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The use of a single transmit array to simultaneously perform multiple independent func-
tions requires an architecture with an elusive combination of high power, linearity, and wide
bandwidth. A promising approach is delta-sigma modulation, which achieves high linear-
ity by spectrally shaping the errors from a low-resolution quantizer away from the signal
band. Delta-sigma modulation can potentially provide high power as well when combined
with appropriate power driver electronics, but the bandwidth requirements can only be met
with extreme clock rates. The clock rate can be reduced by jointly shaping quantization
noise in temporal and spatial frequency. The spatio-temporal delta-sigma modulator intro-
duced here reduces required clock rates by taking advantage of spatial oversampling, either
by adding array elements or by taking advantage of the inherent spatial oversampling at
the lower operating frequencies of wideband arrays. The loop filter in the spatio-temporal
delta-sigma modulator is the key to the design, and it is shown how second-order cone pro-

gramming (SOCP, an efficient form of convex optimization) can be used to optimize the



resulting signal-to-noise ratio subject to stability and computability constraints. The choice
of computability constraint is shown to have a strong effect on both the resulting system
performance and on the ease of parallel implementation.

Once a linear architecture is assumed, then custom optimization of transmit array pat-
terns offers a great deal of flexibility. Although narrowband pattern synthesis is well-
studied, wide-bandwidth arrays pose a more challenging design problem. In a conventional
wideband array beam steering is done using time delays, resulting in a beamwidth that is
proportional to frequency, and a mainlobe frequency response that shows undesired angle-
dependent effects. It is shown that placing an FIR filter at each element of an array allows
the direct control of such metrics as directivity, efficiency, gain, peak and mean-square
sidelobe levels, polarization, and mainlobe frequency-response flatness. These metrics are
formulated for wideband arrays and optimized using SOCP. The system model and the
derivations are general enough to admit almost any array architecture, including arbitrary

element locations, nonuniform element responses, and multiple polarizations.
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Chapter 1.

Introduction

This dissertation attempts to answer two interrelated questions: How do we use modern
optimization tools to design array patterns for digital wideband transmit antenna arrays?
What kind of transmit-array architecture might allow us to implement these array patterns
and transmit multiple simultaneous signals without unacceptable nonlinear distortion? The
original impetus for this research, and its most ambitious potential application, is high-
power shared digital transmit arrays. The terms “shared” and “digital” here imply, respec-
tively, that multiple independent signals can be transmitted through the same elements in
the array, and that the signals themselves are generated using DSP. High-power shared ar-
rays are primarily of military interest; current commercial and research applications simply
do not need the combination of high transmit power and linearity of military applications.
However, the material on wideband array pattern analysis and design (Chapter [3) is equally
applicable to low-power transmit arrays as well as single-waveform transmit arrays. Much
of the analysis is applicable to receive arrays, as well, where linearity is much less of an
issue. Chapter 4 on the other hand, can be viewed outside of the specific antenna array
context as a general extension of the author’s previous work on A3 modulation of vector
signals to the case where the vector indices map to spatial locations. Possible applications

include video halftoning and acoustic arrays for sonar or audio.

With this as a preface, the chapter proceeds with an overview of the past, current, and



future uses of antenna arrays and the current limitations that motivate this dissertation. This
is followed by a chapter-by-chapter summary of the dissertation, highlighting the major

contributions to the art.

1.1 Background and Motivation

First, some terminology: On transmit the array pattern describes the distribution of a given
radiated signal as a function of direction and temporal frequency. This will be defined
in detail in Chapter [3] On receive the array pattern describes the sensitivity of the array
to radiation from each direction and frequency. Often the terms beam and beam pattern
are used interchangeably with array pattern. To steer a beam is to orient (mechanically or
electrically) the peak of the array pattern in a given direction.

Array antennas have many significant advantages over monolithic (single) antennas.
The primary advantage is flexibility; arrays can be electrically steered and their patterns
dynamically changed by selectively altering the frequency response applied to the signals
in each array element. A dish antenna, for comparison, has a fixed beam pattern and must
be physically rotated to steer the beam, a process that takes orders of magnitude longer
than electrical steering. Hybrids also exist, for example arrays that are rotated to steer in
azimuth but electrically steer the beam in elevation. Since an array can stay in a fixed
position relative to the structure to which it is attached, it can be made larger than a rotating
antenna. The disadvantages of arrays—more RF hardware and higher costs—have limited
the use of larger arrays to the military, as commercial applications do not demand the same
level of performance.

A potential advantage of antenna arrays that is only recently being realized is their
ability to simultaneously perform multiple functions. For example, imagine a single array
performing radar, communications, and electronic warfare (EW) functions simultaneously.

This is the vision of the Advanced Multifunction RF Concept (AMRF-C) project [1, 2],



with the goal to improve Naval RF capability while substantially reducing the number of
radiating structures on a ship. To this end, the current AMRF-C testbed has the ability
to form multiple simultaneous beams on receive. On transmit, however, hardware shar-
ing is limited to partitioning the array for different functions; only one waveform can be

transmitted from an element at a time.

Array sharing on receive is straightforward because no high-power signals are involved.
On transmit, however, sharing requires either that multiple signals be simultaneously am-
plified by the same power amplifier, or that multiple power amplifiers be used per element.
The latter is generally cost-prohibitive, and so the focus is on the former. For efficiency pur-
poses, especially in large military applications, high-power amplifiers are usually operated
in moderate to heavy saturation. Constant-envelope waveforms are then used as they are
immune to the resulting high nonlinearity. In general a sum of waveforms, be they constant
envelope or otherwise, is itself not constant envelope, and the resulting intermodulation

between simultaneously transmitted signals makes transmit sharing impractical.

Various approaches have been suggested to improve linearity in RF transmit applica-
tions. One approach is simply to reduce the total power levels (or, to keep output power
constant, use larger amplifiers), which while reducing nonlinearity also reduces efficiency.
This may be appropriate for commercial systems such as cellphone and wireless base sta-
tions that do not need high power and/or can tolerate low efficiencies. Another approach is
to use digital predistortion to compensate for the nonlinearities in the amplifier, for exam-
ple using a Volterra filter [3]. This requires precise calibration of the amplifier nonlinearity,
however, and the predistortion can have a high computational cost. The linearization pro-
cess is also likely to reduce the efficiency of the amplifier. An outphasing or LINC trans-
mitter [4, 5] has also been considered for high-power and high-linearity applications [6]. In
outphasing a non-constant envelope waveform is represented as the sum of two constant-
envelope waveforms, each amplified using a saturated power amplifier and then summed

at high power. This approach offers higher efficiency than a single linear amplifier, but is



still less efficient that a single saturated amplifier. Outphasing also requires very precise
matching between the channels, limiting the attainable linearity. A final approach, that
considered here, is to use DSP to code waveforms in such a way as to be tolerant of non-
linearities. The preeminent example of this is AY modulation, also known as noise-shaped

coding. It will be discussed in detail in Section [2.2] and extended in Chapter ]

1.1.1 A Brief History of Arrays

The earliest recorded use of an antenna array appears to have been been by Marconi in
December, 1901 [7]. This was a fixed (nonsteerable) transmit array of two elements for
trans-Atlantic telegraph communication. Arrays would not be used much in practice for
many decades, in large part due to the high costs of the extra RF hardware inherent in
analog arrays. Considerable theoretical and experimental work on arrays was performed
in the 1920’s and 1930’s, however [8]. Among the first operational US Navy electroni-
cally steered arrays were the SPS-32 and SPS-33, shipboard radars in operation in 1962.
Overviews of array progress since then can be found in [9, [10, [11]. Perhaps the most rec-
ognizable military arrays are those used in the SPY-1 radar, four faces of which appear
prominently on AEGIS cruisers and destroyers, and the PATRIOT anti-missile radar, fea-
tured prominently in both recent Persian Gulf wars. In addition to the US and Europe,
substantial array development has taken place in the Soviet Union/Russia [12], Japan [13],

and China [14]].

