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Time Domain Antenna Pattern Measurements
by
Andrew M. Predoehl

Abstract

Multipath on far-field antenna ranges causes distortion of antenna pattern measurements.
The multipath components have differing path lengths and hence can be separated by illu-
minating the antenna under test with short-duration pulses. Alternatively, antenna meas-
urements can be made in the frequency domain, and the Fourier transform can be used to
relate the frequency-domain measurements to the antenna's time-domain response. The
interference then can be removed with a time-domain gate, and transformed back into the
frequency domain to yield improved CW antenna patterns. Virginia Tech has recently
completed a major upgrade of their far-field antenna range and implemented a system to
perform this data collection and data processing. This thesis describes the principles and
implementation of the time-domain processing part of the system. Further, it demon-
strates the validity of the method by showing the improvements in pattern measurement

that have been achieved with the new system.



Acknowledgements

I want to thank several of the faculty, who have been very helpful to me and generous
with their knowledge, time, and advice: Dr. William Davis, Dr. Charles Nunnally, Dr.
Timothy Pratt, Dr. Jeffrey Reed, Dr. Brian Woerner, and especially Dr. Warren Stutzman,
who has been a respectful employer and a supportive advisor, and who repeatedly hired
me for projects that any human resources consultant would say I was unqualified to

touch.

I am grateful to the Bradley Department of Electrical Engineering for the several teaching
assistantships I have received from them, to the Satellite Communications Group and
Center for Wireless Telecommunications for the research assistantships I have worked

on, and to DuPont for the graduate fellowship given me.

I appreciate the help of the many students and staff in the Satellite Communications
Group, Antenna Group, and EE department whom I've known over the years, especially
that of Loretta Estes and Randall Nealy.

I am grateful to the many individuals who have made my graduate career (so far) as edu-
cational as it has been; I am even more grateful to those who have helped me cope with
all the education I have received. It is my good fortune that they are so numerous that I

cannot name them all here.

iii



TABLE OF CONTENTS

ABSTRACT
ACKNOWLEGEMENTS
TABLE OF CONTENTS
LIST OF FIGURES
CHAPTER 1: INTRODUCTION
1.1 Antenna Patterns and Interference
1.2 Time-Domain Gating As A Mitigation Technique
CHAPTER 2: A REVIEW OF PATTERN MEASUREMENT TECHNIQUES
2.1 Introduction
2.2 Early Applications Of Time-Domain Techniques To Antennas
2.3 Time-Frequency Transformation In Radar Literature
2.4 Network Analyzer Applications
2.5 Errors Due To Time-Gating
2.6 Compact Range Applications
2.7 Future Work
CHAPTER 3: PRINCIPLES OF TIME DOMAIN GATING
3.1 Model And Measurement Issues
3.2 Multipath Effects
3.3 Wideband Characterization
3.4 Frequency-To-Time Transformation
3.4.1 Synthetic Inputs And Outputs
3.4.2 Use Of The IDFT
3.4.3 Frequency-Domain Tapering
3.5 Gating Theory
3.5.1 Basic Operation And Application Of The DFT

iv

ii
iii
v

vii



3.5.2 Time-Domain Tapering
3.5.3 Time-Domain Gating As Frequency-Domain Smoothing
3.5.4 Removal Of Frequency-Domain Taper

3.6 Conclusions

CHAPTER 4: IMPLEMENTATION OF A SOFTWARE GATING SYSTEM

4.1 Virginia Tech Rooftop Antenna Range Upgrade Project
4.2 Antenna Range Hardware

4.3 Range Runner

4.3.1 Range Runner Overview

4.3.2 GATELAB Overview

CHAPTER 5: VALIDATION OF THE SOFTWARE GATING SYSTEM

5.1 Validation Goals

5.2 Examples

5.2.1 Open-Ended Waveguide
5.2.2 Conical Dipole

5.2.3 Pyramidal Homn

CHAPTER 6: RECOMMENDATIONS AND CONCLUSIONS

6.1 Future Work

6.1.1 Increased System Automation

6.1.2 Antenna Gain Measurements

6.1.3 Visualization / Characterization Of Range Phenomena

6.1.4 Development Of A Range Equalizer

6.1.5 Application Of Spread-Spectrum Interference Cancellation
Techniques

6.2 Conclusions

6.2.1 Summary Of Improvements

6.2.2 Limitations Of The Software Gating Method

APPENDIX A: GLOSSARY

44
45
50
51
52
52
55
56
58
63
69
69
70
70
79
81
84
84
84
85
86
86
87

88
88
89
90



APPENDIX B: DERIVATION OF (3.24) FROM (3.23) 96
REFERENCES 98
VITA 101

vi



Figure 1-1:
Figure 1-2:

Figure 1-3:
Figure 1-4:
Figure 1-5:
Figure 1-6:

Figure 1-7:
Figure 3-1:
Figure 3-2:
Figure 3-3:
Figure 3-4:
Figure 3-5:
Figure 3-6:
Figure 3-7:

Figure 4-1:
Figure 4-2:
Figure 4-3:
Figure 4-4:
Figure 4-5:
Figure 4-6:
Figure 4-7:
Figure 4-8:

LIST OF FIGURES

Diagram of a communications transmitter.

Illustration of how reflections introduce pattern measurement
distortion.

The Virginia Tech rooftop antenna range.

Dominant rays on the Virginia Tech antenna range.

[lustration of time-domain gating.

[ustration of the computation of the channel output due to a
synthetic input.

Illustration of the computation of the gated channel response.

Test channel.

Measurement of transmission coefficient.

Illustration of pattern normalization.

Illustration of r(t).

Illustration of frequency-domain tapers.

Convolution of rectangular-shaped signals.

Illustration of three situations in frequency-domain circular
convolution.

Antenna range architecture.

Categories of modules within Range Runner.

Range Runner main screen.

Range Runner configuration screen.

Range Runner pattern measurement screen.

Range Runner printout setup screen.

GATELAB screen.

Illustration of the effect of time-domain taper.

vil

0 O O W

20
21
23
34
40
47
49

54
58
59
61
62
62
63
65



Figure 4-9:
Figure 4-10: LabVIEW diagram for "Frequency domain to time domain.vi"
Figure 4-11: LabVIEW diagram for "Time domain to frequency domain.vi"
Figure 5-1:
Figure 5-2:
Figure 5-3:
Figure 5-4:
Figure 5-5:
Figure 5-6:
Figure 5-7:
Figure 5-8:
Figure 5-9:

LabVIEW diagram for "Time Domain Gating computation.vi"

The AUT is an open-ended, probe-fed waveguide section
Waveguide E-plane patterns at 2.56 GHz.

Waveguide E-plane patterns at 3.16 GHz.

Waveguide E-plane patterns at 3.88 GHz.

Waveguide E-plane patterns v. frequency.

Waveguide H-plane patterns at 2.32 GHz.

Waveguide H-plane patterns at 2.76 GHz.

Waveguide H-plane patterns at 3.32 GHz.

Waveguide H-plane patterns v. frequency.

Figure 5-10: Conical dipole test article.

Figure 5-11: Conical dipole patterns at 1.20 GHz, gated with a 15 ns Blackman

Figure 5-12: In the time - azimuth domain, the measured channel response is a

gate.

convolution of the antenna response and the range response.

Figure 5-13: Pyramidal horn response v. time and azimuth.

Figure 6-1:

Range effect in the frequency - aperture domain.

viii

67
68
68
71
73
73
74
75
76
77
77
79
80
81

83
87



CHAPTER 1

INTRODUCTION

The purpose of this chapter is to introduce many of the terms and ideas that are
discussed in detail in this thesis. The discussion begins with a brief overview of antenna
patterns and their importance, to justify the continuing interest in measuring antenna pat-
terns. Then the focus shifts to the interference problem that arises in many measurement

facilities, and the mitigation technique that is the thrust of this thesis.

1.1 Antenna Patterns And Interference

The antenna is a critical component in radio systems. It is a transducer that
bridges the gap between electromagnetic (EM) waves and electrical circuits. See Fig.
1-1. Antenna theory and design continues to be an active research area. The recent surge
in wireless communication has sparked interest in several different areas of antenna tech-

nology, from new, small antenna designs, to adaptive antennas for cellular base stations.

