Compton shows weight convergence in approximately 100 samples with P set at 0.1

(-4:7l). Table (1) shows a sampling rate of 100 samples per second and it set to 0.1.

For convergence in 1.1 seconds shown in Figure (40), 110 samples were taken. The

same page showed convergence in 35 samples when i was increased to 0.5. Figure

(58) shows convergence in 40 samples when sampling at 100 samples per second. In

both cases, the simulation produced by BOSS agreed closely with Compton's results.

For stability, the value of it should obey the following equation (9:50):

0 < i < 1/A (53)

where A is the sum of the eigenvalues in the R matrix in Eq (11). For the case of the

5 Hz sinusoid with an amplitude of 1, ,p must be less than 1. As more sources are

a,ided to the circuit, the power into the circuit increases and P must be decreased.

For all the testing at various frequencies and values of the convergence factors,

the BOSS implementation of the discrete [MS loop adapted to the produce the

desired output. The implementation of the loop and testing through simulation

were easier than if the experiments has been programmed in a high order computer

language.

4.2 Analog LMS Algorithm Tests

The BOSS discrete LMS loop in Figure (29) was replaced with the BOSS

analog LMS loop in Figure (11). The resulting circuit is shown in Figure (30).

The results for the BOSS analog test circuit were exactly the same as the BOSS

discrete test circuit. Convergence times, outputs, and weight values performed in
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Figure 30. BOSS Analog LMS Test Circuit

exactly the same fashion as the discrete circuit. Therefore, it was arbitrarily decided

to only use the discrete loop for further testing. Testing both the analog and discrete

circuits was redundant.

4.3 Two Element Array Testing

With the BOSS LMS circuit tested, the next step was construction of a two

element array system. The LMS loop in Figure (12) along with the two element

array in Figure (19) were combined with other BOSS modules to form the system in

Figure (31).

The top sinusoid input on the left side acts as the transmitter the system is

trying to receive. The sinusoid near the upper right part of the system represents

the desired signal. The sinusoid on the system's left acts as a tone jammer. The

Gaussian random generator acts as a noise source. The two mui -stage delays are

used in the system to provide the 90 degrees of phase shift needed to form the

quadrature component of the loop inputs. The modules labeled SINK are used as a

monitoring point for the weight values during simulation.
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Figure 31. BOSS Two Element Array LS System

The two element array LMS system was first tested with a 5 Hz sinusoid as

thle transmitter and the desired signal. The transmitter is broadside to the array.

The parameters for this simulation are in Table (7) in Appendix A. The parameter

labeled DT is the time between samples. In order to meet the Nyquist criterion of

having the sampling frequency at least twice the highest frequency in the circuit,

DT can be as great as 0.1 seconds for the 5 Hz input. thowever, with 0.1 seconds

between samples, 2.5 samples must be used to provide the 90 degrees of phase shift

for the quadrature weights. The number of samples to delay in the multi-stage delays

must be an intege- numbei'. To achieve any int,-ger degree phase shift, the sampling

frequency must be higher (that is, DT must be smaller). By raising the sampling

frequency to 1800 Hz (DT lowered to 5.55E - 4), each sample delay represents one

degree of phase delay. To get 90 degrees of phase delay, the multi-stage delay was set

to 90 samples. As can be seen in the output, error, and wveight plots in Figures (59),

(60), and (61), the system converged in 0.5 seconds. Since the input signal arrives at

each array element with no relative phase shift, the inphase elements should track

the signal with the quadrature elements going to 0. This is exactly what happened.
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The gain in the direction of the source was 1 with each element providing 1/2 of the

output. The convergence time of 0.5 seconds, 'or 900 samples), again agrees within

.5 percent of the convergence time of a two element system by Compton which used

the LMS algorithm (4:71).

The source was then moved to 30 degrees relative to broadside of the arrarv.

Again a 5 Ilz sinusoid was used as the input and desired signal in an attempt to

adjust the phase of the array elements to "point" toward the source. The parameters

for the simulation are in Table (8) in Appendix A. According to Eq (52), the input

signal should be advanced 90 degrees at the second element. The numerical gain of

the array behaves as a function of 6 in the following equation:

Gain = [uWi, + ,,, 2 co.s(rsinO) + wQ2sir(7rszn0)]2

+ [wQ1 + wQ2cos(rsinO) - wUsin(7rsinO)]2  (55)

where wi, and WQn are the inphase and quadrature weight values from Figure (62)

in Appendix A. Putting these weight values into Eq (55) produces a maxinmum

gain of I at 30 degrees. The LMS algorithm adjusted the weights until the output

signal matched the desired signal producing a gain factor of 1 at 30 degrees. This

simulation was duplicated many times while moving the source to different angles

with respect to the array and varying the input signals amplitude. In every ca:se. the

LMS loops adapted to provide the correct gain in the appropriate direction. Moving

the source affected the convergence time depending on how much phase adjustment

of the weights was necessary. If the initial conditions of the weights (the inphase and

quadrature components were always preset to 1), matched the amount of phase shift

required at the end of adaptation, convergence time was almost zero. However, if the

weights have to swing through 90 degrees of phase shift convergence time inlcreased.

The final test of the two element array system involved including a tone jam-

mer. The jammer was simply a sinusoid at the same 5 Hz frequency as the desired
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source. A phase shift was provided for the jammer in the same manner as it wa>

for the source in the previous experiment - by providing a delay in the signal at the

second array element to simulate the phase shift between elements. The source was

placed at 0 degrees and the jammer at 30 degrees relative to the array. The parame-

ters for the simulation are contained in Table (9). During the first several simulations

with this configuration, the array was steered toward the jammer. Since the jammer

is a 5 Htz sinusoidal signal just like the desired signai, there is correlation between the

Jammer and the desired signal. As mentioned in Chapter 2, the interference source

should not be correlated with the desired signal if the array is to reject the jammer.

Since there is correlation between the jammer and the desired signal. it was decided

to delay the jammer signal several seconds and have the weights --trained" in the

direction of the source. This was accomplished by putting a multi-stage delay at the

jammer output and having the number of samples as a simulation parameter. Since

there was an overall increase in power entering the array, the convergence factor hau

to be reduced from 0.1 to 0.005 to prevent divergence of the error and output signals.

The plots of the array output and error show a slower convergence toward a zero

error. Using Eq (.55) and the weight values from the plots with the jammer, the two

element array only achieved approximately a 3 dB suppresion of the jammer signal

relative to the desired input. The 3 dB figure was computed by first using the weight

values when the source was placed at 0 degrees with no jammer and computing the

gain at 0 and 15 degrees using Eq (55). Multiplying these numbers by the amplitude

of the sinusoids at 0 and 15 degrees provides an unadapted signal to jammer ratio.

The process was repeated with the weigLc values after adaptation to provide the :3

dB figure. This number agrees exactly with the suppression obtained with a two

element array simulated by Compton (4:37).
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4.4 Four Element Array Testing

With the two element array testing completed, a foir element system was

implemented with modules for the four element array in Chapter 2. The approach

was similar to that for a two element array system. Eight LMS loops were connected

to the four element array, the loop outpuLs summed to form the totai aray OlUt,

the total array output subtracted from teli desired signal to form the error, and the

error fed back to each loop. The resulting circuit is in Figure (32). The ability to

Figure 32. BOSS Four Element Array LMS System

delay the incoming signal, jammer, and noise any number of samples really allows for

arbitrary phase shifts between array elements. This capability permits any geometry
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or spacing to be simulated between array elements. A square geometry was chosell

with the sides of the square half a wavelength long. If the upper left corner of tile

square contains the reference element. upper right corner element has a 7rsinOd phase

shift compared to reference element, the lower left element experiences a -- ,, co.4

phase shift, and the lower right element has a lrsinOd - 7rcosOd phase shift compared

to the reference element.

