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ABSTRACT

HIGH RESOLUTION ROBOTS TRACKING AND LOCATION FINDING

FOR SPACE STATION ENVIRONMENT

by

Kamal Shahrabi

Advisor: Dr. Donald L. Schilling

In the past few years the problem of location finding and tracking of an extra-
vehicular robots in Space Station environment, and the related problem of estimating the
paraﬁiet;aljs of signals in noise have attracted considerable interest. Conventional direction
finding, tracking and locating techniques such as Maximum Likelihood (ML), MUltiple
Signal Characterization (MUSIC), ..... etc. are proving inadequate to support the full and

effective utilization of robotics in a Space Station environment.

The scope of this work is to provide a new and more efficient signal processing

technique for a Space Station robotic tracking system which overcomes existing technical



limitations such as radio transmission multipath, station reflections, the number of robots,
Space Station environment, stringent resolution requirements and Space Station
architecture. In general, this work contains block level design and study of a
communication system for a Space Station involving spread spectrum and digital
processing of signal techniques that achieves a Space Station robotic tracking
implementation. This report contains an extensive analysis of the system performance

from the following points of view:

1. Utilization of a chirp signal, which in conjunction with a polling procedure,
allows for individual robot identification, location and tracking.

2. Estimate the number of antennae

3. Determine the location of the antennae on the Space Station

4. Generate a detailed block diagram design

5. Perform an overall system analysis that considers the effects of signal

multipath
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CHAPTER
ONE

OVERVIEW & CONTRIBUTIONS

1.0 INTRODUCTION

In order to effectively communicate with an extra-vehicular robot, the robot location
should be known at all times. Currently, designers of communication systems are
working on the development of systems and devices which can continuously monitor the
location and status of an extra-vehicular robots in a Space Station environment. The
problem of particular interest here is to implement a high resolution Space Station robotic
tracking systems. |

Location finding is the process of estimating the time difference of arrival (TDOA),
frequency difference of arrival (FDOA), angle of arrival, signal strength, éarrier
frequency and distance of propagating signals from an object to a receiver, that is, to

perform high-resolution direction finding. The term direction finding refers to the
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process of estimating the directions of arrival (DOA) of propagating signals as they
impinge upon a man-made receivers.See Figure 1.1.

A location finding system is a collection of electronic or electromechanical devices
which are used to acquire information about the direction of signal’s arrival and their
distance in order to determine the location of the transmitting source. It should be noted
that a location finding (LF) system must interface with some other electronic systems
such as computer, radio communication systems and some type of display. A variety of
potential applications for location finding systems exist. Some of these applications are

listed in Table 1.1.

Table 1.1: Some applications of Location Finding.

RADAR SYSTEMS (AIR TRAFFIC CONTROL)

POLICE

MOBILE COMMUNICATION SYSTEMS

PUBLIC TRANSPORTATION

RADIO ASTRONOMY

i
" SIGNAL EXTRACTION

II GEOPHYSICS (SEISMOLOGY) '
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Figure 1.1 Example of a receiving plane wave arriving from
angle 4
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The locating and tracking of an extra-vehicular robot in Space Station environment is
complicated by radio transmission multipath and reflections, the number of robots, Space
Station architecture, resolution requirements, and antennae shielding due to the geometry.
The scope of this work is to analyze and implement a new, more efficient signal
processing technique for a Space Station robotic tracking system which overcomes
existing technical limitations. The system must be capable of locating and tracking a

single robot at a time anywhere around the Space Station in a few fraction of seconds.
1.1 AN OVERVIEW OF A LOCATION FINDING SYSTEM

The basic approach used in locating an extra-vehicular robot is direct measurements
on radio signals traveling between the robot and a number (at least three) of fixed
receiving antennae. In this method the distance between the robot and at least three
receiving antennae is measured by determining the signal travel time (7) from the
antennae to the robot and back to the antennae. From this information one may solve
for the distance (D) between the robot and antennae. Given the three distances D,, D,,
and D,, the robot is then located at the intersection of three circles of radius D,, D,, and
D, cmmedvon antennae 1, 2, and 3. respectively, as shown in Figure 1.2. This
technique requires that the robot be equipped with a transmitter and receiver which would
retransmit a signal at some fixed time increment after reception of a signal from the main
control station.

The transmitted signal is usually an electromagnetic signal. The signal can be
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Robot location

Figure 1.2 Geometrical location of three receiving antennas
and a robot.
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described by a carrier sine wave at frequency f, with modulation of one or more of its

parameters. Such a sighal S(t) can be denoted by
S(t) =Acos(w, t + o) (1.1)

The relationship between the distance D and signal travel time r can be defined by

p=Ll:ic (1.2)
2

where C is the velocity of propagation. The propagation velocity is the speed of light
(C=2.997925 x 10' cm/s) if the signal propagates in vacuum. The factor 1/2 is the
result of the round trip travel time. Figure 1.3 shows a simple block diagram of a robot

location finding system.
1.2 SYSTEM DESCRIPTION

In order to perform high resolution three dimensional locating and tracking of extra-

vehicular robots in the Space Station environment the system must be able to:

1. Identify the direct path signal from.robot
2. Discriminate the multipath signal components

3. Measure propagation time delays in the order of a few nanoseconds

In addition, the system must be simple, low cost, lightweight, have low power

requirements and flexible enough to perform different tasks.
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TRANSMITTER

TRANSMITTING
ANTENNA

mm

~_
Y Y-Y

RECEIVING UNIT

CONTROL UNIT

DISPLAY

Figure 1.3: Block diagram of a robot location finding system.




OVERVIEW & CONTRIBUTIONS 8

1.2.1 SYSTEM REQUIREMENTS

In the simplest form of trilateration, the distance between the extra-vehicular robot
and at least three receiving antennae is measured by determining the propagation deléys
of a signal emanating from the robot to the receiving antennae. This requires that the
robot be equipped with one receiving and one transmitting antenna connected to a small
repeater which would rebroadcast the signal at some fixed time increment following
receipt of the incoming signal. The minimum system requirement for estimating the
propagation delays of a signal is one transmitter with transmitting antennae and three
receivers with receiving antennae. Due to the architecture of the Space Station the
number of transmitting and receiving antennae will be larger than the number of
receiving and the transmitting units. The transmitting antennae are connected to the
transmitter via a multiplexer and the receiving units are connected to the receiving

antennae which are located on the Space Station via a demultiplexer.

1.2.2 SYSTEM ALGORITHM

To find the location of an extra-vehicular robot the system must be capable to
generate three independent variables that ultimately converge at a point in space. The

basic algorithm for the system design is accomplished in the following manner:

1. Transmit a wake-up call tone (to select a particular robot)
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2. A Chirp signal (S(t)) will be transmitted if the response to the tone ‘signal is positive

S(t) = A cos(w, ¢ + %utz) (1.3)

3. Received Chirp signals (r,(t)) from the three receiving antennae will be correlated with

the one transmitted. The received signals at antennae 1, 2, and 3, respectively, are as

follows
r, (®) =B, cos (o, (¢ - 7)) + -%pl(t -t +¢) (1.4
ry® = B, cos (0, (¢ - Ty + %"’2(‘ -+ b)) (.5
(1) = By cos (0, (£~ Ty + %p3(t - c3)2 + ¢y (1.6)

Where 7, 7,, and 7, are the propagation delays of a signal from the robot to the

receiving antennae placed at different locations on the Space Station.

4. The value of these correlations will be sent to the central processing unit for

computing the location of the robot.

5. The system will display the robot coordinates and proceed to locate other robots or

keep track of the same robot.
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The transmitter unit consists of a Chirp signal generator, a tone generator, a
multiplexer, a transmitting filter, and transmitting antennae. The tone generator is used
to generate the address of any robot. The tone generator and the Chirp signal generator
are connected to the transmitting filter through a switch. During the addressing period,
the tone generator is connected, while the Chirp signal generator is connected during the
location finding. The block diagram of the transmitting unit is shown in Figure 1.4.

As shown in Figure 1.5 the receiving unit consists of receiving antennae, receiving
filter, demultiplexer, tone detector, and a power measurement circuit. The receiving
antennae are connected to the receiving filter via a démultiplexer The output of each
receiving filter is geared to a subsystem which consists of a tone detector and a power
measurement circuit. The function of these subsystems are to supply the controller with
information about the presence of an addressed robot and the background noise. If the
robot is present then the signal is transferred to the dechirping circuit, otherwise the

receiver signal is disregarded (for that particular antenna).
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FILTER
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Figure 1.4: Block diagram of the transmitting unit.
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Figure 1.5: Block diagram of the receiving unit.
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The dechirping circuit will perform the correlation between the received signals and

the transmitted signal. The correlation operation is performed as follows:

1. All received signals are multiplied by the transmitted Chirp signal. Thus, S(t), r(t),
and X(t) are the transmitted signal (Figure 1.6),received signal (Figure 1.7), and the

product of the received and transmitted signal (Figure 1.8) respectively.

S@) = A cos (0 + %pﬁ) (1.7
r(®) = B cos (0t + 1) + %p(t ) (1.8)
X@) = 8¢ x r@) (1.9)

2. Remove the quadratic dependence of X(t). (See Figure 1.9.)
3. Each output signal is sampled and digitized by an A/D converter.

4. Each output is separately Fourier transformed in order to determine the delays for the

received waveforms. (See Figure 1.10)

5. The distances traveled by the received signals can be determined from Equation 1.2.
Finally, the robot is located at the intersection of the three spheres of radius D, centered

on antenna i as shown in Figure 1.11.
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Transmitted Chirp signal

D ——

(1)
=

Figure 1.6: Transmitted chirp signal.
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Received Chirp signal

081
0.6
041
0.2r

S(t - wl)

0.2r
0.4}
0.6+
0.8+

Figure 1.7: Received chirp signal.
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Figure 1.8: Product of the received and transmitted signal.
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Figure 1.9: The dechirped waveform.
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Figure 1.10: Fourier transform of the output signal.
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Figure 1.11: Three overlapping spheres of radius D,
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Further description of each unit with the specific function and required parameters

of the signals are given in Chapter 4 and 5.

1.3 OBJECTIVE

The objective to be accomplished is:
Perform the mathematical analysis, computer simulation and block level design of the
location finding system, which is able to:
1. Discriminate the multipath signal components
2. Identify the direct path signal from robot

3. Measure propagation time delays in the order of a nanoseconds

4. Determine the minimum number of required transmitting and receiving antennae
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CHAPTER
TWO

BASIC ESTIMATION THEORY

2.0 INTRODUCTION

Assigning a value to an unknown parameter based on noise- corrupted observations
involving some function of the parameter is called stochastic estimation. The value
which is assigned to the unknown parameter is known as the estimate and the analyzes
of the observations yielding the estimate is called the estimator. Regardless of the result
of the estimation the function which assigns an estimate is called estimator. Hence, the
estimation is optimal if the assignment of estimate is in accordance with minimization of

some estimation criterion.
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In this chapter some basic aspects of the parameter estimation will be considered.
First the Maximum Likelihood Estimation (MLE) theory is developed which can be used
to estimate non-random parameters. Then the procedure which commonly is used to
estimate random parameters will be discussed (Bayes Estimation). In Bayes estimation,
the minimization of the risk, which is a function of the error between the estimate and
true value, is discussed.

In section 2.3 some criteria for a good estimator will be discussed. Finally this
chapter will be concluded with a section about Cramer-Rao Bound (CRB) which is an
alternate way to measure the error variance. Throughout this chapter, the noise is

assumed to have known statistical properties.

2.1 PARAMETER ESTIMATION

Lets assume that the receiver has made a decision whether the information that is
present at the receiver is the signal plus noise or just the noise. The goal is to estimate
some unknown parameters associated with the signal based on a finite number of samples
of the received signal.

Let Y,, Y, ....Yy be N samples and y,, y,, ....y, be the corresponding sample
values of Yy, Y,, ....Yy., where Y,, Y,, ....Yy are N independent, random signals, and

identically distributed with some probability density function (PDF) depending on an
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unknown parameter 6. If g(Y,, Y,, ....Yy)! is a function of the samples used to estimate

the value of 6, we call g(Y,, Y, ....Yy) an estimator of 6 and can be shown by

0 =g(y,,%,,....7 (2.1)

and E[ ) ] denotes the mean of 0 :

E[0] = Elg(Y,, Y, ... Yy ] (2.2)

The procedures commonly used to estimate random and non-random parameters are

known as Bayes estimation and Maximum Likelihood Estimation (MLE) respectively.