MIC Electronic circuit ANTENNA

Acoustic EM
j7 D) ) ) waves

waves

>) )lp-

Figure 1-1: Diagram of a communications transmitter. Just as the microphone is a
transducer of acoustic waves to electrical signals, so the antenna is a transducer from
electrical signals to EM waves. (FM modulator circuit from [Cou90].)



The development of a new antenna usually involves fabrication of one or more
prototypes, since many aspects of antenna behavior cannot be predicted with complete
confidence, even with computer simulations. A prototype antenna can be tested in differ-
ent ways, but often the most important test is that of measuring its pattern. (Terms in
italics are explained in Appendix A.) The formal definition of antenna pattern can be
found in [Stu81]; in essence, it is the antenna's power-transducing ability with respect to
physical orientation. This idea will be further developed in Chap. 3.

In antenna design, pattern is often of critical importance. The relationship paral-
lels that of the frequency characteristic of frequency-selective filter networks: although a
filter can be evaluated in terms of its insertion loss, impedance, or group delay, usually
the first thing a designer considers is its frequency characteristic. Likewise, there are
many parameters that characterize an antenna (e.g., efficiency, impedance, and band-
width), but pattern is almost always a consideration. Two examples illustrate this fact.
The first is from the field of satellite communications, and the second pertains to radar.

Antennas play a very important role in satellite communications, both on space-
craft as well as on earth. As explained in [Pra86], geostationary satellites are often posi-
tioned only 2° apart along the geostationary orbit. Thus an earth station antenna must
focus its transmitted power into a narrow beam, pointed directly at the target, and the an-
tenna must be designed to keep the illumination of the neighboring satellites below a
specified level. This level is specified (by the FCC) through antenna pattern. An earth
station antenna pattern must stay within a prescribed "sidelobe envelope." Violation can
result in large fines or even criminal conviction. Thus the engineer designing antennas
for these applications will be very concerned with antenna pattern, especially sidelobe
levels.

Many systems, such as radars, use phased array antennas. A phased array is an
antenna made up of many smaller antennas, "elements," carefully arranged in a grid. The
pattern can be "steered"” electronically by establishing appropriate phase relationships be-

tween the elements. Unfortunately, certain factors such as fabrication on a substrate and



close proximity of the elements can combine to cause undesirable EM interactions be-
tween the elements. These interactions can have a profound effect on the array perform-
ance, causing "blind spots." The array cannot receive or radiate energy in the direction of
the blind spot. This is a significant problem--a bad blind spot can render a phased array
useless. Therefore blind spots must be detected as early as possible in the design. Often
this is done by building a special prototype of the array and measuring its pattern, called
the "active element pattern," which indicates the blind spot positions [Poz84]. Since the
blind spots are hard to predict by other means, pattern measurement becomes an impor-
tant part of the design of the phased array antenna.

The foregoing examples serve to illustrate the importance of pattern measurement.
Antenna patterns can be measured with a number of techniqu¢s, which will be reviewed
in Chap. 2. This thesis will focus on perhaps the most straightforward technique: meas-
urement on a far-field range. This is performed by measuring the received power as the
antenna is rotated about one axis while it is illuminated by a distant source. The resulting
power level (usually expressed in relative or absolute dB) versus orientation forms the ra-
diation pattern. (If the antenna is turned in only one axis, then strictly speaking only a
subset of the pattern is measured, although we will not emphasize this distinction. The
single-axis result is often called a cut.)

Ideally the antenna under test, or AUT, is excited with a plane wave, usually at a
single frequency and polarization. In practice the excitation is generated by a source an-
tenna located far enough from the AUT that the incident energy approximates a plane
wave. Unfortunately, the source antenna tends to illuminate not only the AUT, but other
objects as well. For example, if the range is located on a flat surface, the source antenna
illuminates the ground. Some of the ground illumination will reflect into the AUT. Fig.
1-2 illustrates this idea (with some oversimplification). The result is that the measured
"pattern" becomes the superposition of the true pattern and the pattern at a different orien-
tation. In Fig. 1-2, the figure-eight shape symbolizes the true pattern of the AUT, excited
by line-of-sight ray R1. The peanut shape beneath it represents the contribution of the



reflection ray R2, which excites the AUT from a different angle, generating a so-called
"conical cut" component, which is in general different from the desired pattern. In a sys-
tems sense, most antennas are very linear, so superposition applies, and the two compo-
nents add. The net effect is to distort the measurement, as shown on the right part of Fig.
1-2. Since antennas behave linearly, the network between the source antenna terminals

and the AUT terminals will be referred to as the test channel.

-

SOURCE .. .-~~~ TEST

Figure 1-2: Illustration of how reflections introduce pattern measurement distortion.
(Icons represent antenna pattern cuts--polar plots in the azimuth domain)

A practical far-field range can have many other sources of reflections besides the
ground. For example, the Virginia Tech rooftop range has many potentially reflective ob-
jects within the source antenna's view. Fig. 1-3 is a photograph of the Virginia Tech far-
field range, located on the roof of Whittemore Hall. There are many potentially reflective
objects on this range, such as the roof of the building, the wall of the penthouse, the metal
box visible in the foreground on the left, and the wall around the edge of the building. At
higher frequencies these items tend to be less of a problem. However, below 3 GHz, the
interference becomes significant. Because reflections can come from so many sources, it

becomes impossible to account for all of them.
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Figure 1-3: The Virginia Tech rooftop antenna range. The large central building is the
Whittemore penthouse. Tower separation is about 20 m.

1.2 Time-Domain Gating As A Mitigation Technique

The preceding discﬁssion assumes use of a single frequency--that is, an unmodu-
lated carrier--also known as continuous-wave (CW) excitation. However, if the excitation
is amplitude-modulated to shape the energy into a time-limited pulse, then the reflection
components can be distinguished from the line-of-sight component, since the reflection
paths are longer and hence experience more delay than the direct path. (Each meter of
additional path length causes a 3.3 ns increase in the delay.) Fig. 1-4 illustrates this idea.
Ray R1 is 18 m long, and a TEM wave requires 59.4 ns to go from the source antenna to
the AUT along this path; whereas ray R2 is 1 m longer, and a TEM wave takes 3.3 ns
longer to reach the AUT along this path. If the illumination is amplitude-modulated into
short pulses, then the two components will be distinct. Fig. 1-5 shows what that might
look like. A single pulse is transmitted from the source antenna, illuminating both the
AUT and the ground. (The shape over the source antenna symbolizes the transmitted sig-
nal in the time domain: it is a sinusoidal carrier with amplitude modulation confining the
energy into a short pulse.) Just as before, the energy travels to the AUT along a line-of-
sight path and a reflection path. The times of arrival differ, though, because of the differ-

ence in path length. The symbols at each of the rays illustrate this: the pulse traveling



along the line-of-sight path arrives earlier than the pulse traveling along the reflection
path. Thus the signal at the AUT (labeled RAW), shows two distinct pulses. We will re-
fer to this signal as the pulsed response of the channel. The undesired component can be
removed by multiplying the signal with a time gate. The result (labeled PROCESSED) is
called the gated response. This operation is known as gating. To measure an entire an-
tenna pattern using gating, the AUT must be rotated (continuously or in discrete steps)

while this process is repeated.

L, 18 m, 59.4 ns delay

- G, 19 m, 62.7 ns delay ,>7

-

SOURCE *-._ .-~ TEST

/

N

Figure 1-4: Dominant rays on the Virginia Tech antenna range. The reflection path has
3.3 ns more delay than the direct path.

m " RAW
\-,____“--”-u——A—-JwL) I e x GATE
2 " = PROCESSED

SOURCE “-._ .-~ TEST

Figure 1-5: Illustration of time-domain gating.

Time gating can be performed using appropriate pulse transmitters and receivers.
Transmitters with the pulse modulation and receivers with an adjustable time gate are
commercially available. We will refer to this implementation as hardware gating, but it
is not the focus of this thesis. For many reasons, it is desirable to use an alternate imple-
mentation, which we will call software gating. Software gating requires only a CW
transmitter and receiver, and uses digital signal processing to determine the pulsed chan-
nel response. This thesis discusses the theory, design, development, and validation of the

software gating system implemented at Virginia Tech.