With the source at 0 degrees, Figure (68) shows the weights converging in

approximately 0.5 seconds. In the figure, 11, 12, 13, 14 are the inphase weights while

Q1, Q2, Q3, Q4 are the quadrature weights. Expanding Eq (55) to include the

additional weights, the values for the weights in Figure (68) produce a gain of I at 0

degrees. With the source at 30 degrees, the weights converged to the values in Figure

(69). These values produce a gain of 1 at 30 degrees. Adding a jammer to the system

produced the most interesting results. A multi-stage delay was again needed to allow

the weights to first converge on the desired source before adapting in an attempt

to reject the jammer. The weights in this simulation took almost seven seconds to

converge to their final values shown in Figure (72). These weight values produced

19.5 dB improvement in signal to noise ratio. In a similar experiment, Widrow used

a twelve element array with multiple jammer sources. This arrangement produced

-26 to -38 dB sensitivity in the jammer direction relative to the source direction

(10:2154). In this thesis, the jammer power was only 19 dB more than the source.

The array sensitivity in the jammer direction compared to the signal direction was

exactly the 19 db figure. Even though Widrow achieved more suppression. the

interference sources had more power.

41.5 Complex LMS Algorithm Testing

A complex LMS test circuit was implemented using the complex LMS loop

module. BOSS provides a complex tone generator module in its ANALOG SOURCES

section and this tone generator was used as the input to the LMS loop. The ampli-
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tude of the desired signal was produced by passing the input through a gain module

where the gain was a simulation time parameter. The desired signal phase was

formed by multiplying the input signal by a complex exponential. The complex ex-

ponential phase was constant provided by a constant generator which had a value

set as a parameter at simulation time. Multiplying the input by the weight value.

forming the error, and providing feedback were accomplished in a fashion similar to

previous test circuits. The complex LNIS test circuit is shown in Figure (33).

~L

Figure 33. BOSS Complex LMS Test Circui[

Figures (76) and (77) show the real and imaginary components of the complex

weight adapting to 0.5 and 0.0 when the input signal was multiplied by 0.5 with

no phase shift to form the desired signal. When 30 degrees of phase were added to

the input, the real component of the weight adapted to 0.433 while the imaginary

component adapted to 0.25. This produced a 30 degree phase shift of the input and

a reduction of the inputs magnitude of 0.5. The complex weight adaption is shown

in Figures (78) and (79). The complex test circuit showed that the complex LMS

loop implementeu in Figure( 13) adapted to simple inputs where the amplitude and

phase of the desired signal were not the same as the input.
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4.6 Complex Four Element Array Testing

A four element array system capable of handling complex signal was imple-

mented using the array section described in Chapter 3. The array inputs were two

complex tones, one acting as the transmitter and the other as a tone jammer, and

complex white noise. All three sources are available in BOSS's ANALOG SOURCES

section. After both complex tones, a gain module was added to provide attenuation

of the input and jammer signals. Each of the array's four outpuls were fed into

a complex LMS loop and then multiplied by the loop's output which is a complex

weight. The weighted array outputs were all summed to form the adapted array

output. An error signal was again formed by subtracting a desired complex tone

from the adapted array output. The error was then fed back to each complex LMS

loop. The resulting circuit is shown in Figure (34).

Figure 34. BOSS Complex LMS Test Circuit

Three simulations were performed. Just as in the past, the source as positioned

as 0 degrees and then 30 degrees for the first two simulations. The final test was
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with the source at 0 degrees and a jammer at 30 degrees. Each simulation results

along with a tabIc for the parameters of each similation are in Appendix A. During

each simulation, probes were placed at the input to the array, at the weighted array

output, at the error signal, and at each complex weight. Plots are shown for the

magnitude of the output and errors along with the real and complex components of

the weights. As can be seen in Figures (80), (81), and (82), the complex weights in

this system adapt until the output matches the desired signal. The desired signal was

a complex tone at 5 Hz with no phase shift for this simulation. Using an expanded

form of Eq (55), the weights put gain of 1 in the source's direction. Placing the

source at 30 degrees caused the weights to adapt to place a gain of I at 30 degrees.

The plots for the error, output, and weights are shown in Figures (83), (84), and

(85). The weights converged in approximately 0.3 seconds for both simulations. Even

though this is a four element system, the convergence time is within ten percent of

Compton's two element system (4:71).

A tone jammer operating at .5 Hz was added for the last simulation of this

system. The jammer was placed at 30 degrees clockwise referenced to the upper

left array element. The weights again adapted to produce an output which is a

reproduction of the desired signal. However, the weights took almost 1 second to

adapt because the convergence factor had to be reduced when the power increased

at the array input. The signal to noise ratio was improved by 19 dB just as it had

for the four element real system.

4.7 Applebaum Algorithm Testing

The BOSS Applebaum loop implementation shown in Figure (14) was tested

using a sidelobe canceller circuit suggested by Gabriel (5:242). The test arrangement

is shown in Figure (35).

A complex tone source is added to a complex white -oise source to form the

block labeled Source + Noise. This block's output acts as a tone jammer with noise.
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Figure 35. BOSS Applebaum Test Circuit

Each channel also has uncorrelated complex white noise added to simulate channel

noise. The output of the top channel signal is added to the bottom channel output

to form the sidelobe canceller output. The bottom channel input is multiplied by the

complex weight formed by the block labeled Complex Applebaum Loop. The array

output and the tk component are fed into the loop along with the bottom channel

input. All input signals are lowpass filtered to simulate the passband of a receiver.

The loop lowpass cutoff frequency was computed by the following formula (5:245)

10 ro - .Bc1 +p + P,)(56)

where ro is the time constant of the loop lowpass filter, Bc is the cutoff frequency of

the input lowpass filters, pi is the convergence factor, and P, is the ratio of interference

power to receiver channel noise power.

For the first test of this circuit, a tone jammer 20 dB3 above the channel noise

was placed at 10 degrees relative to broadside of the array. The steering vector, tk,
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was set to a desired look direction of zero degrees. The input cutoff frequency was set

to 5 MHz and the loop lowpass frequency set to 15.4 KIz. Using these numbers, the

complex weight shoild adapt to an optimal value of 0.96e 148° (5:246). Figures (89)

and (90) in Appendix A show the complex weight converging to the ideal value before

diverging. The input magnitude spectrum in Figure (91) of Appendix A shows an

input jammer at 50 lz with 20 dB of power. The output spectrum shown in Figure

(92) shows a 16 dB decrease in power at 50 Hz. Putting the weight value in Eq (55)

produces the array plot in Figure (93). This plot shows a 16 dB null at the 10 degree

point. However, the weight did not remain at this point and continued to diverge.

Different values of the loop lowpass frequency along with varying values of p were

used in an attempt to keep the weight from diverging. There is possibly a problem

with the BOSS implementation of the Butterworth lowpass filter that accounts for

the weight divergence.