2.1.1 MAXIMUM LIKELIHOOD ESTIMATION (MLE)

Let Y be a random variable and Y,, Y,, ...,Yy be N independent and identically
distributed samples of Y, with sample values y,, y,, ...,Y¥,. If the PDF of the random

variable Y is fy(y | 8) then the likelihood function, L(6), is

L®) =fysevvey, (Virerv iy, | 6) (2.3)
N

L(0) =[] £y, (v | 0). (2.4)
n=1

Note that § is the unknown parameter which we wish to estimate. To maximize the

'The g(Y,, Y,, ....¥y) is called a statistic and is a random
variable.
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likelihood function L(6), it is sufficient to maximize its log, since logarithmic functions
are monotonic. Maximization of Log[L(8)] is done by taking its partial derivative with
respect to the parameter that is being maximized and then setting it equal to zero. This

is known as the likelihood equation. Thus,

%Ln £,y |10) =0 N (2.5)

Sometimes it is required to estimate more than one parameter. In such a case 0 is

a vector, O, given by

6, (2.6)

@
1

Then, the likelihood function and the likelihood equation become

L(e) = fy(yll Yar Yy ' 611 ezl ek) (2.7)
79% Ln £,(¥y, Y2 = Vu | 0,,6, = 0,) =0 (2.8)

respectively.
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2.2 BAYES ESTIMATION

An estimate is a function of the received observations which is chosen so as to

. - 3 3 . J 3
minimize the expected value, risk function R, of the cost function C(f). The cost is a
function of the estimation error @’, i.e., a non-negative real valued function of the two

random variables @ (true value) and ) (estimated value). Thus,

(2.9)
d=0-0
An estimator which minimizes the risk function, R,
R = E[C(8)] (2.10)

in order to obtain an optimum estimate of 6 is known as a Bayes Estimator.
The estimate of @ is dependent upon the cost function assignment. The most often

- 3 3 » ”
used cost assignments which are a function of the estimation error, 0, are

1. c(d) = 8° (2.11)

2. c(0) = |9| (2.12)
o , B8« %

3. c(B) = (2.13)
(9) 1  pa e
e 2

The above functions are known as squared error, absolute value of error, and uniform

cost functions respectively. Figure 2.1 illustrates these cost functions.
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Lets C(l?) be the cost function and 8 be the unknown parameter, i.e., continuous

random variable with power density function f;(6). Then the Bayes risk, R, of EQ. (2.9)

becomes
R =E[c(B)] = E[c(® -0)] (2.14)
R=[[c(®-0)f,,8,y) dy d (2.15)

where f; y(0,y) is the joint density function of 6 and Y. Thus,
.Yl.
Y 2

Yy = (2.16)

Yy

where Y,,Y,, ....Yg are K observation of the random variable Y.
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Figure 2.1: Cost functions. a) Square error. b) Absolute value of error. ¢) Uniform.
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2.2.1 MINIMUM MEAN SQUARE ESTIMATE (MMSE)

An estimator which minimizes the risk function for the square error cost function

C(ﬁ) is known as Minimum Mean Square Estimate. In this case the risk function is

denoted by

Rypsp = ff(e - 0)2 £o ,(0,y) dy d®

where

fe’y(el},) = fa/y(e | Y) fy(Y)

Using EQ. (2.18) the risk function ,Rpse, Can be rewritten as

Rypsg = ff (0 - 0)2 £5,,(0 | ¥) £,(y) dy B

Rase = [£,(y) dy [ (8 -8)2 £5,,(8 | y) ®

(2.17)

(2.18)

(2.19)

(2.20)

Since the density function f,(y) is always positive and the estimated value 8 dose not

enter into the outer integral, minimizing R,y is equivalent to minimizing the inner

integral. Hence to obtain the minimum mean square estimate, we set the derivative of
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the inner integral with respect to @ equal to zero, so that

%f(e—e)zfa,y(e|y) @ =0 (2.21)

By applying Leibnitz’s, differentiation of an integral, theory? to EQ. (2.21) the minimum

mean square estimate 3ME can be obtain, and is given by

eMMS‘E = f 0 fe/y(e l y) dd (2.22)
or
Ousz = E[0 | Y] (2.23)

The expression given by EQ. (2.23) is the conditional mean of ] given the observation
Y. Hence, the MMSE is the conditional mean estimate. Thus, the minimum risk Ry,

and the conditional variance of 8 given observation Y can be defined as

Rupuss = ff,,(y) dy f(e - Oypus5) 2 Loy (B]y) d® (2.24)
var (8 | ¥) = [(8 - By55)? £o,4(0 | ¥) B (2.25)

respectively. Hence, Rynse is just the conditional variance of 4 given Y, averaged over

Leibnitz’s differentiation of an integral theory:

b(x) b(x)

g [ Flu, x) du = / —afdu+l"[b(x),x]-d%(x’—‘)—-i'[a(x),x]d—ag—)-
aix) a(x)

dx ax dx
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all values of Y.

2.2.2 ABSOLUTE ERROR (ABS)

In this case the cost function C(5) is denoted by

c®) = |6 | (2.25)

Then the risk function,R, s, can be written as -

Rups = [[ 18 -8 | £,,(0 |y ddy (2.27)

-0 =400

This estimate can be interpreted from a Bayesian point of view by recognizing that it can

equivalently be written as

Russ = [£4() dy[| @ -0 | £g,,(8 | y) b (2.28)

for any C(a) which is a monotonic function of |0-§|. Since the cost function is
monotonic and the density function fy(y) is always positive, the risk function can be

minimized by minimizing the inner integral of EQ. (2.28), which is given by

0 «
A=f (0 -6) £o,,(0]y) de+f<e—e) £g1v(0]y) dO (2.29)
-0 0

the estimate of 6Ans can be obtained by differentiating EQ (2.29) with respect to §, and
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setting the result equal to zero. thus,

Bans

%%= ffG/Y(e|Y)de= ffa/y(ely)dﬁ (2.30)
J. o

therefore 3ABE is just the median of the conditional density function f;v(6]y).
2.2.3 MAXIMUM A POSTERIORI ESTIMATE (MAP).

For the uniform cost function, the Bayes Risk becomes

© eucp" -;-
1
Rycp = ffy(Y) [1 - ry f ch/y(e | ) do] dy (2.31)
- Buce - =

let & approach zero so that the cost function, C(l’)‘), becomes

c(B) =5(16-061 (2.32)
the risk function Rycp can be minimized by maximizing the f;v(8]y).

This is called the maximum a posteriori estimate, 0y, which is defined by

d 1n faa%(e 1» -, (2.33)

This is known as the MAP equation. Using Bayes rule

£y10(y | 0) £4(0)

2.34
£y (y) ( )

fg/y(e |Y)
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and taking the logarithm of the EQ. (2.34), we have

Infg;y(0]|y) =1lnf, g(¥|0) +1n£e(0) ~1In £, (y) (2.35)

Therefore, EQ (2.33) can be written as

d1n £, ,4(y | 0) , 91n £4(0) | _ 0 (2.36)

d06 00

thus the MAP estimate can be obtained from EQ. (2.36).

2.3 PROPERTIES OF ESTIMATORS.

Some properties of estimators are as follows:

1.

2.

The estimator is unconditionally unbiased

The estimator is conditionally unbiased

The estimator is biased

The estimator is minimum - variance - unbiased

The estimator is consistent

Unconditional Unbiased Estimate:

An unconditional unbiased estimate is one whose expected value is the expected value

of the quantity being estimated. Thus,

E [0]

=0 For all 0 (2.37)
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Conditional Unbiased Estimate:
A conditional unbiased estimate is one whose expected value is equal to the true

value of the quantity being estimated. If § is a conditional unbiased estimate, then

E[B]|6] =0 (2.38)
or
E,(0) =fe F(Y|6) dr=0 (2.39)

Biased Estimates:

Let us denote the expected value of § as follows:

E [0] =6 + B (0) (2.40)

1. The estimator 8 has a known bias if B(0) is independent of 6 (B(6)=B). That is, (6-6)
is an unbiased estimate.

2. When B(6) is not equal to B and is dependent on 8, an unbiased estimate cannot be
obtained, hence 0 is unknown. Therefore, the estimator has an unknown bias which

cannot be subtracted out, since it depends upon 8, which is not known.

Unbiased Minimum Variance Estimate:
An estimator § is minimum variance unbiased, if it is unbiased and the variance of

§ is less than the variance of any other unbiased estimator. That is, 8 has the smallest
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variance among all unbiased estimates, ¢’such that E[()j=0, of 8. Thus,

Var (0) s var (/) for all ¢ (2.41)

Consistent Estimate:

It is desirable that an estimate become better as the number of observations increases.
One measure of this desirable property is consistency. A consistent estimator is one
which becomes better as the number of observation increases. Formally, this can be
expressed as follows:

Let 8 represent the optimum parameter estimator of § based upon K observations, the

estimator is consistent if
lim,., E [0] =0 (2.42)
and if

limg, var [0] =0 (2.43)
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2.4 THE CRAMER-RAO INEQUALITY

It is not always possible to-obtain an expression for the error variance and determine
its consistency, but it is possible to establish lower bounds on the error variance of any
estimator. This bound is called Cramer - Rao Lower Bound (CRLB) and its expression
is called the Cramer - Rao Inequality. The CRLB is given by the following theorem:

Theorem: Let § be an estimator of the parameter whose true value is 0, and the

vector Y=(Y,, .... , Yy) represent K observations, then,
902 90 2
2 0 - op
O 2 == (2.44)
dlnfye(y|0) | F1nfye(y]|6)
a0 002
0=E[0]0] (2.45)

where 8 is mean value of 8 and o’s represent the variance of the estimator 8. Either of
the forms following the inequality sign in EQ. (2.44) is known as the Cramer - Rao
Lower Bound.

Ifs is an unbiased estimator of 8, then the mean value of Bis equal to #. Therefore,

CRLB becomes
a3 = 1 -- 1
dlnf,e(y) | PLnf,e(y|0) (2.46)
0 362

An unbiased estimator that achieves the CRLB dose not always exist. If such an
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estimator existed, it would be unique and it would be a maximum likelihood estimator.

Any estimate that satisfies the CRLB with an equality is called an efficient estimate.



CHAPTER
THREE

POSSIBLE APPROACHES

3.0 INTRODUCTION

Since Fourier established the basis for defining a spectrum of a signal, the problem
of spectral estimation, direction finding and location finding has progressed through many

stages. The spectral estimation may be broken into two basic categories:

1. The spectral estimation methods based on Fourier analysis. This method can be

categorized under two headings.

i. The periodogram, proposed by Schuster in 1898

ii. Blackman - Tukey spectral estimation, R. Blackman and J. Tukey in 1958
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These methods are known as classical techniques which directly utilizes the theorems of

Fourier on general data.

2. Estimation based on modelling (Parametric methods') which consists of

i. Selecting an appropriate model
ii. Estimate the parameters of the model
iii. Substituting the estimated values into the theoretical Power Spectrum Density,

PSD, expressions.

The method of Burg, which maximizes the entropy defined for a particular model of
signal and noise is in this category. Also, the Maximum Likelihood (ML) method
(method of Capon) falls under this category.

The prime concern in this chapter will be to pose imprecise terms a small subset of

different techniques which are being used in spectral estimation such as:

1. Classical Spectral Estimation
2. Autoregressive (AR)
3. Moving Average model (MA)

4. Autoregressive - Moving Average (ARMA)

loriginated with the work of Yule (1927) and subsequently
developed and applied by Walker (1931), Bartlett (1948), Parzen
(1957), Burg (1967), Capon (1969), and Pisarenko (1973).
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In addition, before focusing on the Space Station robot tracking system, several alternate
approaches which could be appropriate to some applications are discussed. Table 3.1
shows a partial list of different techniques that one can use for tracking and location

finding.