A software gating system relies on the linearity of the channel to determine the
channel's response to synthetic pulses, that is, hypothetical pulses that never exist as EM
waves. The pulses are synthetic because they exist only in the computer; on the computer
display, they look like pulses, but they are purely digital entities. Nevertheless, it is pos-
sible to determine the channel's response to real versions of the pulses, based on linearity.
That is, if one of these synthetic pulse signals were generated via the appropriate RF
hardware, the channel response would be nearly identical to the response predicted by the
software gating system. The necessary assumptions are that the channel is linear and that
the channel measurements are of high quality.

The information required to determine the pulsed response is a set of CW gain
measurements (both magnitude and phase) made on the channel, across a range of fre-
quencies, and repeated as the AUT is rotated in discrete steps. With these data the pulsed
response can be determined numerically. Fig. 1-6 illustrates the computation of the chan-
nel's pulsed response. Synthetic pulses x(t) are decomposed into discrete frequencies,
X(f), in a Fourier series. Channel measurements at the same discrete frequencies, T(f),
characterize (at a fixed azimuth) the effects of the antennas, range reflections, and so on.
The product of these frequency domain data yields the channel response to the synthetic
pulse input, Y(f), represented in the frequency domain. The inverse Fourier series then
relates the frequency-domain response to the time-domain response, y(t), which reveals
the presence of interfering signals; the illustration suggests a line-of-sight component and
a slightly-attenuated interference component. These concepts will be explained in greater
detail in Chap. 3.

So far, the gating method of Fig. 1-5 has not been discussed--only the procedure
to determine the pulsed response of the channel without having to transmit actual pulses.
Fig. 1-7 illustrates the synthetic-pulse method of gating. A gate, g(t) is applied to the
pulsed response y(t). The user chooses a gate function that passes the line-of-sight com-
ponent and excludes the interference. This gate function is multiplied with the pulsed re-

sponse in the time domain. Ideally, the product, the gated response, z(t), is the
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interference-free response of the AUT (free of the reflection sources within the antenna
range). The time-domain gated response then is decomposed into a Fourier series Z(f)
that (ideally) indicates the AUT response over a range of discrete frequencies. If this pro-
cedure is repeated for each azimuth position of the AUT, then the discrete-frequency data
in the gated response can be assembled into interference-free CW pattern cuts. Obviously

a large number of cuts are generated at the same time--one for each frequency step.

PRI ]S

o
I I I I CHANNEL MEASURE-
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Figure 1-6: Illustration of the computation of the channel output due to a synthetic input.
74 = Fourier series; J75 = inverse Fourier series

Three points need to be briefly addressed. First, it is perhaps not obvious that the
spectrum of the gated response differs from the spectrum of the synthetic pulses; this will
be established in Chap. 3. Second, Figs. 1-6 and 1-7 suggest that the relatively tapered
spectrum of the synthetic pulses causes the gated response spectrum to be tapered. That
is true here, but it can be circumvented easily, as will be seen in Chap. 3. Third, note that
this method is "blind" with respect to azimuth; as a result, the same procedure must be re-

peated as the AUT azimuth angle is varied (usually in discrete steps). This is desirable if



the user intends to apply certain other error-correction techniques to the pattern data, such

as pattern averaging.

SYNTHETIC
OUTPUT, y(t)
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Figure 1-7: Illustration of the computation of the gated channel response.

As Fig. 1-6 and 1-7 indicate, the software gating system is conceptually more
complex than the hardware gating system. But, the complexity is offset by several
advantages. The most important is that is uses a CW transmitter and a CW receiver (ca-
pable of measuring both magnitude and phase). This is superior to a hardware gating sys-

tem in a number of ways:

CW transmitter and receiver technology is mature, accurate, and relatively easy to use.
The transmitter can use uniformly high power levels at each frequency, and the
receiver can use very narrow filters, yielding channel measurements with high
signal-to-noise ratio.

The Virginia Tech Antenna Laboratory, which sponsored the development, already

owns the necessary equipment.



Other advantages include:

Gated results can be related back to interference-free CW patterns via a Fourier series.
Long after an experimental setup is disassembled, the AUT data can be re-loaded into
the computer and gating parameters (such as gate position and width) can be changed.
Pulsed response data in the time domain (without the gating) provide insight into the

sources of range interference.

The maiﬁ 'disadvantage of the software gating system is that the necessary data
collection step is slow. A typical measurement might use 401 frequency steps at each of
360 azimuth positions, totaling 72360 data points. If the receiver uses a 27 Hz IF filter,
which has a settling time of about 0.04 s [Ser84], then the data collection requires well
over an hour. This is inconvenient for the user, of course, but it can cause a more insidi-
ous error: the measurement system can suffer gain and phase errors due to thermal drift.
Other advantages and disadvantages will be discussed in following chapters.

There are many far-field ranges in use, most of which do not use time-domain
techniques. These ranges often suffer reflection problems at certain frequencies. These
ranges can be converted to serve at previously-unusable frequencies at a cost much less
than that of designing and building a new antenna range. A software gating system re-
quires a relatively modest investment: a PC and the proper software, plus an upgrade to a
vector measurement receiver if the range is equipped with a scalar receiver.

To summarize, this thesis discusses a software gating system designed and imple-
mented for the Virginia Tech rooftop range. The software gating system is an implemen-
tation of an interference-removal technique that relies upon Fourier series to relate
frequency domain and time domain data at each azimuth angle.

Chapter 2 is a review of background information and the literature relevant to the
methods discussed here. Although transformation between the time and frequency do-

mains is not new, its application to antenna measurements is not widespread. The roots

10



of the technique lie in the field of radar research, and were popularized by those searching
for novel network analyzer applications. The techniques have been applied to measure-
ment systems more sophisticated than far-field ranges. Future directions for the concepts
point towards higher resolution spectral estimation methods and interference cancellation
techniques borrowed from spread spectrum communications. Other ideas for future work
are found in Chap. 6. Chapter 3 presents the underlying transformation theory, building
on the material in this chapter. Chapter 4 discusses Range Runner, the software package
that was developed to run the antenna range and perform the time-domain gating in soft-
ware. Chapter 5 discusses the validation of the new measurement system, and presents
some sample data. The most notable effect of the gating system is that null depth has
deepened by about 10 dB and the squinting common to many patterns has decreased sub-

stantially. Chapter 6 summarizes the contributions and presents ideas for future work.
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CHAPTER 2

A REVIEW OF PATTERN MEASUREMENT
TECHNIQUES

2.1 Introduction

Modern pattern measurement techniques are surveyed in this chapter; the reader is
referred to Evans [Eva90a] for a detailed treatment. Three of the most popular facilities
to measure antenna pattern are the outdoor far-field range (discussed in Chap. 1), the
compact range, and the near-field range.

The outdoor far-field range is still a pbpular way to measure antenna patterns.

The distance between the source and test antennas is ideally greater than 2D*A, where D
is the maximum diameter of the test antenna, and A is the free-space wavelength of the
CW excitation. This criterion is based on the spherical phase error of the incident wave,
assuming a point source. (Techniques have been developed to reduce this requirement, as
in [Eva85], but they are beyond the scope of discussion.) The source and test antennas
are typically elevated on towers, and at least one positioner is used to control the azimuth
of the test antenna. Ground-bounce interference is sometimes minimized by using fences
(to scatter the energy away from the test antenna) or microwave absorber (to convert the
energy into heat). These techniques can cause improvement in some cases, but as dis-
cussed in Chap. 1, if there are many reflective objects on the range, the ground-bounce in-
terference might not be the only source of difficulty. These conventional techniques
become impractical when one cannot determine the origins of the reflections.

A compact range is a measurement facility that uses a large reflector to produce

plane-wave illumination. This reduces the real-estate expense of the range, at the cost of

12



a more complex source antenna. The source antenna (usually an offset-fed reflector) is
designed to illuminate the test zone with a wave of uniform amplitude and phase close to
the antenna aperture (rather than via a small source antenna located a long distance
away). Again, at least one positioner is required to turn the test antenna. Compact ranges
are indoor facilities, and thus the range designer must deal with reflections from six sides
of a box. To deal with this problem, the room surfaces are covered with microwave ab-
sorber, and the feed and reflector are carefully designed to prevent interference compo-
nents from contaminating the test antenna illumination. Techniques similar to the
software gating process have been applied to compact ranges, and they will be discussed
below; however, they are not the focus of this thesis.

A near-field range is an antenna measurement facility that employs a radically
different approach to pattern measurement. Near-field ranges sample the EM field near
the test antenna, and use mathematical transformations to determine the antenna's far-
field pattern from the data. The technique is naturally resistant to reflection interference,
and thus will not be discussed.