In an attempt to correct the weight divergence, a discrete implementation of

the Applebaum loop suggested by Griffiths was implemented. The weights in this

implementation are updated according to the following equation (6:1696)

w(n + 1) = w,(n) + yjt; - ;yx*(n)s(n) (57)

where w,(n + 1) and wi(n) are the next iteration and current iteration weight values,

pu is the usual convergence factor, t7 is the complex conjugate of the steering vector

for the ith array element, x*(n) is the complex conjugate of the ith input, s(n) is the

summed array output and -y is a constant set according to

2
0 < -I < (58)

Pm

This loop was implemented in BOSS and substituted for the Complex Applebaum

Loop in Figure (35). A simulation was again performed with a jammer located at

10 degrees relative to broadside to the array. The parameters for the simulation are
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in Table (18). The weight converged to a value of 1.0 with a phase of 148 degrees

as shown in Figures (94) and (95). The magnitude spectrum for the input shown in

Figure (96) has a 20 dB jammer located at 50 Hz. The output spectrum in Figure

(97) shows the total elimination of this jammer. Again using Eq (55), the array

gain plot is shown in Figure (98). There is a 21 dB mill at 10 degrees which is

the location of the jammer. The theoretical value from Gabriel (5:246) produces an

infinitely deep null at 10 degrees. But as Compton mentions, the nulls are only as

deep as the jammer power (4:38). The simulation results for the discrete Applebaum

loop match exactly the theoretical predications. With a working loop tested, the next

step was using the loop in the four element array.

4.8 Complex Four Element Array with Applebaum Loops

The Applebaum loop was used with the four element array similar to Figure

(34). The LMS loops were replaced with Applebaum loops. The steering vector

components for each loop were formed with complex exponentials being multiplied

by constant gain factors. The array's output is fed back to each loop instead of an

error signal. The resulting circuit is shown in Figure (36).

The first test of this system placed a jammer at 15 degrees with the array

elements arranged as a linear array rather than the square geometry used with the

LMS loops. The steering vector was set for 0 degrees. The jammer power was 20 dB.

Table (19) in Appendix A shows the parameters used for this simulation. The input

and output spectruma in. Figures (99) and (100) again show a 20 dB jammer at 5)

H[z before adaptation and the elimination of the jammer after adaptation. Using the

weight values from this simulation in an expanded from of Eq (55), shows a 20 dB

null at 15 degrees. This matches exactly the theoretical prediction.

The -eco-, fe-t of thiQ Rytem involved placing a second jammer at -30 degrees

relative to broadside of the linear array. A 0 degree steering vector was again u.sed

with the parameters for the simulation shown in Table (20). The input spectrum
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Figure 36. Four Element Array with Applebaum Loops
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shows a total power of 80 dB. In fact, the power at the array is only 40 dB. This

difference comes from looking at the input before being processed by the four element

array module instead of after processing by this module. Since both jammers are

operating at 50 Hz and in phase, the amount of power appears doubled when in

actuality it is not. The output spectrum in Figure (102) shows no jammer power at

50 Hz after adaptation. Again, the jammers have been totally eliminated.

4.9 Summary

The LMS algorithm implementation in 13OSS was successfully tested in a test

circuit, two element array, and four element array. The complex LMS algorithm im-

plementation in BOSS was also successfully tested in a test circuit and four element

complex array. The Applebaum analog algorithm implementation in BOSS started

to converge to correct weight values but constantly had problems with weight diver-

gence. After implementing the Applebaum algorithm in discrete form, simulation

results closely matched theoretical predictions.
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V. Conclusioas and Recommendations

5. 1 Conclusions

The original objective of this thesis was investigating adaptive array implemen-

tion in the Block Oriented Systems Simulator. Two different algorithms together

with two different arrays were imphmented in BOSS. The LMS and Appiebaum

algorithms were chosen and along with arrays of two and four elements. Once im-

plemented, simultions were performed to compare simulation results to theoretical

predictions. The modules implementing the algorithms were built in a fashion where

they could be removed and replaced in the array systems.

The LMS algorithm proved the more successful of the two. This study showed

the LMS a:gorithm could be implemented in BOSS using both the algorithm's real

and compl2x form. Arrays with simple isotropic elements can be modeled in BOSS

using time delays for phase shifts. For complex systems, complex exponential mul-

tiplers were used for phase shifts within the array. Putting the LMS modules into

test circuits and arrays led to successful simulations that compared favorably with

theoretical predictions. Array gain was steered toward sources by weight adaption

and multiplication of individual element outputs. When a jammer was put in the

system, the weights again adapted to produce outputs that were replicas of a de-

sired signal while improving signal t, noise ratios. Si,-"ilation convergence times

agreed closely with cther simulations in the literature. Null depths closely matched

theoretical predictions and other simulation studies results.

The Applebaum algorithm BOSS implementation met with slightly less suc-

cess. The ana!og implementation of the loop experienced problems with weight

divergence. The weights would initially converge to theoretical values but eventually

diverge. There could be some type of problem with how the Butterworth lowpass

filter is implemented. The discrete implementation of this algorithm performed ex-

actly according to theoretical predictions. When used in a sidelobe canceller circuit,
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the actual weight phase and magnitude converged to theoretical values with null

depths matching jammer signal powers. If a 20 dB jammer was placed at 15 degrees.

a 20 db null was placed at 15 degrees after weight adaptation. When the discrete

algorithm was used with a four element linear array, two jammers were nulled out

with null depths matchivg jammer power.

Considering the objective of studying the feasability of implementing adaptive

arrays in BOSS, this effort met with success. BOSS provides the necessary modules

to theoretically implement most adaptive arrays. If a needed module does not exist

in the BOSS library, the module can be implemented in FORTRAN and imported

to BOSS. The BOSS simulation environment provides the necessary to tools to sim-

ulate arrays and adaptive algorithms. The amount of effort needed to perform the

simulations was greatly ;educed during this study by being able to implement needed

sections in a block fashion.

5.2 Recommendations

The first recommendation concerns types of waveforms. This study used fairly

simple sinusoids as the desired and jammer signals. In realistic circuits, more complex

sources are used. Furher simulations using possibly spread spectrum signals with

tone jamme:s would provide more realistic results and have application to existing

systems. The arrays and signal processing done in the adaptive loops could also be

used as the front end of a radio type receiver.

The second recommendation involves changing the array elements. Replacing

the isotropic elements with dipoles would be a next logical step in modeling arrays.

The changes to the arrays would not be tremendous since dipoles are well modeled

mathematically. And almost any ehtity that can be expressed mathematically can

be implemented in BOSS.

The last recommendation involves the use ,)f wideband jammers. With single

t;p LMS filters, wide band signals cannot be rejected. Py placing LMS loops in
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sequence to form transversal filters at each element output, wide band interference

should be rejected (8:62).
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Appendix A. Appendix A - Simulation Outpiits

This appendix contains all the outputs from simulations run as a part of this

hesis effort. Each section contains input and output plots for a particular B3OSS
circuit. The inputs aro generally time ploLs of DC or sinusoidal signal.s while the

output plots are time histories of weights and array output signals along with array

gain patterns.

.. LJIS Te st Circuit Plots

The first test was run with the parameters in Table (1) using the circuit in

Figure (29). Using a 5 Hertz sinusoid as the input to the circuit produced the

output. error aiid weight plots along with the input plot shown in Figures (37). (38).

(39),and (40).

Level

I,,, I ,

-1,0 .

7 '. r . . I '' I ..
0,0 0.5 1.0 1,5 2.0

Time (Sec.)

Figure 37. LNMS Test Circuit .5 lz Input with it = . 1
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STOP-TIME = 10,0
D T = 1 ,0 E-2
DESIRED AMPLITUDE = '0.5
SINUSOIDAL FREQUENCY (HZ.) = 5
SINUSOIDAL PHASE (RADS.~) 0...,
SINUSOIDAL AMPLITUDE 1.I
CONUERGENCE FACTOR =0. 1

Table 1. L.MS Test Circuit Parameters with p 0.1 (5 Ilz Input)

Level

0.0 0.5 1.0 152.0

Timee (Sec.)