3.1 CLASSICAL SPECTRAL ESTIMATION

In this section we discuss two basic methods, PERIODOGRAM and BLACKMAN-

TUKEY, of classical estimation. Also, the major advantage and disadvantages of these

two techniques are summarized.

Table 3.1 Partial list of different techniques.

TECHNIQUES | REFERENCE
Dead - reckoning method [14], [24], [25]
Music | By
Conventional Beamforming [16]

Cyclic Direction finding method [29], [30]
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3.1.1 PERIODOGRAM

The periodogram method of spectral estimation is based on the definition of power
spectral density as the Fourier transform of the autocorrelation function. In other words
the periodogram is defined as the squared magnitude of the discrete Fourier transform
(DFT) of the sequence x[n] which is scaled by the number of samples in x[n]. Thus, we
begin our discussion by estimation of autocorrelation function.

Let x(t) be a continuous time signal with a finite energy, that is,

E’=f|x(t) 2dE < o (3.1)

The sequence x[n] denotes the result of sampling a signal x(t) at some uniform sampling
rate f,. To avoid spectral aliasing the signal bandwidth is limited to B hertz and the
sampling frequency f, must be greater than 2B. The Fourier transform of sequence x[n]

(X[n], -® < n < o) is given by

X[f] = Z:'_nx[n] exp~Jenfn (3.2)
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and the energy density spectrum? of the sampled signal, x[n], is

S (E) = |X[£]]? (3.3)

where the magnitude square of X[f] represents the distribution of signal energy as a

function of frequency. The autocorrelation of the sampled signal is defined as

Ry (m) =3 " x*[nlx[n + K] (3.4)

From the Wiener-Khintchine theorem we have

Sex(£) = Y Ry (m)eiZnim (3.5)

That is, the power spectral density of an energy signal is the Fourier transform of its
autocorrelation sequence. Therefore, the power spectral density function and the

autocorrelation function are defined as a Fourier transform pair:

Rex(m) =3 " Sg(f) @I 0es (£) =) " Ry (m) e 32mim o

m=-~co

The power spectral density function can be directly determine from the Fourier transform
of the autocorrelation function. However, the autocorrelation function is not known and
it must be estimate based on a finite 'inte_:r.Jal of sequence x[n]. In practice the sequence
x[n] is assumed to be known only over a finite interval N. Since the sequence x[n] is

not defined for n > N-1 and is limited to N points we multiply x[n] by a rectangular

E =

’parseval’s theory

L lxey P =Y |XLE] [
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window. As result

20l = x(alwln] = {17 QsnsN -1 (3.7)

The frequency domain representation of x[n] can be found as follows

X[nlw(f - ] dao

1}
S vl

XA (3.8)

X

ol

n

[ g ]

n] * W[n]

That is, X[f]} is the convolution of the desired frequency response with the Fourier
transform of the window, since multiplication in time domain correspond to convolution
ih frequency domain. The effect of convolution w1th the window function is that it

smooth X[f] if the spectrum of WIf] is relatively narrow compared to X[f].

If x[n] are samples of a single realization of the stationary random process X[f], its

time average autocorrelation sequence is defined as

fy(m) = < x[n] x*[n + m] >
_ 1 . (3.9)
= -nga_lvx[n] x*[n + m]
and has the Fourier transform
R (f) = EZ:(N_I) £,(m) @-Jj2ntm (3.10)
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Since the fourier transform of the real finite - length sequence x[n], 0<n<N-1, is

X[f] = E‘:;:x[n] g~J2ntn (3.11)

Then the periodogram spectral estimator is defined as

_1]\-7 I EZ:.; x[n] e-i2ntn |?

S 1 XL£] P

Rpge (£)

(3.12)

Note that the periodogram spectral estimation is identical to the Fourier transform of an

estimated autocorrelation sequence.

Rppe (£) = Eﬁ-l Py (k) e iontk (3.13)

=-(N-1)

where fy(k) is the biased autocorrelation estimate, which is defined as

2y(k) = £ YoM x(nl xla + K] (3.14)

The expected value of the periodogram autocorrelation is given by

E(Rpge(£)] = Y70 El2,(k) ] e7inek

= z”'l N -4 rn(k) e -J2ntk

k==(N-1) | N
Flwg (K] ry[kT} (3.15)
1

2
fWB<f - E)R,(E) dE
1

2
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where W(f) is the fourier transform of the Bartlett window, wg(k),

-« -
wg[k] = {1 N for <N -1 (3.16)
0 for > N-1
and is given by
1/ sin wfN\2
= (=t TIN 3.17
Wo(£) = | St (3-17)

3.1.2 BLACKMAN - TUKEY SPECTRAL ESTIMATION

In section 3.1.1 it was shown that the periodogram spectral estimation is identical to
the Fourier transform of an estimated autocorrelation sequence which results a poor
estimate of the power spectral density. The poor performance of the periodogram may
be attributed to the poor performance of the autocorrelation function estimator. One way

to avoid this problem is to use a lag window (w[k]). Thus,
N-1

By lf]= ; wik] £, [k] e T7ntk (3.18)
k=-(N-1)

where Py[f] is called the Blackman-Tukey spectral estimator and w[k] is a lag window

with the following properties:

1. 0 < wlk] s w[0] =1 (3.19)

2. wl-k] = w(k] (3.20)
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3. wlk]l =0 for all |k|> M (3.21)

where M < N-I.

Using the above properties of a lag window then Py;[f] can be written as

: M
By= ¥ wlk] £, [K] @ T205K (3.22)
k=M

3.2 DEAD - RECKONING METHOD

The development of the "Dead - Reckoning” location finding system began in
February 1971 and the system was delivered in August 1974. Dead reckoning methods
can locate a vehicle if the initial position of a vehicle is known, its location at subsequent
times can be computed, and when direction and distance changes are added vectorially
as shown in Figure 3.1. This technique also requires that errors caused by thermal noise
is negligible.

The system consist of a mobile unit which is installed on the vehicle and a base unit
which is located inside the control room. The mobile unit block diagram is shown in
Figure 3.2, This unit consist of one reéeiver, one transmitter, a data processing unit, a
distance sensor, and a heading sensor. The distance sensor senses the distance traveled
by the vehicle and the heading sensor senses the direction which vehicle is traveling. The
information from the two sensors are transferred through vehicle data processor to the

transmitter and then to the base unit.
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PRESENT

POSITION
MILES

0.8 MILES
12 MILES
0.9 MILES
40
3 MILES

Figure 3.1: Direct computation Dead reckoning.
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TRANSMITTER

VEHICLE
DATA
PROCESSOR
HEADING CODED
SENSOR MESSAGE
PANEL

Figure 3.2: Dead reckoning system block diagram.
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The base equipment includes all components of the system required to process the
location and data received from the mobile equipment and display the location of the
vehicle on a TV - type display. Block diagram of the base unit equipment is shown in
Figure 3.3.

The vehicle’s initial location are in the central processor unit. The vehicle position (via
the mobil unit) is continuously transmitted to the central processor located at the base
station as long as the vehicle is traveling, When the vehicle is at rest the central
processor retains the vehicle last position for future initial position. Given the initial

position X; and Y; the vehicle location can be computed as follow

S
X = X, +fcos 0(s) ds (3.23)
0
and
S
Y =Y, +fsin 0(s) ds . (3.24)
o]

where s is the distance traveled by the vehicle from the initial position (X;,Y,) and 6(s)
is the vehicle heading as a function of the distance traveled. The distance measurements
are made using a precision odometer (Distance sensor) and some compass type device
to measure azimuth (Heading sensor).

Since the computed location depends upon all previous location estimates, errors in
location due to noise tend to accumulate which can lead to sizeable position errors. One

solution to this problem is manually up date the system with the initial location of the
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vehicle on a regular basis. This process is not to difficult if the vehicle’s routes are
known, however, in case which the vehicle’s routes are unknown sophisticated techniques
would be needed to accomplish this.

This system operates in the UHF (450 - 470 MHZ) frequency band. The system is time
synchronized by the base transmitter and accommodates 200 vehicles per mobile transmit
frequency. Each vehicle transmits a 20 bits data massage every 1.215 second to the base
receiver. A paper by Thomas W. Lezniak, Richard W. Lewis and R. A. McMillen [14]

reports on tests of one such computer aided reckoning system.
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RADIO FREQ. FR DATA LINK
DATA TERMINAL _ INTERFACE

INPUT / OUTPUT
DEVICES

mowmOhow

DISPLAY

Figure 3.3 Dead reckoning base unit block diagram.
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3.3 MUSIC

The MUltiple SIgnal Characterization® (MUSIC) algorithm is an implementation of
the signal subspace approach to multiple source location and signal parameter estimation.
The MUSIC algorithm can be use to provide asymptotically unbiased estimates of
multiple wavefronts arriving at an antenna array from measurements made on the signal

received at the array elements. These estimates may include

1. Number of signals

2. Direction of arrival

3. Polarization

4. Strength of noise and interference

5. Strengths and cross correlations among the emitted signals
3.3.1 MUSIC ALGORITHM

The MUSIC algorithm can be summarized in the following steps.

Step 1: Collect data (X) and form the covariance matrix (S) of the X vector.

Let M denote the number of the array elements, D denote the linear combination of

3R. U. Schmidt, "A signal Subspace Approach to Multiple Emitter
Location" Ph.D. Thesis, Stanford, 1982
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the incident wavefronts and noise received at the M array elements, and X denote the M

vectors received. Thus,

v, = A(0) x X, + W, where {l:

JI153n e

.D

Where X e CP¥! is the vector of complex signal amplitudes and phase, W ¢ C™*! is an
additive noise, and elements of Matrix A(f) ¢ C™® are known function of the signal

arrival angles and the array element locations. The Matrix A(6) and the vector a(f};) are

given by
A(B) =[a(0,) a(6,) ~ a(6y)] (3.26)
a(@,) =[1 e . VAT j=1,2,3,...... D (3.27)

then using EQ. (3.4) and EQ. (3.5) the observed data vector can be rewritten as

Y,| x| [w

2l =120y a6, - al0)] x| 7|+ | (3.28)
Y, EARN[A
or

Y= AX+ W | (3.29)

a(8) is known as the jth direction of arrival (DOA) or mode vector. That is, the jth
column of A is a "mode" vector a(f)) of responses to the direction of arrival g, of the jth

signal.
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The data covariance matrix S of the observation vector Y is given by

S =YY" = AXX® A* + ww' (3.30)
or
S = APA* + AS, (3.31)

under the following assumptions

: 1 _
1. llmMmEZ’i’ﬂWj = Q (3.32)
. 1 . _
2. limy, = Y . W= AS, (3.33)
3. P =1lim,, 1_](1 1o XX (3.34)

where the matrix P is nonsingular (positive definite) and D is less than M.
Note that S, is the noise covariance matrix and A denote the eigenvalues of the data

covariance matrix S. Since the APA® is singular and it has rank less than M then

|APA"| =15 - ).5‘4 =0 (3.35)
EQ. (3.33) is only satisfied if A equal to one of eigenvalues of S in the metric of S,.
But, for A full rank and P positive define, APA" must be nonnegative define. Therefore,
the data covariance matrix can be written as

S = APA* + Ay, S, Apin20 (3.36)

For the case which the source vector X and the noise vector W are independent then the
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expected data covariance matrix § is

8 = APA* + @28, (3.37)
where ¢ is the average sensor noise power. Thus,

1

g =
M

tr (a%S,) (3.38)

tr (8,) =M (3.39)

Where tr(°) denotes the matrix trace operation. If the antenna noises are uncorrelated

and of equal power then the S, matrix is the identity matrix. Thus,

S,=1I (3.40)
and
S = APA* + @°I (3.41)

Therefore, the data covariance matrix can be consistently estimated from the observed

data Y.

&5 1 ' Py %
S = EZ;'”Y(J.)Y(.I) (3.42)

where § is an estimate of S.