Evans [Eva90b] provides an overview of time-domain gating techniques. Of
course, the use of gating is not restricted to far-field ranges; although gating can be ap-
plied to all three of these pattern measurement methods, often this technique is an appro-
priate solution to the interference problem on far-field ranges, because of the longer
distances that are a part of the range geometry. Evans establishes the advantages of gat-
ing and the disadvantages of pulsed excitation, thus motivating the use of CW excitation

to determine the channel's pulsed response.

2.2 Early Application Of Time-Domain Techniques To Antennas

The extraction of frequency-domain behavior from time-domain data is examined,
both in theory and practice, by Nicolson [Nic68]. The application is the measurement of

S11 and S12 for wideband microwave devices such as couplers and attenuators. A
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broadband source such as a pulse or step generator produces a transient response (either
transmission or reflection), the samples of which then are Fourier-transformed to yield
frequency domain results. Lamensdorf and Susman [Lam71] apply the above technique
to antenna measurements, in order to determine the wideband response of antennas. That
is, on an ideal far-field range, this technique yields antenna response (gain or pattern) to
wideband excitation, which reveals how the antenna will behave in a wideband system.
The first researchers to apply gating to antenna measurements were Burrell and
Jamieson [Bur73]. They used pulse excitation and a sampling oscilloscope to make
broadband pattern measurements. By sampling only within a finite time window, a time
gate is implicitly established. Reduced-interference CW patterns then can be estimated

using a Fourier transform on the time-domain measurements.

2.3 Time-Frequency Transformation In Radar Literature

Many of the issues involved in implementing a gating system with CW excitation
are explored in the literature for radar, including the procedures for transforming back
and forth between the frequency and time domains efficiently, the use of frequency-
domain and time-domain tapers, and the limitations of practical measurement system.

All the theoretical work necessary for software gating is found in this literature; the dif-
ference is the application.

Mensa [Men84] discusses the transformation between the time-domain and
frequency-domain in the context of radar cross-section (RCS) measurements. He shows
how the measured frequency domain response (whether FM or stepped-frequency CW
excitation) can be transformed into the time domain with an FFT, how the interference ef-
fects can be removed with a tapered gate, and then how the time-domain results are trans-
formed back into the frequency domain to better estimate the target's narrowband (CW)
RCS. Dominek, Peters, and Burnside [Dom87] discuss how the EM scattering mecha-

nisms for a radar target can be identified and separated from one another by using time-

14



domain techniques. Mechanisms such as specular reflection, edge diffraction, and creep-
ing wave diffraction can be observed when the scattering is shown in the time domain,
since the mechanisms tend to be spatially localized, and hence localized in the time do-
main. Using CW excitation to measure the "scattering spectrum" from various radar tar-
gets (e.g., metal spheres, disks), the measurements may be tapered and transformed into
the time domain; then a single mechanism can be isolated with a tapered gate, and the re-
sults transforms back to the frequency domain to obtain the spectrum of the desired
mechanism. These steps all parallel those used in the software gating system described in

this thests.

2.4 Network Analyzer Applications

The antenna range can be viewed as a channel consisting of the soﬁrce antenna,
the range, and the AUT. It is a two-port network (albeit a physically large one), with a
set of scattering parameters, and thus may be characterized with a network analyzer.
Measurement of S21 as azimuth varies represents that pattern of the AUT. The HP 8510
network analyzer is well-known for its time-domain capabilities, including software gat-
ing, and has been the subject of several application-oriented antenna measurement papers,
although we will discuss only one. Boyles [Boy85] is perhaps the first to discuss the ap-
plication of the gating capabilities of the HP 8510 network analyzer to antenna pattern
measurement. He presents an example using a dipole at 115 MHz. S21 was measured
with CW excitation from 50 MHz to 300 MHz in 1.25 MHz steps. The HP 8510 uses
Fourier transforms to determine the channel's pulsed response, and Boyles shows both the
frequency-domain and time-domain response of the antenna. Since the antenna is rela-
tively narrowband (thus the channel is narrowband), the time-domain response shows
overlap between the direct energy and the ground-reflection interference (determined by

inspection). He uses a tapered time gate to remove most of the ground reflection
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response, yielding a dipole pattern showing nulls down to -30 dB, and agreeing with the

theoretically-predicted pattern much better than did the ungated measurements.

2.5 Errors Due To Time-Gating

Fig. 1-5 is an oversimplified representation of an antenna's response. Practical an-
tennas have limited bandwidths and therefore have potentially complicated and lengthy,
even infinite, impulse- and step-responses; however, a time gate is only of finite duration.
Thus gating rejects interference, but it also truncates the AUT's time response. This in-
troduces error into the measured pattern. Henderson, James, Newham, and Morris
[Hen89] have examined the errors that occur due to the gating process by modeling the
time-domain response of wideband antennas with lumped-parameter bandpass filters, and
then computing (analytically or numerically) the impulse response of the models. The
gating error is caused by the truncated portion of the impulse response, that is, the part of
the impulse response that falls outside the gate. As would be expected, the lower cutoff
frequency of the filter strongly affects the duration of the impulse response and hence the
amount of gating error for a given gate size. Given the geometry of an antenna range, one
can estimate the minimum delay between the line-of-sight and interference responses, and
hence the maximum time gate that rejects interference. Along with this information, if
one has the approximate frequency response of an AUT, one could model the antenna
with a bandpass filter; then the gate of maximum duration can be applied to the impulse
response of the model, yielding an estimate of the error that will occur in the gating

process.

2.6 Compact Range Applications

A compact range has several potential sources of nearby reflections, which can
distort pattern measurements. The inside of a compact range is usually covered with a

layer of microwave-absorbing foam, which can reduce reflections by 20 to 40 dB
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[Eva90a] but not completely eliminate them. Other techniques are used to reduce inter-
ference, such as careful feed design to keep the feed's backlobes low. Gating, too, can be
used in a compact range to combat reflections and improve the pattern measurement ac-
curacy. Hess et al. [Hes88] experimented with pulsed excitation and hardware gating to
improve the test zone illumination in a compact range, but found that the gating provides
no significant improvement over the use of more traditional techniques. When interfer-
ence is deliberately introduced into the range (e.g., the source feed is modified so that its
backlobes are increased, and some of the absorber is removed), then they found that gat-
ing improves the range performance to a level similar to that of the unimpaired range.
Thus, they conclude that for a well-designed compact range, the additional complexity of
gating may be superfluous.

Both hardware gating and Fourier-transform techniques can be employed simu-
lateously, as discussed in [Lam87]. The application is the measurement of the far-field
pattern of two large (8' dia.) reflector antennas with the Ohio State University compact
range. Pulsed excitation and hardware gating are used to eliminate the effects of wall re-
flections in the compact range. In contrast to [Hes88], the authors note that hardware gat-
ing is an important feature of the compact range, and is partially responsible for the high
dynamic range they claim for their measurement system. The authors use the pulses as if
they were CW excitation; that is, they step the pulse's center frequency across a band, and
collect data that approximates the channel's CW response. (If the pulses are relatively
long, the approximation will be good.)

The pseudo-CW response is transformed into the time domain, and the results
show the mechanisms at work inside the AUT: contributions from subreflector spillover,
single-bounce energy, double-bounce energy, etc. The point here is not that they use
software gating to exclude these effects, but rather that the information shown in the
time-domain response permits them to evaluate how the antenna is working. This dem-
onstrates that interference reduction is only one application of time/frequency transforma-

tions in antenna measurements.
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2.7 Future Work

Research in interference detection and cancellation continues, comprising tech-
niques that go beyond the limitations implicit in Fourier-transform type approaches, and
hence beyond the method examined in this thesis. One area of interest involves spread-
spectrum interference cancellation techniques. The technique discussed in [Zeg95] rests
on certain assumptions about the channel and the received signal; these will need to be
tested in practice. Another area of activity is the application of "superresolution" tech-
niques (modern spectral analysis), such as MUSIC, to frequency-domain data [Oga91].
These methods bypass the resolution limitations of Fourier-transform type approaches,
and perhaps could be very effective on narrowband antennas. That is, they provide much
higher resolution in the time domain than the Fourier transform does. However, it is un-
clear whether one can use the time-domain results to cancel the interference.