1.1.2 The Future

It is expected that next-generation radio frequency (RF) systems for radar and communica-
tions (among others) will demand orders of magnitude improvement in performance over
current systems. Many will be required to receive, and possibly transmit, multiple inde-

pendent signals in arbitrary directions simultaneously. Transmitted waveforms will need to



have wider bandwidths and greater spectral purity without reductions in power levels. As
DSP capabilities continue to increase rapidly, these requirements inevitably lead to using
digital filters to implement beam steering in antenna arrays. This follows the trend in (array
and non-array) RF systems to move the boundary between analog and digital processing as
close to the antenna as possible [[13} 16, 17, [18,[19]. The goal is to minimize the amount
of analog hardware used in favor of inherently accurate and stable DSP. Digital processing
also admits more flexible designs and new techniques, especially in complex systems such
as antenna arrays. The optimization techniques presented in Chapter [3] will allow for the
custom design of array patterns to take full advantage of digital arrays. The extension of
AY. modulation in Chapter ] to perform entire-array D/A conversion in a nonlinear-tolerant

manner may provide a way to achieve greater linearity and spectral purity.

1.2 Summary of Contributions

What follows is a brief chapter-by-chapter overview of the dissertation, both to orient the
reader and to indicate which contributions are believed original and significant. A running
theme throughout this dissertation is the use of convex optimization, in particular second-
order cone programming, to design linear filters and filter-like structures. Far too much
of the common practice in both the fields of noise-shaping converters and antenna arrays
involves heuristic design techniques that lead to suboptimal designs. These approaches
were justified in the past due to nonexistent or inadequate computing power, but that is

rarely the case today.

Chapter 2 Background The first section of this chapter presents an overview of the
signals and systems framework used throughout the rest of the dissertation. Some of the
derivation details are deferred to Appendix [B|in an attempt to avoid sidetracking the reader.

That much detail at all is required to explain what is traditionally undergraduate electrical



engineering material owes primarily to the representation of signals and systems as com-
plex measures, rather than the usual functions and sequences. The reasons for this choice
are elaborated at the beginning of the chapter, but in short the measure representation al-
lows substantial unification of discrete and continuous time and space representations as
well as avoiding certain mathematical imprecisions inherent in Dirac-delta-based represen-
tations. Some new imprecisions are introduced in their place, however, in the interest of
not attempting to write a complete signals and systems text. Although unconventional, this
work is only partly original. The foundations were laid in [20], with much greater elab-
oration found in [21], in preparation at the time of this writing. Significant additions to
[20] and [21]] introduced in this dissertation include an extension to discrete-time signals
with nonuniform support, a representation of uniform and nonuniform sampling, an enu-
meration of inverse Fourier-transform relations, the representation and frequency-domain
properties of shift-varying systems, and greater elaboration on the representation of ran-
dom signals (albeit using a less-general framework). While the measure representation is
unconventional, with certain exceptions (the generalization of the Fourier series to lattices
of arbitrary rank, for example) the underlying results parallel conventional theory. The goal

here is not to reinvent signals and systems, but rather to unify and simplify notation.

The second section serves as technical background for those unfamiliar with delta-
sigma (AX) modulation and as a refresher for the rest, focusing on the digital implemen-
tation of AY. modulation as used in digital-to-analog conversion. Although most of the
basic theory of AY. modulation is intuitively based in statistical analysis, it is rarely if
ever presented as such in the literature. Because statistical analysis enters so heavily into
the analysis in later chapters, here the traditional derivations are presented using explicit
random-process formulations, rather than the quasi-deterministic approach prevalent in the
literature. Usually overlooked (or deemed unimportant) in conventional A3 analysis are
the effects of modulating finite-length input sequences, thus an original derivation of the

output spectrum for finite-length inputs is provided.



Chapter 3 Wideband Transmit Antenna Arrays The existing literature on optimal
array-pattern synthesis is primarily focused on narrowband systems, and is usually receive-
oriented. This is because most RF systems have been effectively narrowband,and because
hardware limitations usually place severe restrictions on the transmit pattern, leaving little
to optimize. There is, however, a movement towards multifunction or shared arrays on
transmit which would necessarily be wideband and would support custom array patterns.
This chapter begins by describing a passband-equivalent model of a transmit array that
is used extensively in this chapter and the next. This model is more comprehensive than
is typically found in the literature, as it does not assume identical element responses and
incorporates digital beamforming, nonideal analog filter responses, and the responses of
the array elements themselves. The second and third sections of the chapter trace signals
through the model from input to far-field radiation, for both deterministic and random sig-
nals. Much of this parallels classic electromagnetics and antenna textbook presentations
for narrowband arrays. The wideband formulations and the interpretation of the wideband
problem geometry, however, are significant new contributions of this dissertation. In the
fourth section of the chapter, various metrics are considered for the optimization of wide-
band transmit array patterns, such as directivity, efficiency, gain, and sidelobe level. A
series of example designs is performed to illustrate, using second-order cone programming
(SOCP) as the basic optimization framework. These optimization approaches are original
and constitute the most significant contribution of this chapter. Although much of the ma-
terial here applies either directly or indirectly (via reciprocity) to receive arrays, only the
transmit problem is explicitly considered as it is the prerequisite for the following chapter.

Receive arrays are considered in [22, 23| [24].

Chapter 4 Spatio-Temporal AY Modulation Implementing most of the array-pattern
designs from the previous section, even in a non-shared array, requires either linear am-

plification in the transmitter or linear high-power digital-to-analog conversion. Tradition-



ally, however, high-power amplifiers in transmitters are run in compression for reasons of
efficiency, and beam-steering using amplitude modulation is impossible (or at least im-
practical). In this section a new architecture is proposed to perform linear digital-to-analog
conversion on the array as a whole, rather than per-element or per-subarray. Dubbed spatio-
temporal delta-sigma (AY)) modulation, it is an extension of traditional AY. modulation in
which the quantization noise spectrum is shaped not just temporally, but spatially as well.
By taking advantage of the extra spatial dimensions, high far-field SNR can be achieved
with much lower temporal oversampling ratios (and thus clock rates) than would be re-
quired by traditional AY> modulation. This basic idea was first published in [25] 26] for
acoustic arrays, although the architecture and analysis used in those previous papers is
limited to the case of uniformly space transducers with identical responses and a two-
dimensional loop filter that consists of two nested one-dimensional loops. The present
work and its preliminaries [27, 28, 29, 30, 31]], which appear to be the only other publica-
tions on the subject, are far more general and require none of these restrictions. Indeed, it is
shown in the section on computability that a nested (“factorable”) loop leads to quite sub-
optimal performance. Thus, apart from the basic idea itself, the entire chapter represents a

significant original contribution.

The first part of this chapter roughly parallels the previous chapter; the system model
(based heavily on the previous wideband array model) is introduced and analyzed from
input to the far-field. The desired-signal path is the same as in the previous chapter, and so
the focus is on the quantization-noise path and the loop filter which determines the noise
shaping. The second part of the chapter focuses on the design of the loop filter, which
borrows heavily from the optimization approaches derived in the previous chapter. Because
the modulator includes a feedback loop with a spatio-temporal loop filter that is in general
matrix valued, ensuring computability without overconstraining the loop filter is critical. A
general computability constraint and several special cases are examined and compared in

the context of an example design, and it is shown that the choice of computability constraint



has a major effect on both performance and the ease of parallel implementation. Finally,

signals for an example array are simulated and compared to the theoretical results.



Chapter 2.

Technical Background

2.1 Signal and System Representation

In the course of describing wideband arrays and the spatio-temporal A modulator we will
need mathematical representations for conventional discrete-time signals, discrete-space-
and-time signals, and continuous-space-and-time signals. The support of discrete-space
signals can be any set of locations. We will also need to represent both linear shift-invariant
and linear shift-varying filters that operate in both the discrete and continuous domains.
Conventional discrete-time sequence notation, however, is not well suited to representing
signals with arbitrary spatial support. In addition, it can lead to awkward notation when
analyzing mixed discrete/continuous signals, and requires separate definitions for discrete,
continuous, and mixed convolution. A common way to avoid some of these difficulties
is to represent discrete-time signals in continuous time as sums of weighted Dirac delta
(impulse) functions. Armed only with the “sifting” property of impulses it is straight-
forward to demonstrate that both the continuous-time Fourier transform and convolution
with a non-impulsive system response have the desired results. Convolution between two
discrete-time signals is more problematic, however, leading inevitably to the mathematical
fiction of multiplying impulses. Here the convention is to implicitly invoke the sequence

representation and perform the convolution as a sum, casting the result back to weighted

10
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impulses. The result is the desired one, but it requires multiple definitions of convolution
depending on the arguments. Matters only get more complicated in a multidimensional

space, where the nature and properties of the impulse are less clear.