Step 2: Determine the number of signals D.
In general, the number of signals with no noise is equal to the rank of APA" and the

number of signals with noise is the "pseudo-rank" of the number of eigenvalue having
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the threshold set by noise. Therefore, the number of incident signals estimator is

D=M-§ (3.43)

D = rank [APA*] (3.44)

where N is the multiplicity of A\, of S in metric of S,. The rank of APA" can be

determined from the eigenvalues of the data covariance matrix in the metric of S,,.

Step 3: Evaluate P,(6) and the MUSIC spectrum.

Let D denote the number of signals, the eigenvectors corresponding to the largest D
eigenvalues are called the signal eigenvectors and the remainder are cailed the noise
eigenvectors. The noise eigenvectors are orthogonal to the DOA vectors of the signals

present. Thus the MUSIC spectrum is

-1

a*(0)EE,; a(0)
a*(0)a(o)

(3.45)

SP,,(6)

where E,; is a MxN matrix whose columns are N noise eigenvectors. Then using the

noise eigenvector, the "angle spectrum"” is

p(g) = 2 (8) a(®)

* (3.46)
a(@) E;, a*(0)

and the effects of polarization diversity among the array elements is given by

Hence, the vector of polarization parameters ¢ are determine from the eigenvectors
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1

Py (0). =
i a’(0)E,E; a(f)

(3.47)

corresponding to A\, and the peaks in EQ. (3.24) represents the direction of arrival.

Step 4: Evaluate the Angle of Arrival (AOA).

The angle of arrival of the incident signals can be determined directly from the
spectrum, that is, the location of the peaks in the spectrum are the estimate of the angles
of arrival of the incident signals.

Once the direction of arrival is known then the A matrix becomes available and the P °

matrix can be expressed as

P = (A*S;'A)1A*S; (S - A,..S,) S;*A(A*s;ta) (3.48)
where P is a DxD matrix of cross and auto powers. Since

APA* = S - ALinSy (3.49)
then the P matrix can be rewritten in terms of (S - A,;S,) and A. As result

P = (A*A)'A*(S - Ay,S,) A(A*4) 1 (3.50)

Note that for MUSIC algorithm the ‘number of antennae (M) needed in order to
unambiguously determine arrival angles must be greater than the number (D) of incident

signals received. That is,
M2D+1 (3.51)

For a single strong source the MUSIC algorithm is very accurate, fast, and gives
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unambiguous estimates of the angel of arrival.
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CHAPTER
FOUR

LINEAR FREQUENCY MODULATION

4.0 INTRODUCTION

The primary function of a high resolution direction and location finding system is to
obtain information which determine the relative object position. This information may
include the distance from the objéct to the receiver, angular position such as azimuth and
elevation, etc. One technique which can be use to accomplished this information is

Frequency Modulation (FM). This modulation may by sinusoidal or linear. Linear
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Frequency Modulation (LFM) or CHIRP' signals are common in different areas of
engineering such as communication, radar, ...etc. For example, chirp signals can be
used to estimate the location of an object with respect to fixed receivers. Chirp signal
is a sinusoidal waveform whose instantaneous frequency varies linearly with time.

Mathematically, it can be represented as
- 1,2
s(t) = Acos(w,t + -z—p.t ) (4.1)

where A is the amplitude, w, is the carrier frequency, and p is the rate of change of

frequency.

This chapter contains a discussion of the most widely used forms of modulation,
frequency modulation and linear frequency modulation. The details of chirp signal
generation is considered and the resulting signal waveforms and power spectra are

calculated. In addition, parameter estimation of chirp signal is discussed.

4.1 FREQUENCY MODULATION

Frequency modulation (FM) is a form of angle modulation in which the instantaneous
frequency changes with respect to the modulating signal. The spectrum of a FM signal

depends on amplitude of the baseband signal as well as the frequency of the spectral

A common term for LFM signals used by B. M. Oliver in an
internal Bell Laboratories Memorandum entitled "Not with a Bang,
But a Chirp" in 1951.
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components. A frequency modulated signal is given by

Wt)=Acos(ot+2nk [ m(a)dr) 4.2)

where w, is the angular velocity of the carrier, k; a constant representing frequency
sensitivity of the modulator in hertz per volt, and m(t) is the modulating signal. For a
sinusoidal function the instantaneous angular velocity is equal to the time rate of change

of the argument. That is

o) =& (o, t+ 2k [ mG)dr) @.3)
W, +t2mn kfm(t)

or

fe) =5, + km) @4.4)

From EQ. (4.4), it can be observed that the instantaneous frequency is directly
proportional to the modulating waveform. As result the frequency the frequency

modulated signal changes frequency whenever the modulation changes level.

4.2 LINEAR FREQUENCY MODULATION

There are two basic approaches to generation of the linear FM signal active and
passive signal generation. Active signal generation is based on controlling the frequency
of an oscillator with a voltage derived from a function generator. The passive generation

of the frequency modulated signal is based on exciting a conjugate matched-filter
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network with an impulse. Figure 4.1 shows the basic techniques for active generation
of a linear FM signal, in a frequency modulation device in which the frequency is
linearly proportional to the voltage present on the control element of the oscillator. If
the oscillator is a phase modulation device, such that the frequency is proportional to the
derivative of the voltage at the control elemént, then a square-law voltage vs. time
function is required. Figure 4.2 shows the basic block diagram of a square-law oscillator
control voltage. For both cases the use of gating circuit and frequency multiplication
serve the purpose of larger frequency deviation before transmission. The block diagram

for the passive generation of a linear FM is shown in Figure 4.3,

4.2.1 ACTIVE GENERATION OF A LINEAR FM SIGNAL

Let y(t) be a modulating signal of duration T,

e, <702 4.5)
¥ —{) , elsewhere

and x(t) is the emitted signal of the form

X)) = A rect(-T‘-) cos(w,f) 4.6)
p
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CONTROLLED
OSCILLATOR GATE MULTIPLIER

LINEAR

RAMP FAULTIVIBRATORJ
GENERATOR

SYNCH.
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PHASE FREQUENCY [ __
CONTROLLED GATE MULTIPLIER
OSCILLATOR

N\
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AN M

Figure 4.1: Block diagram for active generation of LFM signal.
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OSCILLATOR

Figure 4.2: Block diagram of square law oscillator.
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hi(t) ' h2(t) N filters ha(t)

|

-l TAPPED DELAYED LINE

Figure 4.3: Block diagram for the passive generation of a LFM signal.
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where A is the amplitude of the rectangular pulse, and w, is the carrier frequency in
rad/sec. With the signal of EQ. (4.5) FM modulating the carrier of EQ. (4.6), the
instantaneous frequency of the carrier will be
0 0) = {wc AR A @
Q0 , elsewhere

where u is the rate of change of frequency and may be either positive or negative. This
means that the carrier frequency is linearly swept during the puls;: duration T, covering
a band of frequencies (A) at a rate of u rad/sec?, centered at a frequency f, as shown in
Figure 4.4.

The angle of the modulated wave, ,(t), can be obtain by taking the integral of the

instantaneous frequency. Thus,

0 = [ wgn) de

4.3)
Wt + %ptz + @

that is, the phase angle change is quadratic. Therefore the LFM signal s(t) can be

written as
t 1' T T
s(®) = A rect(—) cos(w t + —ut? + -2 g2 4.9)
(3] ct(T) (0t M ?) 5 5

P

where ¢ is a constant phase assumed uniformly distributed in [0 - 2x). EQ. (4.9) is
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known as a CHIRP signal. Since rect(t/T,) is defined as

t 1 for -T2 <tx TJ2
—) = 4.1
rect( T,,) {0 elsewhere *.19

then EQ. (4.9) can be written as

T
s(® = A cos(wt + -;-utz + @) —7” <ts -?” 4.11)

This is a cosine of duration T, seconds, whose frequency is swept (chirped) linearly over
the pulse length, T, around w., as shown in Figure 4.5. The net frequency sweep, 4,

s

>
]

TP TP |
(O.)C + “‘?) - (wc - p'_z") 4.12)
rT,

Figure 4.6 schematically illustrates a signal processing a linear FM. This signal finds

extensive use in radar application.
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Figure 4.4: Frequency variation in chirp signal.
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4 w
-Tr / 2 >
Wc T’/z ¢+
......... w, - 2T
2

Figure 4.5: Net frequency sweep of a chirp signal.
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Figure 4.6; Signal Processing of LFM.
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4.3 SPECTRUM OF A CHIRP SIGNAL

Let A(w) denote the Fourier transform of an arbitrary function of time, a(t). Thus,

A(w) = Fla®)} (4.13)

The transform of the signal s(t) becomes

s(®e 7°'dt

1}
\ Nl.,;"l

F{s(®} = S(w)

o

]
C— NI.,;'! o

cos(w t + %ut’)e Joldy

4.14)

]
N Nf

_P
L 2
. o, - 0) + —pr]
=—;:fe ’ 2 ar
I

2

Mo, + @) + Spe]

e dt

+

— NI.‘"!

1
2

ol

By completing the square of the bracket term in S(w) the following expression for the



spectrum is obtained:

_/((m - uc)z)‘? &(‘ e mc)z
S(w) = -%e fe 2 B ldt

After a series of algebraic manipulation the spectrum becomes

Stw) - E\j——‘e )((w-m))? Bz_zdx

where

B
7 e

%
'l o
B
o7 e
X, =
ViR
This yields
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(4.15)

4.16)

4.17)

(4.18)

(0 - mc)z .
S((l)) ZJ—;e l( ) [ S(x) + JS(xl) + C(xz) + jC(Xz) ] (4.19)
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where

Ck) = f cos(=%_ ) da (4.20)

and

* 2
s@ = [ m(—z—] s @21
0

are called the Fresnel integral, which have the property

C(-x) = -C(x) and S(-x) = -S(x) (4.22)
The Fresnel integral can not be calculated in closed form. However, it can be found
in tabulated form in Tables of Fresnel integral. These two integral are shown in Figure
4.7.
Expressing the spectrum function in the form
S(w) = ¢ % P (4.23)

then the three major components of Linear FM spectrum are given as follows:

1. Amplitude Term

1]
w
H

|S(w)]

T v (4.24)
3 G 1CE) + CEIP + [6x) + Sl




2. Square-Law Phase Term

3. Residual Phase Term

Sx,) + Sx,)
C(x,) + C(x,)

by (w) = -tan™

Thus, the spectrum phase function is

Bs=¢1+¢2

and the time-bandwidth product (TBW) is

TBW = T x BW = 18
2n

_ BT _ BT,

2n 27

For large values of TBW the ratio

S(x) + S(x) .
Clx) + Clx)
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(4.25)

(4.26)

.27

(4.28)

(4.29)

over the significant interval of the variables, and ¢, approximates a constant phase angle,

x/4, in this ratio. The linear FM spectra are, functionally, dependent only on the TBW

factor and not on the absolute bandwidth parameters. Figure 4.8 through. 4.11 illustrates

various spectrum of the linear FM signal for different TBW products. It can be seen that
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Figure 4.7: Two fresnel integral.
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as the TBW is increased, the spectrum shape becomes more nearly rectangular, with a
total Bandwidth approaching A. Therefore for large value of TBW the envelope function
approximated a rectangular time envelope, and the residual modulation term
approximates a constant phase angle, v/4. About 95% of the spectra energy is contained
in the band A for TBW's as low as 10; and 98% to 99% of the energy is confined

between f, - A/2 and f, + A/2 for TBW=100.
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Figure 4.8: Chirp signal spectrum for TBW=1 a) S(t) b) S(t) + n(t).
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Figure 4.9: Chirp signal spectrum for TBW=25. a) S(t) b)S(t) + n(t).
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Figure 4.10: Chirp signal spectrum for TBW=46. a) S(t) b) S(t) + n(t).
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Figure 4.11: Chirp signal spectrum for TBW=100. a) S(t) b) S(t) + n(t).
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4.4 Matched Filter for Chirp

The characteristic of matched filters can be described by either frequency or time
response function, where the frequency response function and time response function are
related to each other by a Fourier transform operation. The transfer function, H(w), of

a matched filter in frequency domain is

H(w) = A F*(w)e 7" (4.30)

where F'(w) is the complex conjugate function of the spectrum f(t), ty is an arbitrary
delay constant of the filter, and A is the normalizing factor. The corresponding time

domain characteristics of matched filter is obtained from the inverse Fourier transform

of H(w). Thus,

h@® =aft, -1 4.31)
Generally the delay constant, t;, and the normalizing factor, a, are ignored. Therefore,
the characteristics functien of matched filter in frequency domain and time domain can

be written respectively as follows:
H(w) = F'(w) ‘ (4.32)

h(®) = h(-?) | - (4.33)