Figure 38. LMS Test Circuit 5 Ilz Output with p -0.I
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Level

o.2

o., I.

-0 2

-0.3
-0.4

0.0 0.5 1.0 1.5 2.0

Time (Sec.)

Figure 39. LMS Test Circiiit Error with u 0.1 (5 Iz Input)

Level

,0 9

0.8

0. 7

0. 6
.-

0.5 ___. . . ._ _____. . . . ___ ___.. . . _ ____ ____

0.0 0.5 1.0 1,5

Time (Sec.)

Figure 40. LMS Test Circuit Weight with 1L = 0.1 (, iiz Input)
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The following four figures used the same LMS circuit in Figure (29) but the

input frequency was changed to 5 Kflz. Table (2) reflects the parameters used for

the 5 KHz simulation.

Level

1.0 /% 1 AI

-1.0 __,J __I

000 O,5 1.0 1.5 2.0

Time (Sec.) X 10*-3

Figure 41. LMS Test Circuit 5 KHz Input with u = 0.1
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STOP-TIME =
DT = 1.Ce-5
DESIRED AMPLITUDE = 0.5

SINUSOIDAL FREQUENCY (HZ.) =
SINUSOIDAL PHASE (RADS.) =
SINUSOIDAL AMPLITUDE = 1. 0
CONUERGENCE FACTOR = 1

'Fable 2. LMS Test Circuit Parameters with p 0.1 (5 Itz Input)

Level

0.,. 5 1 "1J '"!

- . II

v i, Y V

0.0 05 1. : 2.0 :

Time (Sec.) X i0O*-3

Figu-e 42. LMS Test Circuit 5 Khz Desired Signal wit h p O.1
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Level

. I

-0.1 1
-0,2

-0.3

0.0 0.5 1.0 1.5 20

Time (Sec.) X 10*-3

Figure 43. LMS Test Circuit Error with y = 0.1 (5 ItIz Input)

Level

0 9

018

0.7

0.6

0.5

0.0 0.5 1,0 1.5 2.0

Time (Sec.) X 10*-3

Figure 44. LMS Test Circuit Weight with a = 0.1 (5 KHz Input)
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Again, the LMS test circuit was used with an input frequency of 5 MHz. The

next four figures show the input, desired, error, and weight signal produced by the

simulation. Table (3) reflects the parameters used for the 5 MHz simulation.

Level

o,5 I \

-jO ' ....

0.0 0.5 1.0 1.5 2.0

Time (Sec.) X 10**-6

Figure 45. LMS Test Circuit 5 MHz Input with ps = 0.1
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flenu

STOP-TIME = 1.0e-.5
OT =1.0e-8
DESIRED AMPLITUDE = 0.5
SINUSOIDAL FREQUENCY (Hz.) 5,=)00_
SINUSOIDAL PHASE (RADS.) =0.0'
SINUSOIDAL AMPLITUDE = 1r.
CONIJERGENCE FACTOR = 0. 1

'Fable 3. LMIS Test Circuit Parameters with /1- 0.1 (.5 Nl1lZ In1put)

Level

0.13'

-0.3 ?~

-0 15 - _ _ _ _ _ _ _ _ __ _ _ _ _ _ _ _ _ _ __ _ _ _ _ _ _ _ _ _

0.0 0.5 1.0 1.5 2o

Time (Sec.) X 1**-~6

Figure 46. LNMS Test Circuit 5 %[Hz Desired Signal with u = 0.1
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Level

0.20O, 1 . /'

0 .1

0.0
-0. 1
-0.2

-0,3

-0.4

0.0 0.5 1,0 1.5 2.0

Time (Sec.) X 10*-6

Figure 47. LMS Test Circuit Error with y 0.1 // (5 MHz Input)

Level

1,0-

0.9-

0,8

0.7-

0.6-

0.5

0.0 0.6 1.0 1.5 2.0

Time (Sec.) X iO*'-6

Figure 48. LMS Test Circuit Weight with y = 0.1 // (5 MHz Input)
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To further test the circuit, the input frequency was changed to 5 GHz. It was

necessary to find any frequency dependencies in the circuit that might occur as a

result of BOSS or digital simulations in general. The circuit itself is composed of

simple adders, multipliers, and delays. There were no frequency dependent compo-

nents designed in the system. If there are no frequency dependencies, there is no

reason to not perform these simulations at 5 Hz if the results are directly translatable

to 5 MHz or 5 GHz. The parameters used for the simulation at 5 GIIz are in Table

_(4). The convergence factor p was again set to 0.1. The results are shown in the

next four figures.

Level

III I 1 It

- 1 . 0 . I' I

0 0 0,5 1,0 1,5 2, 0

Time 
(Sec.) 

X 10**-9

Figure 49. LMS Test Circuit 5 GHz Input with p = 0.1

79



STOP-TIME = 1,0e-8

OT = 1.0e-1l

DESIRED AMPLITUDE = 0.5

SINUSOIDAL FREQUENCY (HZ.) = 5r100000000I:
SINUSOIDAL PHASE (RADS.) = 0.0

SINUSOIDAL AMPLITUDE 1 10

CONUERGENCE FACTOR 0 ,1 I

Fable 4. L.NS Test Circuit Parameters with a 0.1 (5 (,Ilz iput)

Level

V ,_+ 3 I / /, / /, ,
- 0.15 , 5 " '0I' IJ S I 

I " 7
0.0 0.5 1,0 1.5 2.0

Time (Sec.) X 10*-9

Figure 50. LMS Test Circuit 5 GlIz Desired Signal with p = 0.1
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Level

0,2

0.1 /"\_

-0
-0 .3

0,0 0.5 1.0 1.5 2.0

Time (Sec.) X 10*-9

Figure 51. LMS Test Circuit Error with 1t = 0.1 (5 GIlz Inpit)

Level

0.9-

0.8

0. 7

0.6

0.5 _

0,0 0.5 1.0 1.5 2.0

Time (Sec.) X 10*-9

Figure 52. LMS Test Circuit Weight with pi 0.1 (5 QHz Input)
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The convergence factor, i, was varied during the next section to obser.e the

effect it had on the circuit. As can be seen in Table (5), tie ccnvergenice factor was

reduced to 0.05. The output, error, and weight signals are shown in the next three

figures for the 5 1Hz input shown in Figure (37).

Level

J CI

' I r*I , ,A, I, ' , / i, ' ;
I I "1 f" (" i-

II II TI I

-/)/ ,. I. " i '.1 , " U

1.2 1 5 . ,D

Time (Sec.)

Figure 53. LMS Test Circuit 5 I1z Output with it = 0.05
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STOP-TIIE =1o:, 0

DESIRED AMPLITUDE = 0.5
SI1NUSOIDAL FREQUENCY (HZ.) = S
SINUSOIDAL PHASE (RADS.) = '2.0
SINUSOIDAL AMPLITUDE 1 .0U

CONUERGENCE FACTOR 5.0E-2

Table .5. LMIS Test Circuit Parameters with i 0.05 (5 i 11',. fit)

Level

-0.2

j: j
0,0 0.5 1,0 1.5 2. 0

Time (Sec.)

Figure 54. LNNS Test Circuit Error with it =0.03 (5 liz Input)
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Level

1.0 -

0. 9

0.8-

0. 7

0. 5 I T

0.0 0.5 110 1.5 2.0

Time (Sec.)