I have chosen here to recognize that the impulse “function” is but engineering shorthand
for a point measure at the origin, and that discrete-time signals are really complex measures
in disguise. Using explicit measure notation instead provides a signal representation that
cleanly separates the value of a signal from its support, makes the support explicit, and
allows a unified definition of the shift-invariant and shift-varying convolution integrals.
The following sections formalize this idea, and introduce the notation that will be used
throughout the dissertation. This measure approach is based on [20] and [21], extended
here to explicitly consider discrete-space signals with arbitrary support, linear shift-varying
filters, and random signal measures. In an attempt to keep the proverbial forest in sight, this
section will provide only the basic definitions and the results of important derivations, and
defer the details of selected derivations to Appendix [B| In addition, a section on sampling
is included in Appendix [B.2] both for completeness and because it provides a good example
of how to obtain classic engineering results without the use of delta functions or dubious
Fourier transform pairs. These results, however, are not used elsewhere in the dissertation.
The reader familiar with conventional signals and systems representations will hopefully

find the notation and results throughout reasonably familiar and intuitive.

Still, this section is rather long and dense for a section that purports to provide mere
background material, and thus requires some motivation for the reader. The reader that is
actively interested in the measure-signals and systems approach taken here will, of course,
want to read this section in some detail. Much more likely, however, the reader is interested
in the path of least resistance to Chapters [3|and ] while absorbing just enough to follow the
math in the later chapters. Such a reader that is familiar with both conventional engineer-
ing signals and systems theory (both analog and digital) and the basics of measure theory

should be able to limit detailed reading to the first two subsections, thereafter skimming
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over hopefully familiar material. The casual reader that is familiar with conventional sig-
nals and systems theory but unfamiliar with measure theory can, for the most part, skim
this section to become familiar with the notation, and then rely in the later chapters on their
background to intuit the meaning of unfamiliar operations. The reader unfamiliar with
signals and systems theory, with or without a measure-theory background, faces a much
stiffer challenge. Although this section describes the signal representations and the signal
operations used in the dissertation, it is hardly a signals and systems tutorial. Luckily, this

third group seems least likely to read even this far.

2.1.1 Notation

This dissertation borrows from and relates parts of several disciplines, including signal
processing, electromagnetics, optimization, and measure theory. Where possible notation
natural to the the relevant discipline is adopted, however the need to indicate many inde-
pendent signal attributes and competition for variable names leads inevitably to conflicts.
This section provides a reference to the notation used within. Much of this notation will be
introduced and explained inline as appropriate.

Scalar variables and scalar-valued functions are represented using medium-weight fonts:
a, A. Vectors, matrices, and vector- or matrix-valued functions are indicated using a bold
font: a, A. Common vector/matrix operations include transpose A”, conjugate A*, and
conjugate transpose A” . In addition is often convenient to indicate both a conjugate trans-
pose and the negation of the spatial or temporal argument. This will be indicated by the

dagger notation

a*(x,t) 2 a” (—x, ) (2.1)
a'(z,t) £ a(x, 1) (2.2)
a*(xz,t) £ a(—x, —t). (2.3)

The single dagger will be used for functions of a single variable: a'(t) = a*(—t). The
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element in the mth row and the nth column of matrix A can be indicated either explicitly
as [A],,» or implicitly as A,, ,,, while the mth element of a vector b is indicated similarly
as [b],, or b,,. The nth column of matrix A is indicated by [A],, or A,,. Another common

matrix operation is the matrix trace:
Tr[A] £ A, (2.4)

where A is an N x N matrix. The length ||| = V&t x of a vector x is the standard

Euclidean norm, while the unit vector

s T 2.5)
|

is indicated with a hat. For electromagnetic field quantities such as the electric field €, the
3D vector nature is emphasized using an overarrow. Finally, sets X', 7 are indicated using
a calligraphic font and use a bold font if the elements of the set are vectors or matrices.
Some elementary group-theory concepts and notation will be useful in the following
derivations. A group is defined by a set G and an associative binary operator “+” such
that G is closed under +, contains the identity element, and contains all inverses. We will
assume here that the operator is also commutative, in which case the group is said to be
abelian. For example, R is an abelian group under ordinary addition. We say that Z under
addition is a (proper) subgroup of R under addition, because both are groups and Z C R. If
G is an abelian group, H is a subgroup of G, and g € G, then the set g+H = {g+h : h € H}
is a coset of H. The set of all cosets is itself a group, called the factor group and written
G/H. If we form a set by choosing one element from each coset, we have a set of coser
representatives, shown as [G/H|. If [G/H] is a set of coset representatives, then for any
g € G we have the unique coser decomposition g = h + a, where h € H and a € [G/H].
For example, the elements of factor group R/Z are the equivalence classes of real numbers
modulo one (members of a class are identical to the right of the decimal point), and [0, 1)
is an example of a set of coset representatives. Any real number can be uniquely written as

the sum of an integer and a real number in the interval [0, 1).
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Many of the derivations in the sequel are lengthy, and it is all too easy to lose sight of
the forest for the trees. Thus important results will be outlined to visually distinguish them

from intermediate expressions.

2.1.2 Signals as Complex Measures

Letsignal a : B — C™ be a vector-valued complex measure (a vector of complex measures
with a common input) defined on the Borel subsets B of RY. The measure is related to its

corresponding differential form da(t) by

a(T) = /ng(t).

An underbar will be used to indicate both measures and their differential forms. Vector
t € RY will variously specialized in the sequel to four-dimensional space-time as well
as to time ¢ € R and space * € R3. Conventional differential representation leads to
notational ambiguity, however, in the case of a differential measure like da(x,t), which
could correspond to a measure on both variables @ and ¢, or a parameterized measure on
either alone. To avoid this difficulty, the notation a(dt) £ da(t) is used to explicitly identify
the variables on which the signal is a differential measure. Thus a(dx, dt), b(dx,t), and
c(x,dt) are, respectively, a differential measure on the pair (x,t), a differential measure
on x that is parameterized on ¢, and a differential measure on ¢ parameterized on x. These

are related to measures a, b, and ¢ by

o(T) = ]ﬁ a(d, dt)
b(X, 1) = ]{( b(da, 1)
cla.T) = [ cla,at)

respectively, where 7 is a set of points in 4D space-time, X is a set of 3D locations, and
7 is a set of 1D times. The ticks on the integrals are used to indicate the dimension of the

variable of integration.
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It will be convenient at times to use the common engineering convention of appending
the argument list when referring to measures and other functions. Thus we might refer to
the “measure b(X’, t),” even though formally b(X’, t) is not a measure but rather the value
that results from evaluating the parameterized measure b on the set X with the parameter ¢.
Here X and ¢ are “dummy” arguments that serve (through the aforementioned conventions
on representing scalar and vector variables and sets) to implicitly define the domain of the
function.

The differential form will be used preferentially in the derivations in Chapters [3] and
as it more closely resembles conventional engineering notation, with the implicit under-
standing that, strictly speaking, it only has meaning within an integral. For this reason, we
will permit the terminological imprecision of referring to both a(7") and a(dt) as signal
measures, rather than distinguishing the latter as a differential. At times the differential

notation becomes unwieldy, however, and set arguments are used.

Reference Measure

The concept of reference measure used here arises from the Radon-Nikodym theorem: Let
a be a complex measure, and let ;1 be a positive measure. We say that a is absolutely
continuous with respect to p, written a < pu, if a(77) = 0 for all sets 7 such that u(7") =
0. The Radon-Nikodym theorem [32] states that if @ < p and p is sigma-finite, then there

is a p-integrable function @ = da/dp such that

o) = | a®)ulat)

In differential notation we write a(dt) = a(t) u(dt). The function a is called the density
or the Radon-Nikodym derivative of the measure a with respect to . Terminology for the
positive measure p varies, but it is sometimes called the base or reference measure.