Hence, matched filtering is equivalent to correlation processing. The matched filter
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impulse response for the signal, s(t),

( T T
cos(wt + %p.tz) -L2ct < —2‘1
s@) = 1 % 2 4.34)
0 -L<r< £
| 2 2
is a time inversion of s(t) given by
l 24 1 5 4 T, (4.35)
h@) = ,| —cos(w t - —ut or -Lg<cr< 2 '
® _-cos(w, e ) [ 5 5

where +/2u/7 is the factor that gives the filter unity gain. The output of the matched

filter, g(7), is

8@ = fj(t) h(zx -9 dt (4.36)

When £(t) and h(t) are matched, g(7) represents the autocorrelation function of the input
signal and when these are not matched g(r) represents the cross-correlation of the two
function. For the linear FM (received signal is mismatched to the filter) function, the

Doppler-shifted signal is

2) T T
s@®) = ms(((oc- Wt + Ezt—)] for —?" <ts —21’- (4.37)

From EQ. (4.37) it has been shown that the general output of a Linear FM matched filter
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is

b
g(tr,wy) = fs(t) s(t -t dt (4.38)
a
where
T
T - £ Sor t>0
a = 17: (4.39)
-2 or <0
. 2 f
and
( T
£ for t>0
b = 4 1% (4.40)
T + —2—"- for T <0

Therefore, the output of the Linear FM matched filter is obtained by

b
2[1 1 2
gt,w) = | — ccs[(w + WY+ —ut ] X
) ‘J ﬂ‘[ ¢ 2 @.41)

cosl(w (t - 0 - %(1: - t)Z] dt

After a series of trigonometric manipulation, and dropping the higher frequency terms,
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the matched filter output is

b
gt , o) -5\ —1—? fcos[(wc - %pt)r +* (0, + p‘t)t] dt

. 1
1 | 2n Sln((ooc - —2—p.1:)1: + (0, + pt)t)
2\ =« W, + pt

- b (4.42)

For 7>0 and 7<0 the output of the matched filter, g(r,w), respectively are as follows

: “’dTp Bt
Sm((s)ct + —'2—- + —Z—(Tp - 17))

1]2p
T, W) =—
8 ? 2\ = W, + Ut
. Wy Bt
sinfw,* + w,t ~ — - —(T - =
wd;‘” (4.43)
. Wilp  pt
sinf(w, + W)t + + T +¢
Z\Jn Wy * KT

: wdTp ol
sin(w,T - 5 - 5 (Tp + 1))

W, + BT
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Thus, the final expression for the matched-filter output is?

N wd + p‘r -
T et o I
= |2k cos|w, + —2| z (4.44)
T ¢ 2

. [ BT
2PT; Sm(—z-(Tp - ITI))
g(x) = cos(w,T) (4.45)
4 ptT,

Thus, for 7< <T, the autocorrelation function, g(r), can be approximated by

2 sin )’
rT, 2

2 p7, (4.46)
2

T '
sim:(u P] |t| < T
5 P

b

8(t)

Figure 4.12 shows the linear FM auto-correlation waveforms for different time
bandwidth product.
The typical envelope of the output power pulse, y(t), is shown in Figure 4.13, along

with corresponding input pulse s(t). (y(t) is the resulting output from passing s(t)

Cook, C. E., "General Matched-Filter Analysis of Linear FM
Pulse Compression" IRE Tran. Mil. Elec , Vol. Mil. - 5, No. 2 April
1961 pp 109-116.
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through h(t)). Thus,

. (qut]
sim | —— i +.l 2+£
N W M E i 4.47)
2n p,Tpt
2

An important feature of linear FM is its relative insensitivity to degradation in response

to Doppler-shifted signals.
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Auto-correlation waveforms
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Figure 4.12: LFM auto-correlation waveforms for a) TBW=1 b) TBW=25.
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Churp signal envelope
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Figure 4.13: Typical envelop of the output power pulse for a) TBW=1
b) TBW= 2§
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CHAPTER
FIVE

A NEW APPROACH

5.0 INTRODUCTION

Our specific objective is to achieve an overall system design and a detailed block
diagram design of the robot tracking and three dimensional direction finding system.
In this chapter we describe a new signal processing technique for a Space Station robotic
tracking system. The particular application of interest is that of estimating the locations
of extra-vehicular robots as they opérate external to the Space Station. The proposed
system contains block level design and study of a communication system for a space
station involving spread spectrum and digital processing of signal techniques. The
system utilizes a chirp signal matched filter technique to discriminate against multipath
and other undesired Fignals. In addition, utilizes FFT hardware chips to implement cross

correlation and detection procedures in order to provide additional discrimination against
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multipath as well as redundant signals.

The system under consideration must be able to identify each robot and estimate the
location of individual robots in a few fraction of a second. In order to determine the
position of the robot, one technique is to transmit a very narrow, ideally an impulse, and
measure the propagation delay (provided that there is direct line of sight) of its reflection
from the robot. However, impulses are not practical signals. One signal that can be
used to discriminate against small delays is a spread spectrum signal such as Chirp

signal. Utilization of a chirp signal, S(t),

S(t) = A cos(wt + _;'_u.tz * ¢) (5.1)

allows for individual robot identification and discriminates against multipath signals as
a limiting factor to location accuracy. This signal is sinusoidal waveform whose

frequency varies linearly with time and easily provides a large time bandwidth products.
5.1 APPROACH

The approach taken is to estimate the distance between the individual robot moving
outside the Space Station and at lmsi three receiving antennae placed at different
locations on the space station as shown in Figure 5.1. |
To obtain the three distances (D,, D,, D;), we measure the propagatidn delay between
the transmitting antennae to the robot and back to the receiving antennae located on the

Space Station. Therefore, the distances from antennae A,, A,, and A, to the robot can
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Figure 5.1: Received plane wave arriving from robot to receiving antennae placed
at Space Station .
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be determined. Thus,

D,=%T,C i=1,2,3 (5.2)

where 7; is the signal travel time and C is the speed of light (C=2.997 x 10'° cm/s). The
factor 1/2 is the result of the round trip travel time. Given the distances D; the robot is

then located on the surface of a sphere centered at A, and having a radius r;. Thus,
r= D, i=1,2,3,-,M (5.3)

where M is the number of receiving antennae. Therefore, the location of robots can be
denoted by a point in space along a predefined coordinate system (x,y,z) as shown in
| Figure 5.2.

The location of the robot with respect to coordinate system (x,y,z) can be found by
determining the common intersection of the three spheres of radius r,, r,, and r, centered
on antennae A,, A,, A, respectively. In Figure 5.3, the surfaces for three spheres for

a three receiving antennae system is shown.



A NEW APPROACH 92

RO BOT» LOCATION

A2

Figure 5.2: Location of the robot along a predefined coordinate system (x,y,z) in
space.
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Figure 5.3: Surfaces of three spheres for three receiving antennae.
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5.2 SYSTEM STRUCTURE

The process of finding the location of an extra vehicular robot in space station
environment involves a transmitter with a transmitting antenna and a receiver with at
least three receiving antennae. The receiving and transmitting antennae are located at
various locations on the space station and the processing unit which include a transmitter
and number of receiver is located inside the Space Station’s central room. In addition,
each robot is carrying a small repeater which is connected to one receiving and one
transmitting antennae. The function of the repeater is response to any signal transmitted

from a transmitting antenna on the Space Station.
The function of the overall system can be describe as follows:
1. The controller will choose a search region outside the space station.

2. Each robot is assumed to have an address. In another word each robot is
assigned a certain tone frequency. This tone frequency is selected by assigning
different value to u of the transxﬁitting chirp signal. All the robots are normally
in a listening mode waiting to receive it's particular tone. Each, upon receiving
its tone, robot will respond to it’s tone for a limited time interval and then goes
back to listening mode.

3. If the robot response is positive to the addressing tone then a chirp signal will
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be transmitted via a transmitting antenna located inside the search region.

4. After the robot receive the initial transmitting signal it will retransmit the

same signal to the receiving antennae located inside the search region,

5. The received chirps will be correlated with the chirp signal initially

transmitted.

6. The result of the correlations process will then be used to determine the

location of specific robot.

5.2.1 TRANSMITTING AND RECEIVING UNIT

The transmitter under consideration for our system consists of a linear frequency
modulation signal generator, a tone generator, and a transmitting filter. The block
diagram of such transmitter is show in Figure 5.4.

The tone generator will generate the address of any robot and is connected to the
transmitting filter during the addressiné period. The LFM generator will generate the
chirp signal for the location finding process and is connected to the transmitting filter
during the location finding period. The output of the transmitting filter is connected to

one of the transmitting antennae via a multiplexer as shown in Figure 5.5.
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Figure 5.4: Block diagram of the transmitting unit.
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Figure 5.5: Transmitting antennae via multiplexer.
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The receiving unit block diagram is shown in Figure 5.6. It consists of a group
of receiving antennae which are connected to a demultiplexer. At least three of the
receiving antennae are connected to the receiving filters via the demultiplexer. Each of
the receiving filters’ output is now connected to an identical set of subsystems as shown
in Figure 5.7. These subsystems consist of a tone detector, power measurement circuit
and a controller. The tone detector determines if the robot is present or not.

The total power measurement circuit will provide the controller with information
about the background noise. If the addressed robot responds to a tone transmitted (tone
is determined as present by the controller), then the signal is routed to the dechirping
circuit which perform the correlation process. If the tone is determined as not present,
then the controller will disregard the received signal.

The power measurement circuit is an energy detector which consists of a receiving filter,
followed by a squarer and an integrator. The block diagram of such a circuit is shown
in Figure 5.8.

The tone detector circuit is also an energy detector identical to the total power
measurement circuit with one exception. The tone detector operates on a bandwidth
matched to the tone of particular robot under consideration, whereas the total power
measurement circuit operates on the whole bandwidth occupied by the chirp signal. The
local oscillator in Figure 5.7 is used to shift the tone of a particular robot under
consideration inside the tone detector. The tone detector determines if the robot is

present or not.
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Figure 5.6: Block diagram of the receiving unit.
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Figure 5.7: Subsystem for each receiving filter.
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Figure 5.8: Block diagram for the power measurement circuit.
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5.2.2 TRANSMITTED CHIRP SIGNAL

The system under consideration utilizes a chirp signal which enables the system to
discriminate multipath signal components and provide accurate location of the robots

outside the Space Station. The chirp signal mathematically , it can be represented as

X(t) = A cos(ut + %utz) —.'g <ts (5.4)

ol

Where A is the amplitude, w, is the carrier frequency, u is the rate of change of
frequency, 6 is a constant phase which uniformly distributed in (0 - 2%) and T is the

period of the signal. The phase of X(t) is given by
¢(t) =t +put (5.5)

The instantaneous frequency of the signal X(t) is

w, + put (5.6)

From EQ. (5.6) we see that the instantaneous frequency of the signal X(t) change from
w, - wT/2 to w, + uT/2. This mean that the carrier frequency is linearly swept during
the pulse duration T covering a band of frequencies at a rate of x rad/sec?. Figure 5.9
shows the signal X(t) and it’s frequency variation.

In section 4.3 it was shown that the spectrum of this signal is relatively flat within it’s

frequency variation. Thus, the approximate bandwidth occupied by the signal is

Bw = KT (5.7)
L
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It can be seen that the spectrum of these signals depends only on their time bandwidth
product (TBW). As TﬁW product is increased these pulses obtain nearly square-pulse.
However, to obtain a accurate location in fraction of a second (Due to the structure of
the Space Station) we need to have very large bandwidth. Therefore, a single pulse chirp
signal with a constant u is not practical. However, a similar signal can be obtain by
changing the sign of p every T second. Also the carrier phase of this signal must remain

constant throughout it’s duration. Thus,
S(t) = Acos(wt + y(t) +6) 0<tg2T (5.8)

The instantaneous frequency of this signal can be found by taking the derivative of the

phase of S(t) with respect to time. Hence,
Y(t) = (5.9)

st<T | (5.10)
<tcg

Figure 5.10 shows the signal S(t) and it,s frequency variation.