Figure 55. LMS Test Circuit Weight with it 0.05 (5 Hz Input)
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The next series of figures show the results of Increasing the <'ovwrgeice factor

to 0.5. As the convergence factor increased, the time of convergence decreased. Fable

(6) contains the parameters used for the simulation with p set to 0.5.

STOP-TIME = 10.0
OT = 1,OE-2
DESIRED AMPLITUDE = 0.5
SINUSOIDAL FREQUENCY (HZ.) = 5
SINUSOIDAL PHASE (RADS.) = 0.0
SINUSOIDAL AMPLITUDE = ,C'
CONUERGENCE FACTOR 0 0,.5

Table ('. LMS Test Circuit Parameters with/u = 0.5 (5 llz Input)
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Level

0 7

0 1 ,, I /I ,,"\' "0 l. ,5
-0,1

-0.5__"_"_'_"

0.0 0.5 1.0 1.5 2.0

Time (Sec.)

Figure 56. LMS Test Circuit 5 Iz Output with u = 0.5

Level

0.0

-0. 1

-0,2

-0.3

-. I 3

0.0 0.5 1.0 1.5 2.0

Time (Sec.)

Figure 57. LMS Test Circuit Error with u = 0.5 (5 Hz Input)
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Level

1.0

0.9

0. 8

0,7
o,6
0.56

0.0 0,5 1.0 1.5 2,0

Time (Sec.)

Figure 58. LMS Test Circuit Weight with a = 0.5 (5 Hz Input)
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.4.2 Two Element Array Simulatzon Results

The following table and three figures are for the first simulation using the

two element array system in Figure (31). There was one transmitter with the tone

jai-mer amplitude reduced to near zero. The noise source's power was also reduced

to near zero. The transmitter was placed broadside to the array so there was no

relative phase shift between elements.

STOP-TIME z 10.0

OT = 5.555556E-4
PHASE SHIFT FOR JAMMER = I
NOISE PHASE SHIFT = 1
SAMPLES TO DELAY INPUT = I
NOISE JAMMER POWER = 1,Oe-14
JAMMER FREQUENCY = 5
JAMMER PHASE = 0.0
JAMMER AMPLITUDE a 1,0e-14

INPUT AMPLITUDE : I
1/4F0 = 90
CONUERGENCE FACTOR = 5.0E-3

Table 7. Parameters for Two Element Array with Source at 0 Degrees
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Level

A

1.5

,), 0
-0,5 .

0.0 0.5 1.0 1.5 2.0

Time (Sec.)

Figure 59. Two Element Array Output with Source at 0 Degrees

Level

0.5

0.0
-0.5-

-1.0-

0.0 0.5 1.0 1.5 2.0

Time (Sec.)

Figure 60. Two Element Array Error with Source at 0 Degrees
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0,,I

0.5.-

Weight 12

0.3

0.1
'1-

Weight Q1

Weight Q2

-0. 1 . .I . . . I * . jI . . . I . . . I U

0.0 0.5 1.0 1,5 2.0 2.5

Time (Sec.)

Figure 61. Two Element Array Weights with Source at 0 Degrees
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I .
The next simulation involved a source at 30 degrees relat ve to t array. The

simulation parameters are in Table (8). The jammer and noise powers were again

kept near zero. The plots for the output and error signals were very similar to Figures

(59) and (60) and are not duplicated here. Only the weight plot is shown.

STOP-TIME = 10.0
OT = 5.555556E-4
PHASE SHIFT FOR JAMMER = I
NOISE PHASE SHIFT = I
SAMPLES TO DELAY INPUT = 90
NOISE JAMMER POWER = 1.0e-14
JAMMER FREQUENCY = 5
JAMMER PHASE = 0.0
JAMMER AMPLITUDE = 1.0e-14
INPUT AMPLITUDE I 1
1/4F0 = 90
CONUERGENCE FACTOR = 5-0E-3

Table 8. Parameters for Two Element Array with Source at 30 Degrees
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1.3( Lei~ht Il 1.376

1.31

0.7

0.5

-,,- - Weight Q2 =0.376

0.3

0.1 -

Weight Q1 =Weight 12 0.0

0.0 0.5 1.0 1.5 2.0 2.5

Time. (sec.)

Figure 62. Two Element Array Weights with Source at 30 Degrees
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The final test of the two element array LMS system involved inclusion uf a

jammer. The jammer amplitude and phase along with the other sinulation param-

eters are shown in Table (9). Also included here are the plots for the output and

error signals as well as the weights.

SlOP-TIME 10.0
OT = 5.555555E-4
SAMPLES TO DELAY JAMMER - 200
PHASE SHIFT FOR JAMMER = 90

NOISE PHASE SHIFT a I
SAMPLES TO DELAY INPUT = I
NOISE JAMMER POWER = 1.0e-14
JAMMER FREQUENCY = 5.0
JAMMER PHASE = 0.0
JAMMER AMPLITUDE - 5
INPUT AMPLITUDE = 1
1/4F0 a 90
CONUERGENCE FACTOR - 5.OE-3

Table 9. Parameters for Two Element Array with Source at 0 Degrees and Jammer
at 30 degrees
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Level

0 .0

2 0 ' I

-, 5 j V

.

.I I I I I I
0.0 0.5 , 0 i.5

Time (Sec.)

Figure g3. Two Element Array Output with Source at 0 Degrees and Jammer at
30 Degrees

Level

jo)

0.5

0. 0 .

-0.5

0. 1 0 0

Time (Sec.)

Figure 64. Two Element Array Error with Source at 0 Degrees and Jammer at 30
Degrees
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0.5

0.0

59

~V051

0.0 0.5 1.0 1.5 2.0 2.5 3.0

Time (Sec.)

Figure 65. Two Element Array Weights with Source at 0 Degrees and Jammer at
30 Degrees 9



.4.3 Four Element Array Simulation Results

The simulation steps for the four element array system were the same as for

the two element system. The system used a square geometry with the array elements

spaced half a wavelength apart. The source was originally placed at 0 degrees with

reference to two of the elements, moved to 30 degrees, and returned to 0 degrees

wh,.n a jammer as added at 30 degrees. The parameter listings and plots for the

output, error, and weight signals are contained in the following three tables and

seven figures.

FOU LM LOOS-ES I W/SREA 0DGE

STOP-TIME = 10.0
DT = 5.555556E-4
DESIRED FREQ (HZ) = 5.0
DESIRED PHASE (RADS) = 0.0
DESIRED AMPLITUDE - 1.0
1/4F0 = 90
CONUERGENCE FACTOR = 5.0E-3
SIGNAL DELAY FOR ELEMENT 2 = 1
SIGNAL DELAY FOR ELEMENT 3 = 180
SIGNAL DELAY FOR ELEMENT 4 z 180
JAMMER DELAY FOR ELEMENT 4 = 180
JAMMER DELAY FOR ELEMENT 3 = 180
JAMMER DELAY FOR ELEMENT 2 z I
NOISE DELAY FOR ELEMENT 4 = 180
NOISE DELAY FOR ELEMENT 3 z 180
NOISE DELAY FOR ELEMENT 2 = 1
NOISE POWER a 1.Oe-14
JAMMER FREQ (HZ) a 5.0
JAMMER AMPLITUDE z 1.0e-14
INPUT SIGNAL FREQ (HZ) = 5,0
INPUT SIGNAL AMPLITUDE a 1.0

Table 10. Parameters for Four Element Airay with Source at 0 Degrees
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Level

2.0 I

0.5 \ \f
0.0 0.5 1,0 1.5 2.0

Time (Sec.)