In conclusion, an antenna iéﬁge isa facility for measuring antenna patterns. Most
ranges actually or potentially have problems with range Ihultipath, which interferes with
pattern measurement. However, this interference can be reduced by gating. The neces-
sary theoretical foundation for the software gating system presented here came from the
literature of radar. It was adapted to network analyzers and soon applied to antenna pat-
tern measurements, on both far-field and compact ranges. Gating can significantly im-
prove antenna pattern measurements. Gating can cause errors, too, and in general the
appropriate gate size cannot be prescribed without the use of one's judgment. Current

work in interference reduction involves non-Fourier-transform type approaches.
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CHAPTER 3

PRINCIPLES OF SOFTWARE GATING

This chapter presents the principles underlying the software gating system. Both
signal processing theory and measurement issues are involved, and the latter is where the

discussion begins.

3.1 Model And Measurement Issues

The experimental setup of Fig. 1-3 can be modeled as shown in Fig. 3-1. The test
channel is regarded as a causal, linear two-port network; furthermore, it can easily be
made adequately time-invariant by fixing the AUT azimuth angle, ¢. Therefore it has
scattering parameters [Bal81]. (In practice, ¢ is stepped slowly, but the energy storage
between steps is negligible, so the network can be regarded time-invariant.) The scatter-
ing parameters are illustrated in Fig. 3-1 (b). The parameter of greatest interest is the
transmission coefficient S21, which changes with azimuth ¢ and frequency f, and so is

written as S21(¢, f). (Recall that all RF measurements use CW excitation, not pulses.)

PORT  PORT
PORT PORT ! 2
1 2 s21
>—+— SOURCE TEST ——< St < S22
- : EIR T P TR T R TR AL TR R TR e e S 12
(a) (b)

Figure 3-1: Test channel portrayed as (a) a two-port network (AUT azimuth fixed at ¢),
and (b) a flow-graph diagram of scattering parameters.
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The typical means of measuring the transmission coefficient is shown in Fig. 3-2.
A CW RF transmitter is coupled to port 1, and a CW vector receiver measures the ampli-
tude and phase of the signal at port 2. Phase measurements are needed to perform the
software gating procedure, hence the receiver needs a phase reference signal. This can be
implemented in a number of ways. Fig. 3-2 shows the way used in the system considered
in this thesis. A splitter, S1, is used to couple some of the signal feeding port 1 to serve
as a reference signal. One disadvantage of this method is that an attenuator, A2, is re-
quired between the splitter and receiver to keep the reference signal level from saturating

the receiver. About 40 - 60 dB of attenuation is usually necessary.

S1 x | T Y
SOURCE TES RF

Al RX

A2 Phase

R

Figure 3-2: Measurement of transmission coefficient

Attenuator Al is optional but beneficial; it prevents cable reflections from appear-
ing in the time-domain signal. Attenuation of 10 - 20 dB should be adequate. As is well-
known, if an EM wave encounters an impedance discontinuity, a reflection occurs. (This
phenomenon causes the range multipath, too.) Since in general the impedance of the
AUT differs from the impedance of the measurement system, and reflections occur in the
cabling, it is prudent pad the line to suppress cable reflections that will obscure the multi-
path reflections. If the reflections due to changing antenna impedance can be ignored,

then the channel output, Y, can be written in terms of S21 and channel input X:

Y(9, ) = S21(¢, f) X(D).
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Inevitably, there is a large path loss between the source and test antennas; only a
small fraction of the power that enters port 1 is available at port 2. It is therefore difficult
to make an exact measurement of S21. Fortunately, it is rarely necessary. Pattern meas-
urements follow from the relative difference between S21(¢, f) coefficients as azimuth
and frequency vary. This is measured by fixing the input signal level and measuring the
change in output signal levels. For example, suppose Y(¢,, f) is 1 dB higher than
Y(9,, f), and 60 dB lower than input X(f). It is difficult to measure the 60 dB difference
between X(f) and Y(¢,, ), and usually not required; only the 1 dB difference between
Y(9,, f) and Y(¢,, f) is measured. Therefore in practice S21 is unknown in an absolute
sense, and only the relative difference between S21(¢,, f;) and S21(¢,, f,) is stored. With
the receiver used in the Virginia Tech system (Scientific-Atlanta model 1780), the re-
ceiver generates a power measurement referenced to an unknown, but fixed, absolute
power level, and proportional to the output power. Even though the transmission coeffi-
cient is only partially known, we will nevertheless refer to these measurements as S21
measurements in this thesis.

The relationship between S21 and relative pattern is simple; that is, if the antenna
pattern is normalized, and not referenced to antenna gain. Techniques for gain measure-
ments are beyond the scope of this thesis; we will consider normalized patterns only. A
normalized pattern indicates only the relative change in gain versus orientation, and
therefore by convention the peak of the pattern is scaled to 1, or 0 dB. Given a set of S21
measurements at a particular frequency, {S21(¢, f) : 0° < ¢ <360°}, the normalized pat-

tern is the set of measurements divided by the maximum value in the set; that is,

pd9, ) = S21(¢, f)/ max , {S21(9, f) : 0 < ¢ <360}, 3.1)

where p(¢, ) denotes a normalized pattern cut at frequency f. Normalization introduces
one difficulty. A full antenna pattern may be expressed as a function of spherical coordi-

nates, (0, ¢). Some ranges are equipped to vary both 8 and ¢, although this thesis will
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focus on single-axis cuts of the pattern. In this case, the user will not know if he has
made a measurement in the (0, ¢) direction of peak gain. Nevertheless, each cut is nor-
malized so the peak is scaled to 0 dB. Different cuts of the same pattern can be compared
to each other if additional information is provided with each cut, namely, a reference
level, the power measured at the receiver at the cut peak. Fig. 3-3 illustrates this idea.
The surface represents a complete antenna pattern over all values of (6, ¢). Two cuts, A
and B, are shown to the right. Cut A intersects the pattern peak, but cut B does not. If
the reference level of cut A were, for example, P ; , =-17 dBm, and the reference level of
cut B were P, g = -29 dBm, then the AUT has more gain in the sidelobes of A than in the
sidelobes of B, despite the appearance of the normalized patterns. Reference levels have
additional utility. They are part of the procedure for making gain measurements, and they
are useful for comparing cuts of differing frequencies just as they are for comparing cuts
of different axes. One requirement for the software gating system is that it must preserve

the accuracy of the reference level measured with each cut.

Figure 3-3: Illustration of pattern normalization. Cuts A and B are each normalized.
The relationship between A and B is lost unless a reference level for each cut is retained.
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Dynamic range is an important consideration for measurement systems. One fac-
tor that determines dynamic range is the system noise floor. Thermal noise, since it is
proportional to bandwidth, can be reduced by narrowband filtering; therefore it is advan-
tageous to filter the channel output while measuring S21. Unfortunately, narrowband fil-
ters have a long impulse response, the length of which is inversely proportional to the
filter bandwidth. Of course, S21(¢, f) should indicate the channel response to CW input,
and ideally, CW input has the form cos(2nft), which extends back in time from t=-c0. In
practice the channel is excited with a sinusoid of only finite duration, which must be long
enough to permit the transient response to die out. This transient period is very short for
the antennas under consideration, and is dominated by the IF filter used in the measure-
ment receiver. For example, the SA 1780 receiver used in the system under discussion
gives the user a choice of filters, with 3 dB bandwidths ranging from 1600 Hz to 7 Hz;
the transient period of these filters ranges from 9 ms to 525 ms [Ser84]. This modest de-
lay, however, can lead to a significant total measurement duration.