It is straightforward to extend the Radon-Nikodym theorem to vector-valued complex

measures, by applying the absolute continuity and integrability conditions to each element
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of vector measure a and density a, respectively. We will refer to the common (scalar)
positive measure j as the reference measure of @, and will require that p distribute mass
uniformly across its support S in RY. Reference measures so defined can be used to
describe the support of classes of measure signals and systems. Certain properties of a
reference measure will prove useful. Defining the shift operator indicated by a left subscript

as

w(T) & u(T — 1), (2.6)

T

we will say that reference measure (1 is shift invariant with respect to S if _u(7") = u(7)
for all 7 € S. We will say that  is flip invariant if u(—7) = (7). Both of these
properties result if S forms a group under vector addition. Following [20]], we say that that

f is shift-invariant with respect to a signal measure a if

_u(at)a(dr) = p(dt)a(dr) (2.7)

for all 7 € R, Equivalently, y is shift invariant with respect to the support of a.

We note that the requirement that a complex measure have bounded total variation
precludes the representation of many common engineering signals, notably sinusoids and
complex exponentials. The integrability requirement on the density in the Radon-Nikodym
theorem representations similarly restricts the class of signals that can be represented. This
is a conceptual problem but not a practical one, since physically realizable signals have
compact support. An advantage of this restriction is that the Fourier transform will always

exist for measure signals.

In the following sections several important reference measures are introduced to repre-
sent continuous-space/time signals and conventional discrete-time signals, as well as mul-
tidimensional discrete-space/time signals on a lattice and signals with arbitrary discrete

spatial support.
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Continuous-Space/Time Signal Measures

Continuous-space/time signals are measures that are absolutely continuous with respect to a
reference measure that is ordinary Lebesgue measure in R” . To simplify notation Lebesgue
measure is represented by a bar under the variable of integration. Thus a continuous-
space/time signal a is represented in differential notation as da(t) = a(t)dt. The R-
N derivative (density) a(t) in this case is just the usual engineering representation of a
continuous-time signal. The support of Lebesgue measure is all of R, which is a group.
Thus Lebesgue measure is shift-invariant with respect to RV and therefore is shift invariant

with respect to all other signal measures on R”.

The Dirac Measure

The Dirac delta “function” §(¢) of conventional engineering mathematics is here replaced

by the Dirac measure 9, which represents a point measure at the origin:

1, 0T
§(T) = 1(0) = (2.8)
0, 0¢ T,
where
1, teT
17(t) £
0, t¢T.

The shifted impulse §(¢ — 7) is similarly replaced by the shifted Dirac measure ..0. The

familiar sifting property still applies:
[ 1) sGat) = s

Discrete-Space/Time Signal Measures

Discrete-space/time signals are complex measures whose nonzero measure is concentrated

on some countable set D of spatial and/or temporal locations. They can be defined in



18

two ways. Following engineering convention, a discrete-time signal can be defined as a

weighted sum of Dirac measures:

a= Z a(T) 9.

Equivalently, discrete-time signals can be represented as measures that are absolutely con-
tinuous with respect to counting measure £p on the set D. This permits representing a
discrete-time signal as a(dt) = a(t)sp(dt) in terms of its R-N derivative a(t) and refer-
ence measure Iop.

For discrete-time signals, D is the one-dimensional lattice 7'Z, where T is the sample
spacing. Since a lattice is a group, the discrete-time reference measure s is shift-invariant
with respect to 7'Z. The reference measure is shift-invariant with respect to any signal
measure whose support is contained in 7Z.

For discrete-space signals there are two categories of reference measure of interest here.
If D is the lattice AZ", where 3 x M matrix A has linearly independent columns, then the
discrete-space reference measure s, is shift-invariant with respect to AZ™ and shift in-
variant with respect to any signal measure whose support is contained in AZ* . In the more
general case, D is an arbitrary countable set of spatial locations £, and the corresponding
reference measure . is not necessarily shift invariant with respect to any nontrivial set. If
L is contained within a lattice AZ , then we will choose the reference measure to be £
rather than = if flip or shift-invariance is required. In this sense the choice of a reference
measure for a given signal is not unique, because we can always augment the support of

one reference measure to obtain another.

Space and Time Signals

Most of the signals of interest in the sequel are measures on both 3D space and 1D time.
The most general differential measure representation of such signals would be of the form

a(dt), with t € R*. We will often only explicitly define such space-time signal measures
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on measurable rectangles of the form A x 7. Because these measurable rectangles form a
m-system that generates the four-dimensional Borel sets, this completely defines a unique
measure on R* ([33], thm. 10.3], extended to complex measures). This leads to the equiva-

lent representations

a(XxT) = f a(dx,dt) (2.9a)
XxT
= f Q,(X, dt) (2.9b)
T
_ f a(dz, T), (2.90)
x

where the differentials in (2.9b) and (2.9¢) result from fixing X" and 7, respectively. The in-

tegrands in (2.92a)—(2.9¢) are, respectively, a differential measure on the 4D variable (x, t),
a differential measure on the 1D variable ¢ parameterized on the 3D set X, and a differen-
tial measure on the 3D variable & parameterized on the 3D set 7. Fixing either X and 7 in
this way will allow us to perform space- or time-only operations on a space-time measure.

We will also assume that all space-time signal measures are absolutely continuous with
respect to a reference measure on R* that is a product measure of spatial and temporal

reference measures. This results in the equivalent representations

a(XxT) = fm ale, ) (1 x v) (dz, dt) (2.10a)

:]ifxa(a:,t)u(dw)_u(dt) (2.10b)
_ ﬁ ];a,(a:,t)_y(dt);_z(de (2.10c)

where Fubini’s theorem is invoked in lines two and three to separate the integral and ex-
change the order of integration. The representations in (2.9) and (2.10) are convenient when
operating on space and time independently. As an example, a typical discrete-space and
discrete-time signal in this representation would be a(x, t)= . (dx)srz(dt), with spatial sup-
port on an arbitrary but finite set of locations £ and temporal support on uniformly-spaced
sample times 7'Z. It will often be convenient to represent the density of a space-time mea-

sure on space or time alone. Thus we have the following set of equivalent representations:
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a(dx,dt) = a(x,t) p(dz) v(dt) (2.11a)
= a(dx,t) v(dt) (2.11b)
= a(x, dt) p(dx). (2.11c¢)

Here @ has three distinct meanings: a space-time differential measure on the left in (2.11a)),
a differential measure on space parameterized on (a density on) ¢ on the right in (2.11D),
and a differential measure on time parameterized on x on the right in (2.11c). Here we rely

on the arguments to disambiguate.

Units

A continuous-time signal measure a with a unitless density a(t) with respect to Lebesgue
measure on R has units of seconds, while a continuous-space-time signal measure b with
a unitless density with respect to Lebesgue measure on R?® x R has units of m? - s. For
discrete-time/space signals the density with respect to the appropriate counting measure
is the actual point-mass value, and thus has the same units as the differential measure; if
density a(t) is unitless, then so is discrete-time measure a. For mixed discrete/continuous
signals, the density is also mixed; if unitless a(x, t) is a density with respect to counting
measure on space and Lebesgue measure on time, then the corresponding measure a has
units of seconds. Unless otherwise specified, the densities of measure signals will always
be taken with respect to Lebesgue measure for continuous-space/time signals, and the ap-
propriate counting measure for discrete-space/time signals.

Discrete-time signals and certain continuous-time signals will have unitless densities in
the sequel. Many of the continuous-time signals, however, represent physical quantities,
such as voltages, currents, and power. In most cases it is natural to let the signal densities
have the “expected” units. Since this results in signal measures with somewhat unfamiliar

units, signal units will usually be specified for the underlying density. For system measures
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the opposite is true; the natural units attach to the measure, and not the density.