Figure 66. Four Element Array Output with Source at 0 Degrees

Level

0,0

-0.5

-1.0

0,0 05 1.0 1.5 2.0

Time (Sec.)

Figure 67. Four Element Array Error with Source at 0 Degrees
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Figure 68. Four Element Array Weights with Source at 0 Degrees
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F I I II A 3 D

STOP-TIME = 10.0
DT = 5.555556E-4

DESIRED FREQ (HZ) - 5.0

DESIRED PHASE (RADS) = 0.0
DESIRED AMPLITUDE = 1.0
1/4F0 = 90

CONUERGENCE FACTOR = 50E-3

SIGNAL DELAY FOR ELEMENT 2 = 270
SIGNAL DELAY FOR ELEMENT 3 = 156

SIGNAL DELAY FOR ELEMENT 4 = 66
JAMMER DELAY FOR ELEMENT 4 = 66

JAMMER DELAY FOR ELEMENT 3 = 156

JAMMER DELAY FOR ELEMENT 2 = 270

NOISE DELAY FOR ELEMENT 4 = 180

NOISE DELAY FOR ELEMENT 3 = 180

NOISE DELAY FOR ELEMENT 2 = 1

NOISE POWER = 1.0e-14
JAMMER FREQ (HZ) = 5,0
JAMMER AMPLITUDE = 1,0e-14

INPUT SIGNAL FREQ (HZ) = 5.0
INPUT SIGNAL AMPLITUDE = 1.0

Table 11. Parameters for Four Element Array with Source at 30 Degrees
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1. 0
[ , I

0.8 : * Q2 0. 7860.8-

12 0.686

I; Q3 0.666
0.6
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0.4-
0 4 i:[iiQ1 : 0. 426

0.2

0.0-

0.0 015 1.0 1.5 2.0 2.5

Time (Sec.)

Figure 69. Four Element Array Weights with Source at 30 Degrees
100

:==Mim



IUR LM LOOP WIIT JAMR S I WIT JAMRA 3 E"
STOP-TIME -- 10.0

OT = 5.5555546E-4

SAMPLES TO DELAY JAMMER - 200

DESIRED FREQ (HZ) = 5
DESIRED PHASE (RADS) = 0.0
DESIRED AMPLITUDE = 1
1/4F0 = 90
CONUERGENCE FACTOR - 5,E-3

SIGNAL DELAY FOR ELEMENT 2 = I
SIGNAL DELAY FOR ELEMENT 3 = 180
SIGNAL DELAY FOR ELEMENT 4 = 180

JAMMER DELAY FOR ELEMENT 4 = 66

JAMMER DELAY FOR ELEMENT 3 = 156

JAMMER DELAY FOR ELEMENT 2 = 270

NOISE DELAY FOR ELEMENT 4 = 180

NOISE DELAY FOR ELEMENT 3 = 180
NOISE DELAY FOR ELEMENT 2 x 1
NOISE POWER z 1,0e-14

JAMMER FREQ (HZ) - 5
JAMMER AMPLITUDE = 5

INPUT SIGNAL FREQ (HZ) = 5
INPUT SIGNAL AMPLITUDE u I

Table 12. Parameters for Four Element Array with Source at 0 Degrees and Jammer

at 30 degrees
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Level

2,01

1.0 I

0.5 N I

-1.01-0.0

-0.5

0.0 0.5 1.0 1.5 2.0 2.5

Time (Sec.)

Figure 70. Four Element Array Output with Source at 0 Degrees and Jammer at
30 Degrees

Level

1,0

0.5

0.0

-0.5

-1.0
-1.5

-2.0

0.0 0.5 1.0 1.5 2.0 2.5

Time (Sec.)

Figure 71. Four Element Array Error with Source at 0 Degrees and Jammer at 30
Degrees
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Figure 72. Four Element Array Weights with Source at 0 Degrees and Jammer at
30 Degrees 103



.4.4 Complex LIS Test Circuit Simulation Results

Using the test system in Figure (33), simulations were performed first no phase

shift by a real gain of 0.5 of the input to form the desired signal. The second test

involved advancing the phase of the input signal by 30 degrees by suppling the

constant generator a value of 0.5236 radians. The following two tables and seven

plots show the results of the real and imaginary parts of the input, the magnitude

of the error, and the real and imaginary compenents of the weights.

STOP-TIME - 10.0
DT " i.OE-2
INPUT FREQ = 5
DESIRED PHASE SHIFT (RADIANS) = 0.0
MU = (-01,0.0)
DESIRED GAIN = (0.5,0.0)

Table 13. Complex Test Circuit Parameters with 0 Degrees Phase
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Real Part

,1 C' \i I
0. 5 / \ iI £\r {\ "\ A

-1,0

0,0 0.5 1.0 1.5 2.0

Time (Sec.)

Figure 73. Real Input Component with 0 Degrees Phase

Imag Part

1.0 -

0.5

0.0

-0,5

-1.00

0.0 0,5 1.0 1.5 2,0

Time (Sec.)

Figure 74. Imaginary Input Component with 0 Degrees Phase
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Complex Magnitude

1'0

0.8

0.6

0.4

02-

0, 0 '

0.0 0.5 1.0 1.5 2.0

Time (Sec.)

Figure 75. Error Magnitude with 0 Degrees Phase

Real Part

1.0

0.9

0.8

0.7

0.6

0.5

0.0 0.5 1.0 1.5 2.0
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Figure 76. Real Weight Component with 0 Degrees Phase
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Iuuag Part
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0.0 0.5 1.0 1.5 2.0

Time. (Sec.)

Figure 77. Imaginary Weight Component with 0 Degrees Phase
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Iu COPE LM TETCRIT-ETIWM=(~,3- E HS

STOP-TIME = 10.0
DT = 1.OE-2
INPUT FREQ 5
DESIRED PHASE SHIFT (RADIANS) = 0.5236
MU = (-0.1,0.0)
DESIRED GAIN = (0.5,.0)

Table 14. Complex Test Circuit Parameters with 30 Degrees Phase

Real Part

1.0

0.9

0.8

0.7

0.6

0.5

0.4 _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _
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Figure 78. Real Weight Component with 30 Degrees Phase



Imag Part
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Figure 79. Imaginary Wei,.,t Component with 30 Degrees Phase
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.4.5 Complex Four Element Array Simulation Results

The first simulation of this array involved putting the source at 0 degrees with

reference to the upper left array element in the square array. The jammer and noise

power were virturally 0. Table (15) shows the parameters used for this simulation.

The next three figures show the magitude of the complex error and output along

with the real and imaginary components of the complex weights.

!i C L 4

STOP-TIME a 10,0
DT = 1.OE-2
DESIRED FREQUENCY - 5.0
MU = (-0.01,0.0)
NOISE ELEMENT 4 PHASE (RADIANS) -3.1415
NOISE ELEMENT 3 PHASE (RADIANS) -3. 1415
NOISE ELEMENT 2 PHASE (RADIANS) 0.0
JAMMER ELEMENT 4 PHASE (RADIANS) -3. 1415
JAMMER ELEMENT 3 PHASE (RADIANS) -3. 1415
JAMMER ELEMENT Z PHASE (RADIANS) 0.0
SIGNAL ELEMENT 4 PHASE (RADIANS) -3. 1415
SIGNAL ELEMENT 3 PHASE (RADIANS) -3.1415
SIGNAL ELEMENT 2 PHASE (RADIANS) 0.0
NOISE POWER = 3,0e-14
JAMMER AMPLITUDE = (1,0e-14,00)
SIGNAL AMPLITUDE = (1,0,0.0)
JAMMER FREQUENCY = 5.0
SIGNAL FREQUENCY a 5.0

Table 15. Complex Four Element Array Parameters with Source at 0 Degrees
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Complex Magnitude

2,0

1. 5

0.5-

0. 0 ___________________________
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Figure 80. Complex Four Element Array Error Magnitude with Source at 0 Degrees

Complex Magnitude
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Figure 81. Complex Four Element Array Output Magnitude with Source at 0 De-

grees
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Figure 82. Complex Four Element Array Weights with Source at 0 Degrees
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The source was then moved to 30 degrees. The sources magnitude was kept at

I with the a frequency of 5 Hz. The simulation parameters are in Fable (16) with

the error, output, and weight plots in Figures (83), (84), and (85).