The spectrum of this signal will approximately represent the shape of the single pulse
chirp spectrum. Thus,
T

F[S(t)] = J'TS(t) e’ dt (5.11)

Figure 5.11 shows a line spectrum of such signal.
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......

Figure 5.10: Chirp signal S(t).
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Figure 5.11: Line spectrum of S(t).
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5.2.3 DECHIRPING CIRCUIT

The function of the dechirping circuit is to perform the correlation process
between the received chirp signal and the transmitted chirp signal. The block diagram

of such a circuit is shown in Figure 5.12. The correlation process is performed as

follows:

1) The received signals, r(t), are multiplied by the locally generated LFM (x(t)). The

transmitted signal is given by

1 .2
x(t) = Acos (wt + -Ep.t ) , 0<t<T, (5.12)
0 , elsewhere

and the received signal is

1 2 ' _
r,(t) = Bcos(m(t+Tdi)+-§u(t+Tdi) +o;) , O0KEKT, i=1
0 , elsewhere
(5.13)
where i is the number of receiving antennae in the selected search region.
The product of the transmitted and the received signal is
y(t) =x(t) x r(t) (5.14)

After disregarding the double frequency components of y(t) then EQ. (5.14) can be
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Figure 5.12: Block diagram of the dechirping circuit.



CHAPTER FIVE 109

written as

y:(t) = gcos (0t + @) (5.15)

Where p is the carrier power of the received signal and ¢; is a random and uniformly
distributed phase in the range of [0 , 27]. This multiplication process will remove the
quadratic dependence from the received chirp. Therefore, y,(t) is a pure sinusoidal wave
whose frequency depends on relative time delays of the received signal r;(t) as compared
to the signal x(t). After the multiplication process each output is low-pass filtered and
sampled. Then the output of the S/H are first multiplexed and digitalized so that the FFT
processor can be used as means of determining wy. The frequency wy; is directly

proportional to the propagation delay T;. Thus,
w, = KTy (5.16)

Hence, the distance between the receiving antennae and the particular robot can be

determined by:
D, =T,C (5.17)

The problem under consideration is not as simple as what we discussed so far because
the received signals are combinations of multipath components from different directions
with a direct ray from the robot to the receiving antennae. The delays between the direct
ray and multipath components can be in order of few nanosecond. If the bandwidth and

the duration of the transmitted chirp signal are BW and T respectively , then we can
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discriminate between two tones located more than 1/ T HZ apart. Hence,

1
u.ITd.-TdI| 2 5 (5.18)
Therefore,
| Ty = Tyl 2-“——11,=% (5.19)

where Ty, and Ty, are the time delay of the direct signal and the time delay of the first
multipath. Therefore, if single chirp signal with bandwidth BW is used then we
discriminate between signal which arrive 1/BW seconds apart. However, if we use
multiple pulse chirp with bandwidth W, as described by EQ. (5.8), is used we can
discriminate between signals much less than 1/W apart.

Now let us begin assuming that the transmitted chirp signal consists of a single up-going
and a single down going pulse as shown in Figure 5.10. The received signal will be of

the form

A

ﬁ}cos(w(t-rd)+%y(t-rd)2 0<tsT

r(t) = (5.20)

V2pcos (w(t - T,) - %u(t -T)? T<tso2T

The product of the transmitted signal S(t) and the received signal r(t) after filtering is

Deos( pryt +0) 0<stsT
y(t) = 2 (5.21)
@cos(-pTdt+e) Tsts2T

where 6 is assumed random and uniformly distributed in [ 0, 2x ]. Figure 5.13 shows

the instantaneous frequency versus time function of the received and transmitted signals.
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Once the signal has been dechirp it’s output, y(t), is a sinusoidal wave whose frequency

is the difference between ¥’(t) and ¥'(t - T,). Where,

() = {8 T u
+ t-T
¥(t -1, ={$ C N 1Y

KT,

Y(t) =¥ (t) -¥(t-T,) = {_#,_,,d

| Y(t) | = uT,

The frequency of y(t) will be equal to uT, .

(5.22)

(5.23)

(5.24)

(5.25)

Where, the phase of y(t) though constant

during the up-swing and down-swing times, it will change it’s polarity as shown in

Figure 5.14.

Since y(t) is been detected coherently we can collect samples of y(t) only during up-

swing/down-swing times. This results in a sinusoidal signal which has a continuous

phase and a constant frequency. However, this signal is set to zero during down-

swing/up-swing times, since data are only collected during up-swing/down-swing times

as shown in Figure 5.15. Thus, if n pieces of T duration each are collected and Fourier

transformed, the resolution of the FFT corresponding to time of arrival will be 1/nW

seconds.
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Received Wavelorm

Reference Waveform

Figure 5.13: Frequency vs. time function of S(t) and r(t).
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Figure 5.14: The dechirped waveform y(t).
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uP- SW"‘Q

Figure 5.15: y(t) collected during the up-swing times.
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5.3 POWER MEASUREMENT CIRCUIT ANALYSIS

The total power measurement circuit is a energy detector which supplies the
controller with information about the background noise. This circuit is similar to the
tone detector circuit except that the total power measurement circuit operates on the
whole bandwidth occupied by the LFM signal, whereas the tone detector operates on a
bandwidth matched to the tone of a particular robot under consideration. The output of
the total power measurement circuit will be used as means of determining the threshold

at the output of the FFT.

The threshold setting device it consist of a squaring device, integrator, and a bandpass
filter that contain a narrow notch at the pilot frequency (in order to remove the pilot
tone), otherwise flat unity gain throughout the remaining bandwidth. The block diagram

of the threshold settihg device is shown in Figure 5.8.

A bandpass gaussian noise can be represented in term of it’s quadrature components

n(t) and n(t). That is
y(t) =n(t)cos(2nf_.t) - n(t)sin(2nf, t) (5.26)

in which f, is the center frequency of the bandpass filter. However , if y(t) is
bandlimited white gaussian noise of spectral density N,/2 then the quadrature components

of y(t) have flat power spectral densities of N, over |f | < BW/2. The normalized
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output of the integrator can be represented by

z(t) =
£-T

[y

Where T is equal to the observation interval. Assuming time bandwidth product is very

(5.27)

I &l

T
fyz(t) dt
-

t) dt
0

large and f, » BW then Z(t) can be approximated as

z(t) =

T
1,2 1 [, 5.28
N nZ(t) dt + No[ns(t) dt (5.28)

O\kj

Using sampling theorem the in phase and quadrature components of the noise can be

express as
n.(t) =Y n.(nT) sinc(w(t - nT)) (5.29)
and

ng(t) =Y n,(nT) sinc(w(t - nT)) (5.30)
T

fsinc(wt - j) sinc(wt - 1) dt =0 i#j (5.31)
o

From the following properties of the sinc function

T o
fsinc(wt:—j) dtzfsinc(mc—i) dt=-1-3%, 0<i<TBW (5.32)
0 -
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T
fsinc(wt—i) det = 0 i<0 or i>TBW (5.33)
0

We can represent Z(t) as

278W

z(t) = 22 Y (nX(aT) +nX(nT)) | (5.34)
o is]

It can be shown n(nT) and n,(nT) are independent gaussian random variable having the

following autocorrelation function. -
R(T) = N,w sinc (wT) (5.35)

Since n,(n;T) and n,(n;T) are statistically independent of n(nT) and n,(n;T) for i = j

respectively then Z(t) can be expressed as

UBW
Z(t) = T&WZA{ (5.36)
i=l

Where the A, i = 1, 2, ..... 2TBW, are statistically independent and identically

distributed gaussian random variable with

E(A] =0 (5.37)
and

E[A}] = N, BW (5.38)
Thus,

E(Z]) = 2TBW (5.39)
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and
o, = 4 TBW (5.40)

Therefore, the characteristic and power density function of Z can be written respectively

as follows:

v, (Jv) = 1 j;vaz)"’z (5.41)

pz(2) = 271_1( )z*"e"‘ Y = 2TBW (5.42)
Y

Where I'(y) is the gamma function, defined as

I'(y) = ft:’f'le'c dt Y>0 (5.43)
0

(y) = (y - 1! v an integer , >0 (5.44)

1, _ 3y = \/;f 5.45

r(3) =y r(3) =2 (5.45)

Hence, the pdf of a variable q can be defined as

Y -1
q’? o 37

Pglq) = (5.46)

(a’);z;u%)
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and
E[g] = 2N BW (5.48)

This pdf is called a chi-square (gamma distribution) pdf with y degree of freedom.
Figure 5.16 shows the pdf of Z for various value of 4. The impulsive nature of p,(z)
cab be seen for large y’s. This is an indication, that for large TBW, a good estimate of
the noise floor can be obtained.

At this point we can prove that if the pilot tone or the LFM signal are present at the
input of the threshold setting device, we will still obtain a good estimate of the noise

statistic. To prove this, let
S(t) =S,(t)cos (wt) - S,(t)sin(wt) (5.49)

where S.(t) and S,(t) are the low-pass component of S(t). Using the sampling theorem
for stochastic processes and the properties of the sinc function then the output of the

integrator can be express as follows

T8W

BW . . . .

1 1 1 2 1 1 2

W EZ_P[S,(B—W *agg) 1t X (Sigg) ¢ adgg)]
TBW

T8W
A+ Y !
i=

il

(3]
1]

(5.50)

using the statistical independence property for the noise terms we obtain the following

means.

E[A] = 1 Sc(ﬁéﬁ) (5.51)

Fl
w
£
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1 s(_i_) - (5.52)

JNBw O BW

The sum terms in EQ. (5.50) has noncentral x? distribution with TBW degree of freedom

E[(B,] =

and noncentral parameter

ANo= Y E(AY (5.53)
and
A, = Y E[B]? (5.54)

Since the two x* variables are independent, Z has a x* distribution with 2TBW degrees

of freedom and parameter A. Thus,

A=At
1 BW ) i TBW ) i
= W < Sc(w) - gl:sx(‘g'ﬁ)
T
1
= EI[SE(t) + sHt)] dt (5.55)
2 T
~ < 2
No‘[s (t) dt
_ 2¢
N

o

where g is the signal energy. The mean and the variance of Z can be defined by

E[Z] =\ + 2TBW (5.56)

Var{Z] = 4\ + ATBW (5.57)
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Pdf

Figure 5.16: pdf of Gamma function for different value of +.
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Hence, the x? distribution of Z is

=1 2N

p(2) = %(;)_T'e T, ,(WzZh) oz 20 (5.58)

where y = 2TBW. After a series of algebraic manipulation the mean and the variance

of q can be obtain as follows

E =2 + 2N BW
(q]) - 25, . zpo (5.59)
2 2
Pa P,
Var = 4 (5.60)
where
N
g = ["Tf]z (5.61)
and
p, = -,;1, (5.62)

We see that if the signal is present, but disregarded from the threshold setting device, the
inclination introduced will be in the order of one percent from the one acquired when
only noise is present. Consequently, the threshold setting device, does not need to notch
out the pilot tone nor stop when the LFM signal is being received. This also allows the
estimate of the noise floor to have a smaller variance due to the increased integration
time. Furthermore, the threshold device does not need estimates of when the pilot tone

stops and the LFM signal starts. It can simply use the total receiving period before
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supplying the threshold setting to the robot location-finder processor.
5.4 DETECTOR ANALYSIS

The detection circuit is supposed to detect the existence of a robot without being
confused by noise. A simple detection circuit consists of a narrow bandpass filter
followed by an envelope detector which typically has a linear or square-law characteristic
and the last stage is a threshold circuit in which the output of the envelope detector is
compared to a preset threshold. The block diagram of such detector is shown in Figure
5.17.