One consequence of a long measurement duration is that the temperature of the
system components can change, especially if the sun rises or sets during this period. The
SA 1780 receiver hardware is indoors, except for measurements above 1 GHz, a har-
monic mixer, which downconverts the antenna RF to a 45 MHz IF, is located outdoors,
often exposed to sunlight. Furthermore, on the Virginia Tech rooftop range, over 20 me-
ters of coaxial cable run between the harmonic mixer and the appropriate receiver port;
temperature changes may cause the length of this cable to change, thus causing the appar-
ent delay in the channel to vary with time. It will thus be desirable to make measure-
ments in weather conditions that remain relatively constant during the duration of the
experiment. Fortunately, the local oscillator (LO) unit of the receiver is kept indoors; its
output feeds the harmonic mixer via the 20 m coaxial cable just described. The resulting
thermal stability no doubt is beneficial for the leveling and phase stability of the LO

signal.
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3.2 Multipath Effects

Range multipath distorts CW antenna pattern measurements. In Fig. 1-2, the dis-
tortion effects are illustrated with a ray diagram. (A description of multipath effects that
uses rays should be sufficiently accurate for a far-field range, since presumably the range
is large enough to justify the geometric approach, and uncluttered enough to keep other
propagation mechanisms insignificant.) The ray components will interfere constructively
or destructively when they combine at the AUT, depending on the relative differences in
phase. Thus a ray diagram predicts that the interference-corrupted pattern measurement
consists of a line-of-sight pattern plus one or more components of unknown pattern (due
to the different direction of arrival), enhancing and diminishing the desired pattern (de-
pending, in part, on differences in path length.) One must also regard the polarization of
each multipath ray as unknown, since reflection coefficients are polarization-dependant.

These components can be separated from one another with a set of CW S21 meas-
urements across a wide bandwidth because each interference ray propagates along a path
that is longer than the line-of-sight ray; hence each multipath contribution arrives with a
delay distinct from that of the line-of-sight component, and each contribution has a dis-
tinct phase-vs.-frequency characteristic. A multipath component arrives at an angle much
different from that of the direct ray and with altered polarization; the amplitude will be
unknown, and perhaps frequency-dependent. Regardless of all this, the additional delay
in the indirect path gives the multipath component a steeper phase-vs.-frequency curve
than that of the direct ray. If this curve is substantially steeper, then the interference ef-
fect can be removed via a correlation-style integral. For example, let S21(¢, f) be a trans-
mission coefficient measurement on a channel like the one portrayed in Fig. 1-2, having a
significant line-of-sight component L,(¢, f) and ground-bounce component G,(¢, f).

Since the channel is linear,

S21(9, ) =L.(9, D) + Gi(¢, ). (3-2)
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If we let 7, and 7 represent the gross delay in each path, proportional to the path length,

then we can factor the consequent phase shift from L, and G, as follows:

S21(9, f) = Ly(¢, f) exp(-j2nfr) + Go(9, ) exp(-j2nfte), (3.3)

where L, and G, are the rays' frequency responses less the phase shift due to path lengths.

To isolate the line-of-sight antenna response, we multiply both sides by exp(j2nfr,) and

integrate:

s21(9,7) = [ S21(9, 1) exp(i2nfrr) df (3.4)
= Eo Lo(9,f) exp(—j2nfrr) exp(2nfrL) + Go(d,f) exp(-j2nfrg) exp(j2nfry) df
= " Lo@.Ddf+ [ Go(,f) expli2nf(r —tc)] df (3.5)
=10(0, 0) + go(, TL — TG). (3.6)

In practice both L, and G, are band-limited measurements, and hence the integrals cover
only a finite frequency range. If L, and G, are relatively flat with respect to frequency,
then the second term in (3.5) will oscillate around zero, whereas the first term will be sig-
nificant. Thus we can separate the ground-bounce component G, from the line-of-sight
component L, regardless of the pattern excited by the ground-bounce ray. We require
that L, and G, be fairly flat in the frequency range of interest, so that the first term in (3.5)
outweighs the second term; however, L, and G, do not need to be strictly constant to do
so. The frequency range of the measurement must be relatively large compared to
(t.- 75)" so that the exponential in the second term of (3.5) is not a significant factor.

This argument can be extended to consider a large number of ray interference
components. As long as each interfering ray has an adequately well-behaved frequency
response, and the delay due to extra path length is significant compared to the measure-
ment bandwidth, the interference can be separated in the same way.

Of course, (3.4) is the inverse Fourier transform (IFT) of S21. The transmission

coefficient is expressed in the time domain as s21(¢, 1,.). Eq. (3.6) expresses it as the
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superposition of two responses, 1, and g,, which are the time-domain impulse responses
of the two rays, minus the delay due to path length. Thus 1,(¢, 0) is the start of the time-
domain response of the line-of-sight ray, although it will not ordinarily be the peak. The
ground-bounce component is still present, although it is evaluated at time 1, - 7. Note
that t; > T, SO T, - T is negative. Thus the ground-bounce component, which is causal,
ideally contributes nothing to the transmission coefficient evaluated at time 1.

In (3.2) - (3.6), ideally the measurement bandwidth of S21, hence that of L, and
G,, is infinite, and the time-domain responses s21, l,, and g, are impulse responses. Of
course, since the S21 measurements are band-limited, isolation is imperfect, and the line-
of-sight component is contaminated by the ground-bounce component. This contamina-
tion can be explained in both the frequency domain and the time domain. In the fre-
quency domain, if 1, - 15is small, the exponential in the second term of (3.5) will be
significant, which will cause the ground-bounce response to affect the line-of-sight com-
ponent. In the time domain, the effect is explained via the time-domain equivalent of
spectral leakage; s21, and hence ], and g,, are smeared in the time domain because they
are excited (convolved) not with an impulse, but a band-limited approximation, which we
shall call r(t). For example, if S21 were measured in a sweep of spectrum with bandwidth
B, centered at frequency f, then r(t) is the IFT of the excitation signal, which is flat from
f-B/2 to £ +B/2:

sm("Bt) SINBY exp2fet) . 3.7)

r(t) = (B2 1 -exp(j2nft) df =
Thus r(t) is a pulse with a sinc envelope modulating a complex exponential. The sinc en-
velope, of course, peaks at time t=0, but nevertheless extends from negative to positive
infinity. Thus the rays are excited by an input that is imperfectly time-localized. Al-
though |, and g, are causal, the corresponding time responses extend from negative to
positive infinity, and interfere with each other. But, under the appropriate conditions, the

interference will be reduced. Thus we can summarize (3.4) - (3.7) as follows:
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S21(0, ) =lo(9, ) * r(t - 1) + go(9, ) *1(t-15) + ... (3.8)

where the ellipses indicate where other multipath responses can be added to the model.
The asterisks denote linear convolution. In the limiting case of infinite measurement
bandwidth, r(t) reduces to a delta function.

The goal of this discussion is to introduce how the multipath interference causes
complicated distortion of the desired pattern measurement, but, given a wideband S21
measurement of the channel, the differing phase-versus-frequency behavior of the inter-
ference components may permit the line-of-sight component to be isolated--at least par-
tially. The procedure for isolating the line-of-sight component is more complex than that
introduced here, but the fundamental limitations that arise from (3.5) in the frequency do-
main, or (3.8) in the time domain, ultimately constrain how much improvement is possi-

ble from a Fourier-transform solution.

3.3 Wideband Characterization

S21 measurements across a wide bandwidth are achieved with narrowband meas-
urements at uniformly spaced discrete frequencies. Although it is possible to make fairly
accurate transmission coefficient measurements across a continuous bandwidth by using
appropriate swept-frequency equipment, this approach was not considered because it
would require extra equipment, it would make the gating software much more compli-
cated, and it would not confer any significant advantages. Thus the approach taken in the
software gating system is to characterize the channel at uniform frequency steps. The fre-
quency limits, bandwidth, frequency step, and number of steps are all interrelated

parameters:

B=f,-f (3.9)
Af=B/(N-1) (3.10)
N e {odd integers > 1} (3.11)
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N=1+B/Af (3.12)
£, =1, + (N-1) Af (3.13)

where B is the bandwidth of the measurement, f;; and f; are the upper and lower fre-
quency limits of the measurement, Af is the frequency step size, and N is the number of
frequency steps, which must be an odd integer larger than one. N is odd for reasons of
convenience explained later. This procedure is repeated at discrete azimuth steps, typi-
cally starting at $=0°, incrementing by A¢ at the end of each frequency sweep, up to M to-
tal azimuth positions. Thus, a typical full set of measurements consists of a measurement
first of S21(0°, f,), then of S21(0°, f, +Af), then S21(0°, f +2Af), and so on, up to S21(0°,

fi + (N-1) Af), which is the same as S21(0°, f;;) by (3.13); then it continues with S21(0° +
Ad, f,), and so on. The set of measurements can be organized in a two-dimensional array

S:

( S200,f1)  S2OfL+Af)  S21(0,f +240) ...  S210,f) )
S21(Ab,fL)  S21(Ad,fL+Af) S21(Ab,fL+240) ...  S21(A,fu)
S=| S21QA6fL)  S21(286,fL +Af) S21Q2A0, 1L +2AF) ... S212Aé,fu)
S21(M - 1)A, £1) o . .. S21((M - 1)Ab, fu)
(3.14)

We will refer to this 2D array either as S or {s;;}. S has M rows and N columns, and a
typical element s;; = S21((i-1) A¢, f, + (j-1) Af). (It would be misleading to call S a ma-
trix, since it is never used in a matrix operations; it is just an array in which data are
stored.)