STOP-TIME = 10.0
OT = 1.E-2
DESIRED FREQUENCY = 5.0
MU = (-0.001,0.0)
NOISE ELEMENT 4 PHASE (RADIANS) = -:3. 1415
NOISE ELEMENT 3 PHASE (RADIANS) = -3. 1415
NOISE ELEMENT 2 PHASE (RADIANS) = 0.0
JAMMER ELEMENT 4 PHASE (RADIANS) = -1, 1499
JAMMER ELEMENT 3 PHASE (RADIANS) = -2,72069
JAMMER ELEMENT 2 PHASE (RADIANS) a 1.570796
SIGNAL ELEMENT 4 PHASE (RADIANS) a -3. 1415
SIGNAL ELEMENT 3 PHASE (RADIANS) a -3. 1415
SIGNAL ELEMENT 2 PHASE (RADIANS) a 0,0
NOISE POWER = 1,0e-14
JAMMER AMPLITUDE = (5.0,0.0)
SIGNAL AMPLITUDE = (1.0,0.0)
JAMMER FREQUENCY = 5.0
SIGNAL FREQUENCY a 5.0

Table 16. Complex Four Element Array Parameters with Source at 30 Degrees
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Figure 83. Complex Four Element Array Error Magnitude with Source at 30 De-
grees

Complex Magnitude
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Figure 84. Complex Four Element Array Output Magnitude with Source at 30
Degrees
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Figure 85. Complex Four Element Array Weights with Source at 30 Degrees
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The last simulation for this system moved the source back to 0 degrees and

placed a jammer at 30 degrees. The jammer and source placements were accom-

plished by changing the phase on the appropriate signal and jammer elements. The

jammer amplitude was set to 5 while the signal and desired amplitudes were set to

1. The noise power was set to 0. Each of these parameters are contained in Table

(17). The following three plots contain the error and output magnitudes and the

real and imaginary weight components.

STOP-TIME = 10.0

OT = 1.OE-2
DESIRED FREQUENCY = 5.0
MU = (-0.01,0.0)
NOISE ELEMENT 4 PHASE (RADIANS) z -3. 1415
NOISE ELEMENT 3 PHASE (RADIANS) = -3.1415
NOISE ELEMENT 2 PHASE (RADIANS) = 0,0
JAMMER ELEMENT 4 PHASE (RADIANS) = -3,1415
JAMMER ELEMENT 3 PHASE (RADIANS) z -3.1415
JAMMER ELEMENT 2 PHASE (RADIANS) = 0.0
SIGNAL ELEMENT 4 PHASE (RADIANS) = -1,1499
SIGNAL ELEMENT 3 PHASE (RADIANS) = -2.72069
SIGNAL ELEMENT 2 PHASE (RADIANS) = 1,570796
NOISE POWER = 1.0e-14
JAMMER AMPLITUDE a (1.0e-14,0.0)
SIGNAL AMPLITUDE = (1.0,0.0)
JAMMER FREQUENCY a 5.v
SIGNAL FREQUENCY a 5.0

Table 17. Complex Four Element Array Parameters with Jammer at 30 Degrees
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Complex Magnitude
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Figure 86. Complex Four Element Array Error Magnitude with Jammer at 30 De-
grees
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Figure 87. Complex Four Element Array Output Magnitude with Jammer at 30
Degrees
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Figure 88. Complex Four Element Array Weights with Jammer at 30 Degrees



.4.6 Applebaum Sidelobe Canceller

The Applebaum algorithm was tested using a sidelobe canceller circuit. A 20

dB jammer was placed at 10 degrees referenced to broadside of the two element

array. Using the analog implementation of the Applebaum loop, Figures (89), (90)

show the weight magnitude and phase during adaptation. Figure (91) shows the

input spectrum ,vith the 20 dB jammer at 50 Hz while Figure (92) shows the output

signal spectrum after adaptation. Figure (93) shows the array gain as a function ot

spatial position with a 16 dB null at 10 degrees.

Complex Magnitude
X 10**-3

1000.

990,

980,

970,

960.
' ' ' I ' ' ' I ' I ' '

0.0 0.2 0.4 0.6

Time (Sec.) X 10 *-3

Figure 89. Applebaum Analog Weight Magnitude - Sidelobe Canceller
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Y BIAS OF 0.1 X 100*3 Time (Sec.) X iO**-3

Figure 90. Applebaum Analog Weight Phase - Sidelobe Canceller
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Power 09l) Total Average Power 20.31369
OdD ReP. Power 20.18855

0.Oisola4ed Power 20.25489

-20.

-40.

-60.

-80.

-10105 .005 .

Frequency (Hu.) X 10"S

Figure 91. Input Spectrum with 20 dB3 Jammer at 50 Hz
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Power (d) Total Average Power 5.643514
OdS ReE. Power 5.4Z4ZSZ
Oisolaued Power 5.543813

-20.

-40,

-60.

-80.

- 100.

-0.3 -0.2 -0.1 0.0 0.1 0.2 0.3

Frequency (Ha.) X 1OO

Figure 92. Output Spectrum after Adaptation with Applebaum Analog Update
Algorithm
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Figure 93. Array Gain with Jammer at 10 Degrees

123



The analog loop was then replaced with a discrete implementation of the \p-

plebaum algorithm and the circuit was retested. Table (18) contains the parameters

used for this simulation. Figures (94) and (95) show the weight magnitude and phase

converging during the simulation. The next two figures show the input and output

magnitude spectrums followed by the array gain plot.

STOP-TIME = 3,9999998E-4
DT = 5.0e-8
GAMMA = (0.01,0.0)
MU = (0 01,0.0)
LOUPASS INPUT FREQ = 5.0e6
B2 (1. 0,0.0)
MUl = 0.0
JAMMER FREQ = 50
JAMMER NOISE POWER = 1.0E-3
JAMMER AMPLITUDE = (4.5,0.0)
PHASE SHIFT ELEMENT 1 = -0.272766
PHASE SHIFT ELEMENT 2 = 0.272766
NZ POWER = 0.1
N1 POWER =0.1
MUO a 0,0

Table 18. Discrete Applebaum Algorithm Sidelobe Canceller Parameters with Jam-
mer at 10 Degrees
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Complex Magnitude
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Figure 94. Applebaum Discrete Weight Magnitude - Sidelobe Canceller
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Figure 95. Applebaum Discrete Weight Phase - Sidelobe Canceller
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Power 08l) Total Average Power 20. 25705
OdD Ref. Power 20. 2482
flisolatied Power 20. 25807

0.

-20.

-40,

-60.

-100.

-5. -3. -1 .3. 5

I Frquency (Na.) X 10,06

Figure 96. Applebaum Discrete Algorithm Input Spectrum - Sidelobe Canceller
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Power (d9) Total Average Power 0. 059975
0dB Rer. Power 1. 549198e-4
Olgolamed Power 0.059449

0.