In this problem the threshold comparator circuit is used to observe the returned signal
from the robot and to determine whether the robot is present or absent. This situation

can be described as follows:

The source emitting two possible outputs at different instants of time. These outputs

referred to the hypotheses H, and H,. Hence,

H, : r(t) =n((t) (5.63)

H : r(t) =n(t) +s(t) (5.64)

where the hypothesis H, represents that the received signal, r(t), is only noise and the
hypothesis, H,, present that the output will be noise plus the emitted signal s(t). If each

observation is represented by a random variable and each hypothesis corresponds to one
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Band Pass
filter

Eavelope
detector

Threshold

Figure 5.17: Detector block diagram.
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or more observations, then one can establish the fact that outputs under the hypothesis
H, and H, are random variables. These random variables contain the probability density
functions of fy;u(y|Ho) and fy(y|Ho) where y is a particular value of the random

variable Y corresponding to each hypothesis. Thus,

it

Po(Y) = fyy (y|Hy) (3.65)

P (Y) = £y (Y|H) (3.66)

where pO(y) and p,(y) presents the distribution of Y under hypothesis H, and H,
respectively. Therefore, if the decisions are made based on some preset threshold,/,

under this hypothesis testing, there are four possible cases that can occur:

1. Decision made: H, Correct decision: H,

2. Decision made: H, Correct decision: H; (Detection)
3. Decision made: H, Correct decision: H, (Miss)

4, Decision made: H, Correct decision: H, (False alarm)

Where cases 1 and 2 represent that the receiver makes a correct decision, while cases 3
and 4 represents that the receiver makes an error. For our problem, case 2 is called a
detection, case 3 a miss, and case 4 a false alarm.

Suppose that each robot will transmit a signal (S(t)) with preset frequency f; and the

received signal is
ri(t) =s,(t) + n(t) (5.67)

after passing the signal s;(t) through a bandpass filter and an envelope detector we will

compare the output of the envelope detector with threshold level /. When the output of
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the envelope detector passes the threshold, the existence of a robot is assumed at the
corresponding delay (t,). If the output of envelope detector is below /, we assume tﬁat
the received signal is noise. When the threshold is above all but the highest noise peak,
only one noise peak is mistaken for a target. This is called a false alarm. By lowering
the threshold, the probability of detection will ihcrease, and at the same time, the
probability of the false alarm will increase.
Assume an input consists of a sinusoidal signal with additive white Gaussian noise. We
will seek two power spectrum densities of the envelope:

1. when only the noise is present (Hy)

2. when both noise and signal are present (H,)
with a preset threshold and the two PDF we can determine the probability of detection
P, and the probability of false alarm Py,.
When white Gaussian noise is passed through a narrow bandpass filter, the output noise

can be described by
n(t) = X(t) cos(w/kt) + ¥(t) sin(w,t) (5.68)

where X(t) and Y(t) are independent random variables having a Gaussian PDF with a
zero mean and the same variance as n(t).
For a filter with a rectangular response with bandwidth f; and the two-sided noise
spectral power density N/2 the variance of X(t) and Y(t) are

X2(t) = Y*(t) = n%(t) = £N, (5.69)

The signal with frequency W, and duration 7 (f; > > 1/7) will pass the filter almost



CHAPTER FIVE 127

unchanged. The signal at the output could be described by

S,(t) = A cos(wt - ¢,) ’ (5.70)
S,(t) = acos(wt) +b cos(uw,t) (5.71)
where

A=+vaZ + b (5.72)
and

¢, = arctan_g (5.73)

The output signal of the filter will be the sum of the noise and signal. Thus,

V(t) =s,(t) +n(t)
=acos (wt) +bsin(wt) +X(t) cos(wt) +Y(t) sin(w,t) (5.74)
=(a+X(t))cos(wt) +(b+Y(t))sin(u,t) :
=r(t)cos(uwt +¢)

where

r(t) =y(a+X(£))Z+ (b+v(t))? (5.75)
and

] '_'arCtanb +Y(t) (5.76)

A+ xX(t)

X(t) and Y(t) are independent Gaussian random variables with zero average. Hence,

r(t) = X ()% + v, (¢)?2 (5.77)
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where X,(t) and Y,(t) are Gaussian random variables with an average a and b and their

PDF can be described as follows:

L -at
p (X)) = ‘/]_'__e 3 (5.78)
Byanm
_(, - o
p (Y,) = 1l e 7 (5.79)

Byzm

where B is the standard deviation for X, and Y, that is equal to Root Mean Square

(RMS) value of the noise n(t).

p = Vn(t) = \/Nozp (5.80)
Since X, and Y, are independence from each other, their two-dimensional joint PDF is

equal to p(X,,Y,). Thus,

p(X,,Y)) = p(X;) p(Y;)
1 __?_"‘"“”2""'"” (5.81)

e
2132

Let X, =rcos¢and Y, = r sin ¢ where

Y
r= ,/x,’ +y: ¢ = arctan.x_‘ (5.82)

then

p(X,,Y;) (5.83)

p(r,¢) = -I_———rJ(XuYn)
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J(X;, Y,) is the Jacobian of the transformation

or or
X, 9%, ,
= = = (5.84)
T Ty 9T T
ox, 0,
using EQ.(5.82), EQ.(5.83), and EQ.(5.84) it yields
r r2 +a® + b - 2racosd - 2rbaing
P(Z,@) = ——me w (5-85)

under the hypothesis H;, the PDF of the envelope is the integral of p(r,¢) over all the

phases.
2%
by (r) = fp(r,d>) do
0
2z _r%®+a?+b% -2racos - 2rb sind
=f rze 2p®
0 2“‘32 v o2n o (5.86)
-IZ Al Iz (% - o)
- __z;e 2p? fe p3 cos(d - §, dd)
ﬁZ
0
-rz +A2
=L g 2 4
5 e I, Bz)

where ¢, and A are the phase and the amplitude of the signal and L(rA/@% is the

modified Bessel function of order zero. EQ.(5.86) can be rewritten as

_rd 4+ 4e2

I ~4eN, r
= o T | £ (5.87)
pl) = o e °(N)

o

where ¢ is the received signal energy in T seconds and N,/2 denotes the two sided noise
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power spectral density. On the other hand, the power density function of decision

variable y under hypothesis H, is
2
po(y) = Lel™ yxo (5.88)
all
Therefore, the decision variable Y will have a Rayleigh distribution and Rician
distribution under the two hypothesis H, and H, respectively. From Bayes rule, we have
P(D, H;) = P(D;|H;) P(H) i,j =0,1 (5.89)
where D, denotes "decide H,", D, denotes “decide H,", and P(H,) is the probability of

occurrence of hypothesis H;. Hence, the conditional density function P(D; | H)) in terms

of the regions shown in Figure 5.18 are

P(Dy|Hy) = Ifrw,(YlHo) dy =1 - P, (5.90)

P(D|H)) = lfYI".(YIHI) dy = Py (5.91)
P(Dolyx) =IfY|H'(Y|Hl) dy = P, (5.92)
P (D, | H,) =J.fm1,(Y|Ho) dy = P, (5.93)

The probabilities P,,, Py and P,, represent the probability of false alarm, probability of
detection, and probability of miss respectively. Therefore, under the two hypothesis H,

and H, for a preset threshold, /, the probability of detection and the probability of the
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falsealarm'are:
* _Vv? + 442
P, = f ve 2 I,(ay) dy (5.94)
1,/7eX,
=, %
P, =j-12 e @ dy (5.95)
aﬂ
where
A 4 (5.96)

]

QObservation space
DECIDE Hl

SOURCE

DECIDE} HO

Figure 5.18: Observation region.
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Thus, the probability of miss is defined by
P,=1-Pp, (5.97)

From EQ. (5.95) the Py, is given as a function of the noise variance and the threshold /.

Solving for I, we get

) 2 1) _| AT 1 (5.98)
1 Jza,, log [Fﬁ, J 3 log 75;,]

Figure 5.19 shows the SNR vs. P, for various Py,.
5.5 ANTENNAE CONSIDERATION

Antenna is a device that convert glectrical power to electromagnetic power, enabling
the transmitted signal to traverse the channel. Antennas are a necessary, and often
critical, part of any system which employs radio propagation as the means of transmitting
information. In some circumstances these purpose may well be served by an antenna of
a single element, which may be of various types depending on the specifications. The
specification may include some, or all, of the following electrical performance
parameters:

Frequency of operation
Radiation pattern

Gain and efficiency
Impedance

Bandwidth

Polarization
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Figure 5.19: SNR vs P, for various P,,.



A NEW APPROACH 134

In addition there may be the major practical limitation such as dimensional and structufal
constraints, weight, materials, environmental factors and of course cost.
Antennas can be very broadly classified either by the frequency spectrum or by their
basic mode of radiation. For example array antennas, travelling-wave antennas,
elemental electric and magnetic currents antennas can be classified by mode of radiation.
For our system, a single isotropic antenna may serve our purposes at particular
location of the Space station. However, there might be locations where a more flexible
antenna pattern is required, or instance when the overall system gain need to be increased

without the need to increase the radiated power.

5.5.1 ANTENNAE GAIN

The power gain is a quantity which define the ability of an antenna to concentrate
energy in a particular direction. It is measured at the peak radiation intensity. The

power gain of an antenna in a specified direction (6,¢) is

G(0,9) = Am* power radiated per unit solid angle € direction §,¢
! total power accepted source (5.99)

We have a radiator that is radiating energy into space. If the radiator disperse the energy
equally in all direction, then the amount of energy collected over an area A is simply the
ratio of area A to the area of the entire sphere.

Now let us suppose that at the center of the sphere we have a transmitter that is radiating
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a power, P,, through an antenna that scatters this power isotopically. The amount of

power being collected at the receiving end with a device of area A is

P
P,=__fi (5.100)
2
ATR

where R is the radius of the sphere. The power density radiated by an isotropic antenna

at distance R per unit area is

P
g=_5 (5.101)

4MR?

The gain of a antenna increases the power in the direction of the peak radiation. In

general, gain is defined as the gain biased pattern of the antenna. Hence, Power density,
S(0,9), is

PG(6,¢)

(5.102)
4TMR?

s(0,9) =

The ratio of power gain to directivity is termed the radiation efficiency, », of the
antenna. The surface integral of the radiation intensity over the radiation sphere divided

by the input power is the antenna efficiency. Thus,

2x2x

17=‘u'i(_z;r;?_)_sin0 a0 de | (5.103)
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5.5.2 POLARIZATION

The polarization of an electromagnetic wave, E, at a single frequency describes the
shape and arrentation of the locus of the extremities of the field vectors as a function of
time. Hence, if the wave is travelling in the z direction, the electric field components

in the x and y direction are

E =E sin(wt - fz) (5.104)

E,=E,sin(wt - Bz + §) (5.105)

where E; and E, are the amplitude of wave linearly polarized in x and y direction
respectively and § is time-phase angle by which E, lead E,. Sum of E, and E, is the

instantaneous total vector field E:
E=a,E, + a,E, (5.106)

where a, and «, are the unit vector in the direction of x and y. We can also express the

spherical wave in the far field in terms of 6 and ¢ components of the electric field E.
E=E,d0 + E,d¢ ‘ (5.107)

Where E, and E, are phaser components in the direction of the unit vectors oy and a,,.
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Equation (5.106) and (5.107) can be rewritten as

E=E (a, + bLa,)
(5.108)

E=E;(ay + p,,)
E (5.109)

A . ¢
pL_'E;

where p, is the linear polarization, a complex constant. For E, = E, and §=+490° or

p =€ the wave is circularly polarized. The electric field in the polarization plane

can be written as

E . E \
E=_Z(a, + ja,) + £ (e, - ja,) (5.110)
2 2

Therefore, the circular polarization can be defined by

E=E, (a, + pag) (5.111)
where
. _ Ep 8
P ?L ce]‘
= 1 . '
g = — (@ = Ja,) (5.112)
V2
- 1 ,
a = —(a, + Jaé)
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5.5.3 POLARIZATION RESPONSE

When the antenna polarization dose not match that of the incident radiation, the
effective receiving cross section is reduced. In addition polarization mismatch adds an
extra loss to the path loss formulas. Under transmitting conditions the radiated field in

the z direction is expressed in the form

E,=E (e, + p,a,) (5.113)
and the incident wave on the antenna is given by

E;=E)(a, + p,,2,) (5.114)
The response of the antenna to the incident wave can be express as

E,~E/(1 + ﬁLIﬁ,:) (5.115)

If we normalize the incident wave and antenna response, then the loss due to polarization

mismatch is found.

s,
A
1+ b, pr
rhfL, (5.116)
E;= x+pL,ay . .
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The normalized voltage response is

v = (5.117)

V2 + bupiyT* hopr

When we express it as a power response, we obtain the polarization efficiency I':

_ 1+ |62 8,12 + 2|5y | B |cos (8, - 6,)
(1 + 15,5 (2 + [5,]%

(5.118)

Where 6, and §, are the phases of the polarization ratio. For I'=0 the two polarization

are orthogonal only if

|6, ] = 5T (5.119)
and
§, - &, =% 180 (5.120)

This can be expressed vectorially by the orthonormal generalized vector for polarization.