2.1.3 Operations on Signal Measures

The major operations we wish to apply to signals in the sequel include the Fourier trans-
form, convolution (linear shift-invariant filtering), and general (shift-variant) linear filter-
ing. We also wish to derive the filtering operations in the Fourier domain. Here the advan-
tages of the signal measure representation become apparent, as a single definition applies

to most operations without regard to the reference measure of the arguments.

Fourier and Inverse Fourier Transform

A spatio-temporal signal a(dx, dt) can be Fourier-transformed on time alone, space alone,

or both:

Ax, )2 feﬂﬂftgw, dt)
a(v.7) £ f e veatin, 1)

Aw.f) 2 F oot Nalia, dn

The first two are still measures on the untransformed variable. On the left we use upper-case
fonts to indicate temporal Fourier transform and upright fonts to indicate spatial Fourier
transform; on the right the variables of integration are indicated by the ticks on the integral
sign as well as the differential form of the integrand.

Unfortunately this unification of the Fourier transforms of continuous and discrete time
and space signals does not lead to a similar unification of the inverse Fourier transform.
Here we are forced to employ special cases for continuous-time/space signals, general
discrete-time/space signals, and discrete-time/space signals whose support falls on a lat-
tice. Definitions will be given for spatial signals; the corresponding time results are just

one-dimensional special cases.
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Continuous-Time/Space Signals For a continuous-space signal a with Fourier trans-

form a the inverse transform takes the form

a(dx) = (f[ eI T () dv> de, (2.12)

where the usual continuous-space Fourier transform is the R-N derivative of the signal

measure.

Discrete-Time/Space Signals with Arbitrary Support For a general discrete-space sig-
nal with support on a discrete set £ the integral in (2.12) would not exist. Here the Fourier

transform is almost periodic [34], and we have the somewhat unwieldy relationship

ot) = (i, 7 f, 0 v,
7B, /By

where By = {v : ||v|| < V'} is the ball of radius V. The expression inside the parenthesis
is sometimes referred to as the Bohr transform [35, Appendix C], and is a generalization of
the Fourier series for almost-periodic functions. It reduces to a Fourier series integral when

the transform is actually periodic; that is, when L lies on a lattice.

Discrete-Time/Space Signals with Support on a Lattice When a discrete-time signal
b has support on the one-dimensional lattice 7'Z, then its Fourier transform B is periodic
with period 1/7', and we can write the signal in terms of a conventional Fourier-series

integral over one period:

b(dt) = (T ];T_l) B(f)el* 7t df) spz(dt).

When the support of a spatial signal lies on a lattice, then the Fourier transform also exhibits
periodicity, but defining the period is not so straightforward. Fourier series results for
multiple dimensions [36] usually assume that the lattice is of full rank, however, so the
following generalization is presented. (The details are found in Appendix [B.1] in addition

the derivation of periodicity for less-than-full-rank lattices originates from [37]].) Let £ =
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AZM be a lattice in RY, where N x M generating matrix A has linearly independent
columns. (The lattice is full rank if M = N.) In this case we have the inverse-transform

relationship

a(dx) = <f eI T () ,LL[ARM/A+T2M}(d'U)) sazm (dx), (2.14)

where At = (ATA)7'AT is the Moore-Penrose pseudo-inverse of A, the spectral “pe-
riod” is any set of coset representatives [ARM /AT ZM] and fijpgar /p+77) is the uniform
probability measure over one spectral period. When M = N then pgy/a-77v)(dv) =

|A| Ijgn /a-77zv)dv and the integral reduces to the somewhat more conventional

a(dr) = <|A| eI T () dv) sazy (dx). (2.15)

RN /ATZN]
Linear Shift-Invariant Filtering (Convolution)

All linear, shift-invariant (L.SI) systems in the sequel will be represented as measures, and
the effect on the input signal will be represented as a measure convolution. This section
serves as a summary of [20], with the slight generalization to vector- and matrix-valued
measures.

Let vector-valued temporal input a(7") and matrix-valued shift-invariant filter h(7) be
complex signal measures. Following [38, Ch. 8, Prob. 5(d)], define the filter output as the

measure convolution (h * a)(7) such that
(h+a)(T) 2 [ W(T ) alar) (2.16)

No assumptions are needed as to the reference measures of the input or filter; they might
both be discrete time, continuous time, or one of each. To avoid ambiguity as to the dimen-

sions involved in a convolution involving a spatio-temporal signal a, the notation
(h+a)(XxT) 2 fh(T P a(X, dr) (2.17a)

(hoa)(XxT)= fh(é\f —x)a(dx,T) (2.17b)

=
®
9
N
lI>
M
>

(T — (z,7)) a(dx, dr) (2.17¢)
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will be used to describe convolution in time, space, or both. Equation (2.17c)) describes the

same measure if restricted to the measurable rectangles, as mentioned previously:
(h®a)(XxT)2 fh(()c’ —x)x(T — 7)) a(dz, dr).

Measure convolution is associative, (b * h) * @ = b * (h * a), and commutative if one
of the measures is scalar: h * b = b * h. In addition, we can commute the roles the two

measures play within the convolution integral:

fh(T — 1) a(dr) Z](b,(dt)g,(T_ [ L (f of (T - t)b/T(dt>>T7

where the non-commutativity of matrix multiplication forces either the somewhat non-
standard notation in the middle or the awkward double-transpose on the right. Measure

convolution is also shift-invariant:
(b ,a)(T) =, (b a)(T)

Although this holds for any av € R, we usually are interested only in shifts such that the
reference measure for a is the same as for ,a: for continuous time o € R, for discrete time

a € T7Z. The convolution property of the Fourier transform also holds:

[ anm)an = H()AG)

Often we will need results in terms of the densities of measure signals and systems.
Here we need to be careful to take the relationship between the reference measures of the
input and filter into account. We assume first that the system measure has the differential
representation dh(t) = h(t)u(dt), where p is the reference measure (i.e. either Lebesgue
or counting measure). We further assume that p is shift-invariant with respect to input
measure a. This condition is met, for example, if h is continuous-time/space, or if both h

and @ are discrete-time/space with support on the same lattice. Under these assumptions,

(h*a)(T) :]i (f h(t — ) g(dT)) p(dt), (2.18)
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where we see that the R-N derivative of the convolution is the convolution (h * g) (t) of
the density h with the measure a. The reference measure of the convolution is y, the same
as the system measure. If we assume instead that the input measure has the differential
representation a(dt) = a(t)u(dt), and p is shift-invariant with respect to system measure
h, then we find that the density of the convolution can be written as (h * a)(t), and has
the same reference measure as the input. Thus we see the common engineering result that
the convolution of an impulsive signal and a continuous-time signal is continuous-time.
The usual special cases of convolution (continuous-time, discrete-time, and mixed) can be

quickly arrived at by substituting the appropriate reference measures.

Linear Shift-Variant Filtering

Linear filtering on spatial functions with finite support (such as arise in image or array
processing) is generally not intended to change the region of support. The inevitable con-
clusion is that such filtering cannot be shift-invariant, as any but the most trivial linear
filters would enlarge the support region. In image processing it is common to implicitly
follow shift-invariant filtering with a cropping operation that restores the original support
(but renders most resulting spectral representations technically inaccurate). Here a more
general notion of non-shift-invariant linear filtering is needed, which will be referred to as
linear shift-variant (LSV) filtering in the sequel to distinguish it from the more common
LSI filtering.