As the channel excitation frequency increases from f; to f;;, ideally only the ray
interference and the characteristics of the AUT cause the amplitude and phase of the out-

put to change. To implement this, the following conditions must be met:

The CW source must be "leveled"
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The reference channel must be nondispersive (i.e., delay independent of frequency)
The source antenna must be relatively flat in both amplitude and phase, and
The receiver, including the mixers, local oscillators, detectors, and other components,

must have flat amplitude and phase characteristics.

In the case of the SA 1780 receiver, the frequency range of operation is divided into fixed
"bands" of operation (for example, 1-2 GHz, 2-4 GHz, etc.) over which the receiver is ac-
ceptably flat. Measurement across a band boundary requires a calibration to determine
the relationship between the two relative power levels. For example, a sweep from 1.5 to
2.5 GHz crosses the 2 GHz band boundary. While keeping all other factors the same, one
can, while the receiver uses the 1-2 GHz band, measure the channel output at 2 GHz,
Y,,(d, 2 GHz); and then again while the receiver uses the 2-4 GHz band, Y, (¢, 2 GHz).
Then the factor

k() = Y,.(¢, 2 GHz) / Y, (¢, 2 GHz)

can be multiplied with subsequent S21 measurements for frequencies above 2 GHz,
which will reference them to the same level as the measurements below 2 GHz. Strictly
speaking this calibration factor k should be independent of orientation ¢, but in the sys-
tem under consideration it is recomputed at each azimuth step. This keeps the code sim-
ple, it compensates the effect of thermal drift in the receiver, and it only slightly increases
the measurement time. This can cause problems, too though: the channel must have out-
put significantly above the noise floor at each of these band boundaries. If, for some rea-
son, the channel output at 2 GHz is beneath the noise floor, then k will be meaningless

and will cause problems--especially if the AUT has nulls that steer with frequency.
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3.4 Frequency-To-Time Transformation

As introduced in Sec. 3.2, one approach to separating the line-of-sight component
of S21 from the interference components is to employ a correlation-style integral that en-
hances the line-of-sight response and tends to cancel the interference responses. We saw
that this procedure is the familiar inverse Fourier transform. In this section we will dis-
cuss these principles in more depth, and show how the S21 measurement serves as a basis

for determining the channel output to a variety of inputs.

3.4.1 Synthetic Inputs And Outputs

Given a set of channel measurements S it is possible to compute the channel out-
put to certain inputs--for example, a sinusoidal input at frequency f;. See Fig. 3-2. If the

channel input is of the form

x(t) = A cos(2nf; t+0),

then the channel output is

y(9, t) = [S21(d, £)| A cos[2nft + 0 + £S21(d, £,)].

Admittedly, this is a trivial application of scattering parameters. In fact, it is trivial to de-
termine the output corresponding to any sinusoidal input at frequency f; + k Af,

0 < k <N. Note that one may hypothesize a channel input based on two or more of these
sinusoids, superimposed to form a more complicated input signal; by linearity, the chan-
nel output will simply be the superposition of the system response to each of the individ-
ual components. Since S contains information about N different frequencies, the output
can be determined for a hypothetical input comprising components at all N of these

frequencies.
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One can use phasor notation to rewrite the channel input signal x(t) =
A cos(2nf t+0) as X = A exp(j6). (The lower-case letter indicates the time-domain form,
the capital indicates the phasor form.) Then the channel output corresponding to this in-
put is found by a simple complex multiplication: Y(¢) = A exp(j6) x S21(¢, f;). A
superposition of N sinusoids at N different frequencies can be written as follows, in time-

domain form or as an N-element vector:

x(t) = Nil A - cos[2n(fL + kADt + 6] (3.16)
k=0
X = [Awexp(i6o) Aiexp(i) ... Aniexp(On.)]" (3.17)

Obviously, the first element in X corresponds to frequency f;, the second to f; +Af, and so
on. The channel output Y that corresponds to this input signal is expressed in this vector-

phasor notation simply by multiplying each element of X by the appropriate S parameter:

Y() = [S21($, f)X; S21(¢, f+ADX, ... S21(9, fy)Xxl", (3.18)

where X, indicates the nth element of vector X, 1 <n <N. This can be written in matrix
form by defining a simple N-dimensional linear transformation, T(¢), that transforms

channel inputs to channel outputs:

( S21(¢,fL) 0 o0 Y (s 0 ... 0 )
S21(9,fL +Af) --- 0 0 .. 0
T%) = 0 (¢:L+ ) - : - S?’z b
0 0 . S21(9, fu) 0 0 .. sgn
(3.19)

where q = 1+¢/A¢. Thus the channel output Y corresponding to input X is

Y(9) =T(¢) X.
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The time-domain form of Y(¢) is

N-1
y(9,t) = Re{ E) Yis1(0) - exp [2n(fL + kAt)t]} . (3.20)

The same formula can be used to compute x(t) given X. This is simply an adaptation of
the well-known formula for transforming phasor quantities into the time domain, found in
[Stu81].

Let D denote the domain of this transformation. Clearly from the above discus-
sion, a signal in D must have a power spectrum that does not occupy any frequencies
other than the N sampled frequencies between f; and f;;. Input signals with power outside
of these discrete frequencies are outside the domain of T(¢); the corresponding outputs
cannot be computed. That is, the transformation will only predict the outputs to those in-
puts that fit in the spectrum of the original measurement. This was illustrated in Fig. 1-6,
where the spectrum of the synthetic pulse excitation is aligned, in the frequency domain,
with that of the channel measurements.

In the discussion of Sec. 3.2, the IFT of the S21 measurement was shown to be the
channel response to an input 1(t) that approximates an impulse; the corresponding phasor
input R is uniform-amplitude excitation across the measurement bandwidth. When S is

collected at N discrete frequencies,

R=[11...1]%, (3.21)
N-1
r(t)=Re{ 2 1-exp[j2n(fL + kAf)t]} (3.22)
k=0
= Ni:l cos [2n(fL + kANt] (3.23)
k=0 )
= cos(2nf.t) - S;‘i"r(l—’(‘;i? (3.24)

where f, = f; + %4Af (N-1), which is midway between f; and f;;. Note that r(t) is a periodic

signal--a sinusoidal carrier modulated by periodic sinc-shaped pulses. The discrete-
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frequency nature of R makes r(t) periodic. The derivation of (3.24) from (3.23) is found
in Appendix B. Fig. 3-4 shows what this signal looks like in the time domain. Thus we
see that the transmission coefficient measurement S reveals the channel output to a par-
ticular input signal, R, which is one of an infinite number of input signals for which the
channel output can be determined; or, R is one member of D, the domain of the transfor-

mation T(¢), and D is an infinite set (namely, N-dimensional complex space).

Sinc-pulse signal. Delta £=8.8827, fc=8.89, N=11
15 T T T T

18 b Y SRR S oo i

Signal level r(t)
o

PP USSR SN | I USSR ST | O SRR |

280 400 688 8a8 1980

Time (t)
Figure 3-4: Example of r(t) when Af = 0.0027, £=0.09, N=11.

Note that most of the members of D are purely hypothetical signals--
superpositions of some or all of the N test frequencies--and cannot easily be physically
realized. However, as long as the channel is linear, the channel output nevertheless can
be determined for any member of D; that is, if one of the signals in D were synthesized
(with the appropriate, expensive RF hardware), and used to excite the channel, the output

would be almost exactly that predicted by the transformation T(¢); the difference would
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be caused by factors such as noise, intermodulation in the channel, and other real-world
phenomena. For this reason these inputs and outputs are called synthetic. If pulse-shaped
signals are considered, they are called synthetic pulses.