Thus,
@ +a =0 (5.121)

We can define in terms of this basis with a polarization ratio p. By paralleling the above
analysis for linear polarization, we obtain the polarization efficiency for an arbitrary
polarization basis,

1+ |5,|%]8,]% *+ 2|5,| |B,] cos (8, - §,)

(5.122)
ERDEEEER
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For §, - §, = 0 maximum polarization efficiency I',, will occur.

(1 + |2]15,])
(1 + |31+ ]5,])

(5.123)

max

The minimum polarization efficiency I'y;, occur when ¢, - , = 180-,

(1 - |8,]18,])

5.124
ISR (5.124)

min

5.6 ANTENNAE LOCATIONS

Figure 5.20 shows approximate design of the space station. The system under
consideration must be able to determine the location of the robot anywhere around the
space station, within a few feet, including the hidden spaces. To achieve this goal, the
entire space station is broken into five segments. Each segment is required to have at
least one transmitting antenna and a minimum of three receiving antennae. However,
we have placed six receiving antennae and one transmitting antenna in each region which
can provide us with the location of the robots at all times. Therefore, we estimated that
a minimum of five transmitting and thirty receiving antennae are required. The number
of antennae can be reduced if we need to locate the robots at some distance from the
space station. In order to determine the location of the antennae we have followed the

following guidelines.

1) At least three receiving antennae must have direct line of sight with the robot.
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Figure 5.20: The Space Station.
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2) Field of view for each antenna must be maximized.

3) Every point around the place station must be inside the common view of at

least three antennae.

4) The three receiving antennae working at the same time should not lie on the

same line.
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5.7 SPACE LINK

Flux density ®, at the robot receiving antenna can be written as

Prs

@ =
O 4nR?

(5.125)

where Prg is power radiated by the transmitting space station antenna and R is the
distance of transmission. If the transmitting antenna gain is Grg, the flux density at the

robot receiving antenna will be:

G P
p, = BT (5.126)
47 R?
Hence, total power received by the robot antenna is:
G P 2
Ppg = -2 ”G’"‘( A ) (5.127)
L, 4TR

where
Grs Prs = Effective isotropic radiated power
Ggz = Robot receiving antenna gain
A, =Effective aperture
Ly = Total power loss in the transmission path
A = Wavelength of the radiated wave
(4xR/N\)? = Free space loss
If the effective noise temperature of the robot receiver is Tgg, then the noise power at

the robot receiver input will be N,, and if we replace Py, by C, where C is the carrier



power, uplink carrier-to-noise density ratio can be written as

= uplink carrier-to-noise density ratio

= Uplink transmission medium loss
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(5.128)

(5.129)

Space Station Effective Isotropic Radiated Power (EIRT)

Robot receiving sensitivity

Free-space loss

< ] _ PrGrGrg [ A ]2
N,|, TrmlyK [47R,
and
N, = KT
where
(C/Noy
PrsGrs =
Gra/Trr =
4xRyN)? =
Ly
K =

Boltzmann’s constant.

The downlink carrier-to-noise density ratio can be find by simply replacing the

subscript S with R, R with S and U with D in EQ. (5.128). Thus,

c

NO

where

PrrGrRGps [ R

D

(C/No)o
PG
Gps/Tas

(47Ry/\)?

= Downlink carrier-to-noise density ratio

“Teslp K l4 TR,

(5.130)

= Space Station Effective Isotropic Radiated Power (EIRT)

Robot receiving sensitivity

Free-space loss
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Ly = Uplink transmissibn medium loss
K = Boltzmann’s constant.
Total carrier power at the Space Station receiver input (Cgg), the carrier power at the
robot receiver input (Cgg), and the carrier power at the robot transmitter output (Cgy) can

be written respectively as follows:

Crs = CarGp (5.131)
Ceg = GyPrs (5.132)
Crr = CrrG (5.133)
RT RR

where Gy and G, are

2
G, = GTSGRR( A ) (5.134)
L, \4nR,
GG, 2
G, = Zmrs A (5.135)
L, |\4nk,

and G is the repeater gain.
Consequently, the total link carrier power at the end of the space link (C;) can be defined

as

N:CrrGp

(o 5.136
T NgsBW + KT BW ( )

where N, Npy, and Nis are the total space-link noise, noise at the robot transmitter

output, noise power at the Space Station receiver input due to robot-generated noise
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respectively. Thus,

N, = NpBW + KT BW (5.137)
Ny = GKT, (5.138)
Nps = GpNer (5.139)

where KT, is the total noise power at the robot receiver input per unit bandwidth and

KT; is the additional noise power generated at the Space Station input.

Therefore, the uplink carrier-to-noise ratio, downlink carrier-to-noise ratio, and total

carrier-to-noise ratio can be written respectively as follows:

(_C_') - _Cm (5.140)
N), KT.BW

(E) = Crs_ (5.141)
N|, XT,BW

(E) - CrrGp (5.142)
N|, TNBW + KT.BW
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5.8 SYSTEM PERFORMANCE

In this section we will analyze the system’s performance. The performance of the
system can be evaluated by determining:
1. Probability of detection Pp,
2. Probability of false alarm P,
Detection is associated with the case where one of the FFT output crosses the set
threshold. However, if the detection is solely due to presence of noise, then it is called
a false alarm. We begin by making the following assumptions about the measurements.
1. The receiver should find which direct path signal occupies which frequency

bin.

2. Since signals which undergo smaller propagation delay give rise to lower
frequency components, the receiver has to identify the components(due to the

direct path signal and it’s multipath and select the one with the lower frequency.

3. The frequencies obtained by the direct path and the multipath signals are

orthogonal to each other.

4. If a measurement is below the threshold, it will be assumed to as due to

noise.
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5. If a measurement is above the threshold, it will be assumed to as due to

signal.

The signal is said to be present, detected, if one of the FFT output crosses the threshold.
Obviously by varying the threshold setting, both P, and P, can be effected. If the
threshold setting is lowered more of the signals is going to be detected. But, at the
same time a larger percentage of these signals could be false, since more of the FFT’s
outputs exceeding the threshold is solely due to noise.
In general, it is desirable to keep P, low, since it avoids the space station to waste time
taking actions. Thus, degrading the performance as far as Py, is concerned. Fortunately,
once the noise background is known as in the case here, the system can perform
optimally. The receiver can estimate the received signal energy and use that to set
threshold for detection purposes. Thus, by setting the P;, and knowing the noise power,
the threshold can be computed as follows:
P, = Pr [at least one noise term above threshold]

" = | - Pr [all noise terms below threshold]
Denoting [/ the threshold level, and assuming that M and N antennas receive the direct
and multipath signal components, then there are N-M statistically independent noise term,

taking on a Rayleigh distribution.
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Thus,
Pgy =1 - Prfn, < 1, n, <1, Ny oy < 1]
=1-(Prln < 1]yW-¥ '
Ln Ak [ (5.143)
1 4¢eN, 143
= - - o dn .
1 -1 .{23Age X
12 N-M
I

Once the noise power has been computed the value of / can easily be determined for a
given P, . The value of noise power is simply (N,BW)/N, where BW is the bandwidth
at the input of the FFT, N, is the power spectral density of the noise and N is the
number of antenna. Assuming that the system oscillators are perfectly accurate, the

probability that the direct path signal will cross the threshold will be

) dy (5.144)

Figure 5.21 and 5.22 shows the P, vs. SNR for various P, respectively. In addition,
probability of false alarm vs. the threshold having SNR as the parameter, as well as the
probability of false alarm vs. SNR with threshold as the parameter for various values

of N-M, are shown in appendix A.
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Pm vs. SNR
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Figure §.21: P_ vs SNR for different P,,.
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Pd vs. SNR
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Figure 5.22: P, vs SNR for different P,,.
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5.9 ROBOT LOCATION

The distance between the robot and at least three receiving antennae is measured by
determining the signal travel time from the transmitting antenna to the robot and back to
the receiving antennae located on the Space Station. Since the distance from antennae
to the robot is constant, say r; , the robot is bound to be located on the surface of a
sphere centered on antenna i and having a radius r; . Knowiﬁg the distance r, from the
robot to receiving antenna A,, r, from the robot to receiving antenna A,, and r, from the
robot to receiving antenna A,, then the location of robot can be found by determining the

common intersection of the three spheres. Thus,

xi+yi+zi=r§ (5.145)

(X, ~%,)2+y, +25 =r] (5.146)
2 2

(%, ~%3) 2+ (¥,,~¥5)** 24, =13 (5.247)

where (Xa0, Yaor Za)s ((Xa0-X1)s Yaos Zao)s and ((Xao-X3), (Yao~Y2)s Zao) are the location of

three receiving antennae respectively. The point (xp, yg, Zg) Which satisfies all three

equation above will be the location of the robot. Thus,

-1 2,.,.2_.2
xR-..Z.}.[_l(xﬁro-r,) (5.148)

y,=2_;',_(x22+y22+r§-r22-2x2xR) (5.149)
2

zR=,/roz-sz-yR (5.150)
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CHAPTER
SIX

SUMMARY & CONCLUSION

6.0 SUMMARY AND CONCLUSION

In this thesis, we have designed and analyzed a new signal processing technique to
implement a Space Station robotic traql(ing system. The system overcomes the existing
technical limitations by utilization of a wideband chirp signal in combination with a
polling procedure that identifies the presence of a particular robot. The wideband chirp
signal is well suited for this system since it easiily provides the large time-bandwidth
product needed, this signal allows the system to discriminate between multipath signals
components and precisely find the location of each robot. In addition, the location of an
individual robot can be achieved to within a few meters in a fraction of a second

(approximately 400 usec.). Therefore, the system will be capable of searching the
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whole, or part of, the space outside the Space Station in order to continuously locate and
track a large number of robots in a fraction of a second.

The overall performance of the system depends on the performance of the tone
detector; total power measurement circuit, which provides the system with an estimate
of the received noise power at the input of each receiving antennae; as well as the
number of antennae.

The P, of the tone detector, as shown in Figure 5.19, approaches unity as the SNR
or the Py, increases. For instance, for P, =10%, the SNR must be kept above 14 dB for
a good performance of the tone detector.

The overall system performance was considered when the power of noise floors are
- known. This enables one to control the system’s overall P;,. As shown in Figure 5.21
for a constant P;, as SNR is increased the P, is decreased. For example to attain a
P,< 10® SNR must be kept greater than 14 dB and P,=103. In addition, further
example of system performance can be observed in appendix A.

To determine the location of the robot anywhere around the space station, within a
few feet including the hidden spaces, the' entire space station is broken into five
segments. Each segment is required to have at least one transmitting antenna and a
minimum of three receiving antennae. However, we have placed six receiving antennae
and one transmitting antenna in each region which can provide us with the location of
the robots at all times. Therefore, we estimated that a minimum of five transmitting and
thirty receiving antennae are required. The number of antennae can be reduced if we
need to locate the robots at some distance from the space station. Figure 5.20 shows the

approximate design of the space station and the location of the antennae.
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APPENDIX A



APPENDIX 156

10-3
r B
i 4
|
- -1
= 4
powe = -
£ 104 . :
. ]
.. 1
]
l
|
- :
{
|
10-9 '
0.45 0.65 !
|
l a‘
|

Figure 1: Probability of false alarm vs. threshold for N-M=5,4,3,2,1 from
top to bottom and SNR=18.
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