The fundamental representation here of a space-varying filter will be as a parametrized
matrix-valued measure h(X'; —’). (The minus sign on the parameter is simply a notational
choice that will be convenient later.) The output due to input signal measure a(X) is the
integral

(hOa)(X) = fh(x; —z)a(dz’). (2.19)

The O operator so defined is clearly not commutative, but the arguments will at times be

swapped for the sake of notational convenience when it is clear by context which argument
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is the input and which is the filter. When the input is a measure on two spatial variables
(such as with the autocorrelation measures introduced later), then it will be convenient to

adopt the convention

(10 a)(XxY) 2 } b -a)ali’ Y) (2.20)
(a0 B)(¥x) 2 f alX.ay)h(Y: ). 2.21)

associating the input parameter of the filter measure with the “closest” of the two spatial
variables in the input measure. LSI filtering results from the special case of h(X; —y) =
g(X —y). All temporal filters in the sequel will be LSI, so no notation will be introduced for
a temporal LSV integral. A filter that is LSI in time and LSV in space will be represented

by a parameterized measure of the form h(X x7; —a') with output

(hEa)(XxT)2 fh()( (T — 7); —a)a(dy, ar). (2.22)

Example: Discrete-Space Filtering To illustrate an important special case of spatial
LSV filtering, assume discrete-space input a and output b that are absolutely continuous
with respect to counting measure s on an arbitrary finite set of locations £. Enumerating

L as {x;} and expanding a as a sum of Dirac measures, the output of filter b is
2) = hi-y) Y alx) day)
=D _h(X;—x) ats

k
For b to have the desired discrete-space structure, h must be of the form
X —xy) Z h(%n; =) «,0(X)

so that the filter output can be written as
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The output density has the form of a matrix-vector multiplication, except that here the
“matrix” elements h(x,; —x;) are themselves matrices, and the vector elements a(xy)
are themselves vectors. This highlights another advantage of using a measure-signal rep-
resentation for spatial signals, rather than a vector representation: it frees up the vector
dimension for other uses, without requiring often cumbersome block-matrix notation. Yet
another reason is given in the next section: the measure representation leads to a meaning-

ful spectral representation of LSV filtering.

Spectral Representation of LSV Filtering

Much of the analysis in the sequel takes place in the frequency domain, and thus we desire
a spectral relationship between the input and output of a LSV filter. Fourier transforming

(2.19) simply transforms the filter, but not the filter input:

b(v) f h(v; —2')a(dz).

To express the output spectrum in terms of the input spectrum requires the existence of an
inverse Fourier transform relationship on the parameter —x’ between h(v; —’) and the

bifrequency map [39] h(v; v'):
h(v; —') = f h(v;v")e 2™ 4o, (2.23)

Substituting yields
b(v) = ff fl(v; ’U/)G_ﬂwml'v,d'y/g,(dwl),

and recognizing a Fourier transform results in

b(v) = fh(v; v')a(v')dv'. (2.24)

Thus the bifrequency map takes an input component with frequency v’ to an output com-
ponent with frequency v through a scaling fl(v; v’). Unlike LST filters, LSV filters can and

do introduce spectral content in the output where none existed in the input.
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2.1.4 Random Signals

In the preceding discussion it was implicitly assumed that all signals were deterministic.
Strictly speaking, the output and internal signals of a AY modulator with a deterministic
input are completely deterministic and it is certainly possible (if ungainly) to limit the anal-
ysis accordingly. However, signals such as quantization error act sufficiently like random
processes that it is common in AY analysis to treat them as such when it comes to deter-
mining such quantities as the output noise power. Such an assumption can greatly simplify
analysis and provides a natural path to beamformer and loop filter optimization in later
chapters. We thus require a representation for random signals, their auto and crosscorrela-

tions and power spectra, and common operations to be performed on them.

Representation

A random or stochastic process is generally defined as a function whose value at each point
in its domain is a random variable (or vector) drawn from a common probability space [33,
Ch. 7]. A sample function then is a realization of the random variables. Random processes
are defined as continuous or discrete-time/space according to the domain of the sample
functions. In the spirit of the measure-signal framework introduced in the previous section,
here a random signal “measure” (the quotes will be explained shortly) is defined in terms of
a “density” that is an ordinary random process. We will accordingly represent continuous

and discrete-time/space random signals in the differential form

a(dt) = a(t)dt
(2.25)
b(dt) = b(t)zp(dt)

where “densities” a(t) and b(t) are ordinary continuous and discrete time vector random
processes, respectively. The wavy underbar serves to distinguish random signals from de-
terministic signal measures. The properties of a random signal flow naturally from the

properties of its “density”. This definition does not expand the class of random signals
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beyond conventional random processes, but rather provides a unifying representation for
random processes with various support that matches that previously introduced for deter-
ministic signals.

Many conventional random processes, notably stationary processes, have sample func-
tions which are not integrable with respect to Lebesgue or counting measure, and thus
cannot be densities of a complex measure. The differentials defined in are likewise

not integrable, and a set function of the form

Mﬂ—Lﬁm

is not well defined for sets of infinite measure, including the entire space. Therefore, a is
not a measure. We therefore refer to @ and a as a random signal “measure” and “density”,
respectively, to stress the parallels with the deterministic signal representation without un-
due abuse of terminology. The wavy underbar indicates both randomness and the fact that
the quantity is not truly a measure. Such difficulty was avoided for deterministic signals
by excluding such problematic “densities”, but it is unavoidable for stationary processes.
Ultimately we are interested less in the random signals themselves than in their crosscor-
relations, which we will restrict to be finite measures as before. Integrals with respect to
random signal “measures” will always be performed with respect to the underlying refer-

ence measure, which is well defined.

Second-Order Statistics: Wide-Sense Stationary Signals

In the sequel only the second-order statistics of random signals will be needed and we will
assume proper [40] random processes. (In fact, all random signals in the later chapters
will be real, but the generalization to proper complex processes is trivial.) Thus, we need
only define the crosscorrelation measure and cross spectral density of two random signals,
with the autocorrelation and power spectral density following as a special case. It will be

assumed throughout that all random signals have zero mean unless otherwise indicated.
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The simpler relationships for wide-sense stationary signals are presented first, followed by
more-general results for nonstationary signals.

For two temporal signals with the same reference measure we will assume wide-sense
stationarity. We assume random signals @ and b are defined in terms of vector-valued
“densities” with respect to a reference measure p that is either Lebesgue measure on R or

counting measure on 7'Z and define their matrix crosscorrelation measure as

rap(7T) 2 ]; E{a(t)b” (t — 1)} p(dr) (2.26a)

- f Pa(T) p(dr), (2.26b)
T

where density 744 is the ordinary crosscorrelation for the given reference measure. As
this is not a function of ¢ for values of ¢ in the support of y, we say that @ and b are
wide-sense cross-correlation stationary with respect to p. This definition generalizes the
conventional continuous and discrete-time crosscorrelation functions and sequences used
in analyzing stochastic systems. As defined, the crosscorrelation is a deterministic measure
on the delay between the signals whose density r45(7) is just the usual definition of the
matrix crosscorrelation for vector random processes a(t) and b(t). The autocorrelation r,
of WSS random signal ¢ is the special case where b = a. The power of a WSS random
signal (in the statistical sense) is defined as the expected value of the norm squared of
the process, which can also be expressed as the trace of the density of the autocorrelation

measure at the origin:

Po = &E{lla(t)]*}

= Tr[rq(0)].

The power is constant with units of signal squared.
The cross spectral density (CSD) Rgp(f) of two WSS random signals and the power
spectral density (PSD) R,(f) of a single WSS random signal are defined as the Fourier

transforms of the crosscorrelation and autocorrelation, respectively. Often we want to relate
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the power in a signal to its PSD, which can be achieved if an inverse-Fourier transform
relation exists between the PSD and the autocorrelation density. Here we unfortunately
need to resort to special cases. For continuous-time processes, the inverse Fourier transform
is given by

ralt) = | Rulf)e™ " a1

and we find the power by integrating over the entire PSD:

Pa=Te[ral0)] = | T[Ralr)]ar 2.27)

The PSD in this case has units of signal’/i,. For (WSS) discrete-time processes the PSD
is periodic, and so the above integral does not exist. Instead the transform integral is per-

formed over a single period 1/7"

r) =1 [ Rulf)e s

Thus the power is found by averaging the PSD:
Pa = Tr[r,(0)] = Tf Tr[Ra(f)] df- (2.28)
(0,771

Here the PSD has units of signal*/period, or just simply signal?.