Of course, at this point, gating--that is, removal of interference--has not yet been
considered; the focus has been how to determine the channel response to certain signals.
The reason synthetic pulses merit attention is their application to gating. Ordinarily R of
(3.21) is not the best choice for gating; other more promising synthetic pulses in D will be
discussed below. Note also that there are perhaps members of D that are not pulse-
shaped (therefore useless for gating) that are appropriate to other interference-removal al-
gorithms. For example, in Chap. 6, application of spread-spectrum interference cancella-
tion techniques will be considered very briefly; some signals in D could be appropriate

for those interference cancellation techniques.

3.4.2 Use Of The IDFT

As we have seen, it is very simple to compute the output to a synthetic input with
phasors via the matrix T(¢). However, in order to visualize the presence of multipath
components, it is necessary to show the signals (both input and output) in the time do-
main. This involves (3.20). A typical synthetic input is an RF pulse with a relatively
high-frequency carrier component times a narrowband envelope, like DSB-SC modula-
tion [Cou90], as seen in Fig. 3-4. Note that it is the envelope of the output signal that re-
veals the presence of multipath, whereas the carrier frequency does not change. Since the
carrier component, apparent in Fig. 3-4, is distracting, it is advantageous to "demodulate"
the output, i.e., remove the carrier component. Since y(¢, t) is a real-valued bandpass sig-

nal, centered in the frequency domain at f,, we can write it in the form

¥(9, ) = Re{ exp(27ft) yeen(9, 1) } (3.25)
= COS(ZT[fct) YIBB(¢3 t) - Sin(znfct) yQBB(d)’ t) (326)
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where ycgg is a complex-valued baseband signal, with real and imaginary parts yps and
Yose- The exponential term represents the carrier frequency. We remove it by downcon-

verting and filtering y, as follows, with LPF{} indicating ideal lowpass filtering:

Yeen(9, ) N _LIPF { exp(-j2ntt) y(9, 1) } (3.27)
= exp (—§2nfct) 2o Yia1(9) - exp [j2n(fL + kADH). (3.28)
k=0

Eq. (3.28) follows from (3.27) because the spectrum defined by the phasors in Y is
single-sided and multiplication by a complex exponential at frequency -f, shifts the spec-
trum directly to baseband: no double-frequency terms are generated, and the filtering is

not needed. Simplifying,

N-1
Yess(, ) = Z%) Yi+1(9) - exp [i2n(fL + kAf - fo)t] (3.29)
N . N-1
= E,O Yi+1(0) - exp [JznAf(k - T) t] (3.30)

Next we change the index from k to m where m =k - (N-1)/2; then we compute samples
of ycp at time 0, T, 2T, and so on, where T = (AfP)", and P, the pad value, is a positive
integer. This is one reason why it is convenient that N be odd: we want m to be an

integer.

(N=-1)/2

Yepa(9, ) = __(%_ . Y men+1)2(9) - €xp (j2nAfmt) (3.31)
N-172
Yees(9, nT) = --%“-1 , Y m+quey2(9) - exp (j2nmn/P) (3.32)

Except for a scaling factor of 1/P, this can be recognized as the well-known inverse dis-
crete Fourier series (IDFS) of Y [Opp89]. The DFS and IDFS relate discrete-time peri-

odic signals to their frequency domain (or phasor domain) representation. This can
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worked into a more convenient form by breaking the summation into positive-index and

negative-index parts:

-1 (N-1)72
Yes(9, nT) = m=_(§_ /2 Y mev+1y2(9) - €xp (j2nmn/P) + mz=0 Y mev+1y2(9) - €xp (j2nmn/P)
(3.33)
-1 (N=D)2
= (% o Y meue1y2(9) - exp [j2n(m + P)n/P] + );i Y msv+1y2(9) - exp §2nmn/P).
(3.34)

Since n is an integer, in (3.34), exp(j2rmn/P) = exp[j2n(m+P)n/P]. We now change vari-
ables again, replacing m in the left summation by p, where p = m+P. Therefore,
Yes(9, nT) =
P-1 . (NEI:)/Z .
2 Yprouna(9) - exp(i2npn/P) + Y mev+1y2(9) - exp 2nmn/P).
p=P-(N-1)2 m=0
(3.35)

Note the similar exponential terms in the two terms above. Except for a scaling factor of
1/P, these two summations represent two parts of an inverse discrete Fourier transform
(IDFT) on frequency-domain data zero-padded to length P, assuming P is larger than N.
If log, P is an integer, then P samples of y.g can be computed efficiently using an in-
verse fast Fourier transform (IFFT) algorithm. The magnitude of ycgp then reveals the
amplitude of the excitation incident on the AUT.

If we use an IFFT of length P to compute the samples of ycgg, then the input to the
IFFT is an array or vector of length P. The first (N+1)/2 elements of the input vector are
the last (N+1)/2 elements of Y, and the last (N-1)/2 elements of the input vector are the
first (N-1)/2 elements of Y. The middle P-N elements are zero. As an example, consider

this computation at a fixed azimuth for which P=16 and N=5. The input vector would be

W=[Y,Y,Y;00000000000Y,Y,. (3.37)
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Then if one computes w=IFFT(W), using any of several popular math packages such as
MATLAB, w will be filled with sixteen samples of the complex envelope corresponding
to synthetic output Y. The samples will be spaced T=0.0625/Af apart in time, and scaled
by 0.0625:

W = [Ycep(0) Yepe(T) Yerp(2T) . - . yeus(15T)] - 0.0625. (3.38)

Sampling beyond time 15T is superfluous, because ycgp is periodic with period 1/Af (see
Appendix B). If finer time-sampling is desired, P should be increased. The scaling factor
of 1/P is not of concern to the user interested in inspecting ycgg, since in practice ycgg is
displayed on screen normalized to a peak of 0 dB; however, the scaling factor of 1/P is
important for reasons to be discussed in Sec. 3.5.2.

It is just as simple to use the IDFT to compute time-domain samples of synthetic
inputs; (3.35) still applies, and an IFFT may be used in a manner parallel to that of the
above example; in this case the elements in the IFFT input array will be the channel input
vector of phasors, as in (3.17), and the IFFT result will contain samples of the time-
domain input, as in (3.16). In the next section we discuss various choices for the phasor

input vector.

3.4.3 Frequency-Domain Tapering

As mentioned, the S21 channel measurements directly yield the channel response
to a synthetic sinc-pulse input signal described by (3.24). However, other synthetic in-
puts are worth considering. A very useful class of synthetic inputs is defined by standard
tapering functions used in many engineering applications. The four considered here, plot-

ted in Fig. 3-5 (a), are [Opp89]

Rectangular: wg(n) =1, 0<n<N (3.39)
Hann: wy(n) = 0.50 - 0.50 cos [2nn/(N-1)], 0<n<N (3.40)
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Hamming:  wy(n) =0.54 - 0.46 cos [2nn/(N-1)], 0<n<N (3.41)
Blackman:  wg(n) =0.42 - 0.50 cos [2nn/(N-1)] +
0.08 cos [4mn/(N-1)], 0<n<N (3.42)

These functions are all zero for n <0 and n > N. They are used as the amplitudes of the
phasor elements in the input vector X defined in (3.17). The phase term of each phasor
element is zero for these inputs. Each defines a particular pulse shape for the channel.
For completeness, (3.39) defines the "rectangular taper" corresponding to sinc-pulse input
R of (3.21) - (3.24), even though it is arguably not a taper at all. The other three equa-
tions define pulse shapes that differ from r(t). For example, one might choose to use a
Hamming taper to define the channel input. Then the phasor-domain synthetic input X

and output Y are

X = [Wy(0) wy(1) . .. wyN-D]JT (3.43)
Y($)=T©) X (3.44)
= [S21(9, £) w(0) S21(§, f+AD) wye(1) . . . S21($, ) Wy N-1)]". (3.45)

Any of the windows in (3.39) to (3.42) can be used this way. Then one can use the IFFT
method presented above to generate time-domain samples of X and Y.

The advantage of using one of the tapers in (3.40) - (3.42) as a synthetic input is
that the high time-domain sidelobe level (ringing) of r(t) is reduced. However, the width
of the main pulse increases as ringing decreases. Other properties, such as the pulse repe-
tition rate, remain the same, since they are determined by parameters such as N, B, and
Af, not by the choice of synthetic input. Fig. 3-5 (a) illustrates these frequency-domain
phasor weighting for the above tapers, and Fig. 3-5 (b) shows the corresponding time-
domain pulse envelope, using a normalized decibel scale. The time axis of these plots are
normalized to one pulse period, that is