-20.

-40.
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- 100. _____________________________
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____Frequency (Ha.) X 10"G

Figure 97. Applebaumi Discrete Algorithm Output Spectrum - Sidelobe Canceller
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Figure 98. Array Gain with Discrete Algorithm - Jammer at 10 Degrees
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.4.7 Four Element Array with Applebaum Loop

This section includes plots for the four element linear array using the discrvh

implementation of the Applebaum algorithm. The first simulation put a 20 ,IB

jammer at 15 degrees. The simulation parameters are in Table (19). Figures 199

and (100) contain the input and output magnitude spectrums for the system.
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STOP-TIME - 3,9999998E-4
DT = 5,Oe-8
NOISE CHANNEL 2 a 1
NOISE CHANNEL 1 = 1,0e-4
INPUT LOUPASS FREt = 5,0e6
GAMMA = (0,001,0.0)
MU = (0.001,0.0)
82 = (1,0.0)
PHASE SHIFT LOOP4 = 0.0
PHASE SHIFT LOOP3 = 0.0
PHASE SHIFT LOOP2 = 0.0
PHASE SHIFT LOOPI = 0.0
NOISE ELEMENT 4 PHASE (RADIANS) = 2,439312
NOISE ELEMENT 3 PHASE (RADIANS) a 1.626208
NOISE ELEMENT 2 PHASE (RADIANS) = 0.813104
JAMMER ELEMENT 4 PHASE (RADIANS) z 2,439312
JAMMER ELEMENT 3 PHASE (RADIANS) = 1,626208
JAMMER ELEMENT 2 PHASE (RADIANS) = 0.813104
SIGNAL ELEMENT 4 PHASE (RADIANS) = 0.0
SIGNAL ELEMENT 3 PHASE (RADIANS) = 0.0
SIGNAL ELEMENT 2 PHASE (RADIANS) = 0. 0
NOISE POWER a 1.OE-3
JAMMER AMPLITUDE a (4,5,0.0)
SIGNAL AMPLITUDE • (0.00)1,0.0)
JAMMER FREQUENCY a 50
SIGNAL FREQUENCY a 50

Table 19. Applebaum Four Element System with One Jammer Parameters
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Power (d) Total Average Power 20.25188
OdD Ref. Power 20.22397

0isolaued Power 20.25178

-20.

-40.

-60.

-80,

- 100.
-0.3 -0.2 -0.,1 0.0 0.1 0.2 0.3

Frequency (Ha.) X 10006

Figure 99. Applebaum Four Element System Input Spectrum - One Jammer
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Power 0d6) Total Average Power 0.028846
0dB Reff. Power 1. 3Z6402e-4

0.Oisola'ied Power 0.026167

-20.

-40.

-60.

- 80.

* -1.0 -0.5 0.0 0.5 1.0

f Frequencq (Hu.) X 10006

Figure 100. Applebaum Four Element System Output Spectrum - One Jammer
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The next simulation added a second 20 dB jammer at -30 degrees. 11c

discrete Applebaum algorithm was again used with a linear four element array. 'I'l

following table shows the simulation parameters. The next two figures show the

input and output magnitude spectrums.

Power (dO) Total Average Power 80.96545

OdS ReE. Power 80.71514
Disolaed Power 80.85871

-0.

-40.

-60.

-80, -

- 100. -

-0.6 -0.4 -0.2 0.0 0.2 0.4 0.6

Frequency (H.) X 100S6

Figure 101. Applebaum Four Element System Input Spectrum - Twu Jaitieib
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Power (dB) Total Overage Power 0. 417169
0dB Ref. Power 0.005085

0. Osolaqed Power 0.228641

-20.

-40,

-60.

-80.

-tO0,

-0.6 -0.4 -0.2 0.0 0.2 0.4 0.6

Frequency (Hu.) X 10-6

Figure 102. Applebaum Four Element System Output Spectrum - Two Jammer-
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STOP-TIME a 3.9999998E-4
DT = 5.0e-8
NOISE CHANNEL 2 = 1
NOISE CHANNEL 1 = 1
INPUT LOWPASS FREQ = 5.0e6
GAMMA = (0.001,0.0)

MU = (0-001,0.0)
02 = (1,0,0)
PHASE SHIFT LOOP4 = 0.0
PHASE SHIFT LOOP3 = 0.0
PHASE SHIFT LOOPZ a 0.0
PHASE SHIFT LOOPI a 0.0

NOISE ELEMENT 4 PHASE (RADIANS) = 2,439312
NOISE ELEMENT 3 PHASE (RADIANS) = 1,626208
NOISE ELEMENT 2 PHASE (RADIANS) = 0,813104
JAMMER ELEMENT 4 PHASE (RADIANS) = 2.439312
JAMMER ELEMENT 3 PHASE (RADIANS) = 1.626208
JAMMER ELEMENT 2 PHASE (RADIANS) = 0.813104
SIGNAL ELEMENT 4 PHASE (RADIANS) = -4,71238
SIGNAL ELEMENT 3 PHASE (RADIANS) = -3.14159
SIGNAL ELEMENT 2 PHASE (RADIANS) = -1.57079

NOISE POWER u 0.1
JAMMER AMPLITUDE a (4,5,0.0)
SIGNAL AMPLITUDE a (4. 5, 0, 0)
JAMMER FREQUENCY a 50
SIGNAL FREQUENCY a 50

Table 20. Applebaum Four Element System with Two Jammers Parameters
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Appendix B. BOSS Write to File Module

BOSS produces unique output files for each parameter monitored during -I,

ulation. If two parameters are to be written to a rile for observation at a later

the user must create a module to write the parameters to a file. This was jl"i,

case during this study. To look at individual weight values at particuflar i:,

in time. a BOSS module was created. The FORTRAN code which handled th, ::i,,

o)ening, file closing, and output format follows.
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C BOSS PRIMITIVE ,
C

C THE FOLLOWING SUBROUTINE IS USED TO WRITE
C WEIGHT DATA TO A FILE THAT IS EXTERNAL TO
C BOSS. THIS FILE WILL KEEP TRACK OF THE
C TIME HISTORY OF WEIGHT ADAPTATION.
C *********************************************************

C AUTHOR: JOE H. SRUBAR
C DATE CREATED: 1 AUGUST 1989
C VARIABLES
C
C IS OPEN - LOGICAL TO DETERMINE IF FILE IS OPEN
C Ll-N - UNIT NUMBER OF FILE
C FILENAME - NAME OF FILE TO WRITE INFO TO
C SAMPLE - REAL THAT IS TIME OF SAMPLE
C WEIGHT - REAL THAT IS THE WEIGHT VALUE AT TIME SAMPLE

SUBROUTINE SIG W-RITE(IS OPEN,LUN,ILENAME,SAMPLE,WEIGHT)
IMPLICIT NONE
LOGICkL*I IS OPEN
INTEGER LUN
INTEGER PULSE CTR
CHARACTER*(*) FILENAME
REAL SAMPLE
REAL WEIGHT

C
C OPEN THE FILE IF IT HAS NOT ALREADY BEEN OPENED
C

IF ( .NOT. IS OPEN) THEN
CALL LIB$GET LUN(LUN)
OPEN (LUN,FILE=FILENAME,STATUS='NEW')
REWIND(LUN)
IS OPEN = .TRUE.

ENDIF
C
C WRITE WEIGHT AND TIME DATA TO FILE
C

RITE( LUN, *) SAMPLE, WEIGHT
RETURN
END
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