Second-Order Statistics: Nonstationary Signals

Spatial signals as used in the sequel may have finite extent and arbitrary support, and
thus cannot be wide-sense stationary. Thus a more general definition of crosscorrelation
is needed for these signals. A similar definition to (2.26) is possible for nonstationary
signals, in which case ¢ does not drop out of the expectation. However, for signals with
arbitrary support it is much less intuitive to define the crosscorrelation in terms of an offset
variable like 7. Instead a more symmetric definition is used both for simplicity and because
it more naturally represents autocorrelation matrices. Assume random signals @ and b are

defined in terms of “densities” with respect to reference measures p and v and define their
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crosscorrelation measure as

Tap(X XY) £ - &la(@)b" (y)} (1 x v)(dz, dy) (2.29a)

_ 7{( ]{) ra(@,y) (i) v(dy). (2.29)

When densities a and b are p- and v-integrable, then we can apply Fubini’s theorem and

write this as

Tap(X xY) = E{a(X)b" ()} (2.30)

As makes clear the crosscorrelation is a deterministic measure that is related in
a straightforward way to the usual definition of the correlation of random processes. This
definition provides a unified representation of the conventional continuous and discrete time
crosscorrelation functions and crosscorrelation matrices used in analyzing nonstationary
stochastic systems. The autocorrelation measure r,, of random signal @ is again the special
case where b = a. The power P, of a random signal a is defined as before in terms of the

density of the autocorrelation:

Pa(z) = E{[la(z)]’}

= Tr[rg(z, x)].

Since stationarity has not been assumed, the power varies with position. When it exists, we

will call the integral of the power with with respect to u the total power:

Pa 2§ Pala) (i)

(2.31)
= f Tr[ro(x, )] p(de).

When p is counting measure then total power has the same units of signal® as did power.
When y is Lebesgue measure, then total power has units of signal® - m*, and would be more
accurately described as total energy (in the spatial sense). We choose the terminology for

consistency with the discrete-space case, which is ultimately of greater interest. We first
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assume that @ is continuous-space and an inverse Fourier transform relationship exists for

the autocorrelation on its first variable:

ra(flf,y) — fej%rv-ocfe—jQﬂv.a:’Ta($/7y) d@l .

Substituting into (2.31) and rearranging results in

Pay = ]\[ (ff e @) Ty [rg (o, )] da! d:/_E) dv,

and recognizing a six-dimensional Fourier transform yields

Pamt - f Tr [ra(’U, —’U)} dy7 (232)

where bispectrum r is the Fourier transform of the autocorrelation on both variables [39].
This is the equivalent of (2.27) for nonstationary processes, and we will refer to rq (v, —v)
as the PSD for nonstationary processes. For discrete-space random signals we repeat the

derivation with the appropriate inverse Fourier transform relation:

1
Pa., = lim
Qiot V—o00 fB d’y
1%

f Tr[rq(v, —v)] dv (2.33)
By

for general support on the set £, and

Paw = f Tr [ra(v, —v)} PiaRM /A +TzM] (dV) (2.34)

on the lattice AZM.
For spatio-temporal signals @ and b that are nonstationary in space but WSS in time, we

combine the above definitions of crosscorrelation

ran(X X YxT) 2 ;i  Elale bty =) (¢ v x ). i)
x (2.35)

— [ vl taw) viay) plar),
xJy Jr
where 11 and v are the spatial reference measures of ¢ and b, and p is the temporal reference
measure for both. Similarly the power in a spatio-temporal random signal a at location

x is Po(x) = Tr[raes(x, x,0)], and total power is found by integrating the power with
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respect to the spatial reference measure. The power at a given location can be related to
the temporal PSD using (2.27) or (2.28), and the total power can be related to the spatial
PSD using (2.32)), (2.33), or (2.34). For example, the total power in a continuous-time,

discrete-space signal ¢ with lattice support in space can be written

Paw = f Tr [’ra(az,az,O)} Sazm (dx) (2.36a)

= ]Cf Tr [Ra(v, -, f)] H[ARM/A+TZM](dU) df, (236b)

where R, is the seven-dimensional Fourier transform of the autocorrelation which when

evaluated as R, (v, —v, f) is a four-dimensional spatio-temporal PSD with units of signal® /s,

Linear Filtering

Both LSI and LSV filtering can be defined the same for random signal measures as for
deterministic ones, and we wish to derive the effects of filtering on crosscorrelations and
spectral densities. Rather than derive each possible combination of (non)stationarity, shift
(in)variance, and filtering on either argument, two general results are provided that reduce
to most special cases of interest. Consider spatio-temporal vector random measures a and
b, which are both spatially nonstationary but temporally wide-sense stationary with respect
to temporal reference measure ;. Two new processes are produced via linear filtering as
a’' = g®aandb = h @ b, where we can write the filter measures as h(dx,t; —a')v(dt)
and g(dx,t; —x')w(dt). We wish to find the cross correlation 74/ 3 in terms of rq5. We
will require that @’ and b’ also have the same temporal reference measure. This results in
two possibilities for the relationship between reference measures i, v, and w, which we
will consider in turn.

We first consider the case where p is shift-invariant with respect to both v and w. In this
case, both @’ and b’ have temporal reference measure 1, as was shown in (2.18)). Examples
include continuous-time a and b, in which case a’ and b’ will also be continuous time, and

the case where a, b, h, and g all have the same reference measure. The crosscorrelation in
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this case is given by
T (X XY XxT) = (gB T BA) (X xYXT). (2.37)
The derivation is given in Appendix Fourier transforming yields
Row(v.w. f) = Ff Glo. fi—a) Raslaa’ o NH (. fiy) (239
or, substituting (2.23),
Royy(v,w, f)= ff@(v,f; V)R (v, W', HHA (—w, f; —w') dv' dw’ (2.39)

Through appropriate choices of a, b, g, and h this general result can be easily adapted to
various special cases. If g and h are instead spatially shift invariant, then the derivation

changes slightly but the result is very similar:

Ta b (XXYXT) = (g®Tap®h) (X xYXT), (2.40)
and in the frequency domain,

Rop (v, w, f) = G(v, f)Rap(v,w, fYH" (w, f). (2.41)

In the second case of interest, v = w and both are shift-invariant with respect to p, but
i 1s not shift-invariant with respect to v. This guarantees that y is a discrete-time reference
measure, because Lebesgue measure is shift invariant with respect to all other reference
measures. If we let groups M = T'Z and V be the support of 1 = =77 and v, respectively,
then this also guarantees that M is a proper subgroup of V. This represents the case where
a and b are “promoted”, via filtering, from discrete-time reference measure y to reference
measure v, which is either continuous-time or discrete-time on a superlattice of 7Z. Here
both @’ and b’ have reference measure v. A notable example is the case where @ and b are
discrete-time, and g and h are continuous-time. A straightforward application of the cross-
correlation definition as before will fail, because the expectation will not be a function of

only the difference of the temporal arguments of the densities of @ and b. As defined, a’
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and b’ are not stationary, but rather cyclostationary with a period in ¢ that is defined by any
set of coset representatives [V / /\/l} . We borrow a standard approach from communication
theory to remedy this, by applying a random delay « to the outputs a’ and b’, where u is

uniformly distributed over one period. This results in system outputs

/(X% (T — u)) = f@(x (T =t — u); —a')a(da'dt)

AT ) = F glax(T ¢ = )i —ablaa'.at)
and the corresponding cross correlation is

1
m(h Tab QT)<X xYxT), (2.42)
v/m)

ra/7b/(X Xy XT) =
which is just a scaled version of the previous result (2.37). The derivation is given in

Appendix [B.3] For V = R and M = T'Z, the scale factoris 1/7".

2.2 Temporal Delta-Sigma Modulation

2.2.1 History and Motivation

Traditional or Nyquist converters (so called because the signal can fill the entire Nyquist
band) employ a high resolution quantizer, running at the full data rate. In Nyquist DAC’s
the quantized output is usually generated by a binary-weighted current network, while in
Nyquist ADC’s the fastest (so-called flash) converters use resistive-divider networks feed-
ing a bank of comparators. It has often been observed that performance increases in data
converters considerably lags that of DSP circuits, and it seems that for high-speed (100’s
of MHz to ~ 1.5 GHz) DAC’s and ADC'’s the resolution of conventional data converter
architectures has hit a ceiling at around 14-16 bits. At this point, the smallest current or
resistor becomes impractically small, and circuit errors start to dominate without custom

trimming of the circuit.
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An alternative to Nyquist conversion is noise-shaped conversion [41,/42], widely known
as A conversion for historical reasons. The fundamental premise of noise-shaped conver-
sion is that it is easier to make a fast, low-resolution quantizer (A/D) or output driver (D/A)
than a slower, high-resolution one. In a A3 converter a low-resolution quantizer is used,
often only a single bit (two levels). The particular attraction of a two-level quantizer is that
it is, in a sense, perfect; any errors in the two levels result only in a constant offset and a
gain error, effects that are harmless in many applications. This oft-repeated assumption can
be misleading, however, because nonlinear intersymbol interference (ISI) can cause errors
even for a two-level quantizer [43]. The fundamental tradeoff in noise-shaped conversion
is resolution for speed. To achieve comparable performance to high-resolution Nyquist
conversion, low-resolution noise-shaped conversion must operate at a much higher clock
rate. This is called temporal oversampling, and the ratio of clock rate to two-sided sig-
nal bandwidth is the temporal oversampling ratio. As a result, to date the primary use of
noise shaping has been at audio frequencies, where AY. conversion has become the method
of choice for high-resolution A/D and D/A conversion. Noise-shaping D/A conversion is

found in nearly every CD player, for example.

Although noise-shaping is used for both D/A and A/D conversion, here we will focus
on the former. Noise-shaped D/A conversion is normally thought of in three stages. The
first is noise-shaped coding, widely known as AY modulation for historical reasons. Here
a high-resolution digital signal is reduced to a low resolution digital signal, and the large
amount of quantization noise that results from the coarse quantization is spectrally shaped
to minimize interference with the signal. The resulting low-resolution digital output is then
converted to an analog signal via linear pulse modulation. This analog signal contains a
great deal of quantization noise outside the signal band, and so the third stage consists of
analog filtering to pass only the signal band. In practice the pulse modulator and the filter
might be integrated. The linear pulse modulator can be viewed as a low-resolution Nyquist

DAC in its own right, which can lead to terminological confusion. We therefore adopt
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the convention that the cascade of all three stages constitutes a noise-shaped or AY DAC,
which performs noise-shaped or AY D/A conversion. Unqualified references to the DAC
or to the DAC pulse response will refer only to the pulse modulator.

Recently there has been a great deal of interest in using AY DAC’s at microwave rates
for RF systems like radar and communications. Two primary factors motivate this. First,
there is the aforementioned sluggish growth in Nyquist-converter performance, due to the
complex analog circuit design. Improving the performance of a AYX DAC, on the other
hand, can be achieved by increasing the actual or effective (via parallelization [44]]) clock
rate. Currently DSP performance is improving far faster than Nyquist converter perfor-
mance, and so we might expect that AYX DAC’s will also improve faster than Nyquist
DAC’s. (AY ADC'’s are primarily analog circuits, so this does not apply to them). The
second factor is the need for highly linear digital-to-analog conversion at high power lev-
els, for applications like shared transmit arrays. High power Nyquist D/A conversion has
traditionally consisted of a low-power Nyquist DAC followed by a power amplifier. But
RF power amplifiers are highly nonlinear devices unless operated far below their maximum
power levels, at which point they become quite inefficient. With a AY. DAC, a high-power
output could be created by using a high-power output driver, without using a conventional
power amplifier. In the case of a single-bit output, the pulse modulator would essentially
be a high-power switch [45, 46]]. This is an area of research in its infancy, however, and it

does not necessarily solve the efficiency problem.

2.2.2 System Analysis and Design

Figure shows the system model for AY D/A conversion, which consists of the A
modulator followed by linear pulse modulation and analog filtering. The modulator con-
sists of a feedback loop wrapped around a low resolution quantizer, with an LTI filter in
the feedback path. The modulator is shown in an error feedback architecture, where the

quantization error is fed back through the loop filter. This is the most common architecture
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for AY DAC applications due to its simplicity. Conceptually, the A> modulator attempts

to predict the in-band portion of the quantization error, and subtracts it out before the quan-

tizer. Thus the loop filter is a one-step-ahead signal-band predictor. The input s and output

q of the modulator are discrete time, with a sample interval of 7', while the final filtered

output y is of course continuous time. We will initially assume that the input s is a WSS

random signal, because it leads to simpler analysis. We will later let the input be determin-

istic with finite support, and show how signal length affects the output. Finite length effects

are almost universally overlooked in conventional AX. analysis, but many potential appli-

cations (such as radar [47]] and arbitrary waveform generation [48]]) use pulsed or repeated

waveforms.

We begin our analysis here with the quantizer input u:

u(dt) = s(dt) — (g *¢)(dt),

where the quantization error e is assumed to be an additive WSS noise process. By the

definition of the quantization error we have

q(dt) = u(dt) + ¢(dt)

= s(dt) — (g * ) (dt) + e(at),

or, combining the last two terms,

q(dt) = s(at) + (h

*

¢

) (at),

where noise-shaping measure h is defined as

h(at) 2 8(at) — g(at).

The Fourier transform of h,

H(f) =1-G(f)e T,

(2.43)

(2.44)

(2.45)
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is called the noise transfer function (NTF), as it is the equivalent response applied to the
quantization noise at the output. Finally, the analog output results from pulse-modulating

and filtering the quantizer output:

y(dt) = (ha * s)(dt) + (ha * b+ e)(dt). (2.46)

We now make two assumptions: that the quantization noise density is white with power
(variance) o2, and that the input and the error signals are uncorrelated. Although it is
difficult to rigorously justify either assumption [49], especially for single-bit quantization,
in practice both almost always suffice. An alternative approach that models correlation
introduced by the quantizer is found in [S0]]. The autocorrelation and power spectral density

at the quantizer output are

ro(dt) = ry(at) + (b *re * h')(dt) (2.47a)
=ry(dt) + o (h* h')(at) (2.47b)
and
Ry(f) = Ra(f) + [H(f)*Re(f) (2.482)
= R.(f) + o*|H(f)]? (2.48b)

Thus the NTF completely determines the noise spectrum coming out of the quantizer. Fi-

nally, the DAC output y has the power spectrum

2

Ry(1) = lHA()PRAT) + T HA(DPIH () (2.49)

The combination of the DAC pulse and any further analog filtering, represented by fre-
quency response H (f), must pass the desired signal while removing the shaped quantiza-

tion noise.

2.2.3 Example

A simple example design will help illustrate. Assume a binary quantizer with output levels

1

{£1} and a one-sided bandpass signal bandwidth of &=

(an oversampling ratio of 32) at a
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Analog Responses/
Quantizer  DAC Pulse

s(dt) D) ha(dt) |—= y(dt)
Discrete-Time  + W_ _ Continuous-Time
Input Signal c Output Signal
g(dt) [={r3(dt) gd)

Loop Filter 1-Step Delay

Figure 2.1: A AY. DAC, consisting of an error-feedback A3 modulator followed by low-

resolution digital-to-analog conversion and filtering.

signal center frequency of %. The loop filter is causal and FIR, with 41 coefficients:

=Y g(nT) 7(dt).

We wish to design the loop filter to minimize the in-band quantization noise power, which
is equivalent to minimizing the mean-square value of H(f) in the signal band. Why not
simply make H (f) small everywhere? The answer lies in (2.44); the density (coefficient)
of causal filter h at ¢ = 0 is fixed at unity; thus the total noise gain Y |h(nT)[* of the
filter is lower bounded by unity. Pushing down H in one spectral region will result in an
increased value of H elsewhere.

We can design the loop filter by solving the following optimization problem:

minimize o >0 (2.50a)
f \H(f)” df < a? (2.50b)
IG(fi)| < 1.6, fork=1,..., Kegs. (2.50c)

This can be solved as a second-order cone program (SOCP), which is described in Ap-
pendix [Fl The objective and quadratic constraint together minimize the
noise power in signal band F, recalling the NTF definition (2.45)). The auxiliary variable «
is used as a “dummy” objective, since SOCP requires a linear objective. Numerically the
integral was computed exactly using the approach of [S1}52], in which a test-input with

power spectrum 1£(f) is (conceptually) sent through the filter, and the output power is
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measured. An alternative approach is to use a Riemann sum on a dense set of frequencies
covering the signal band F. The set of quadratic constraints together serve as a
stability constraint; they limit the maximum gain of the loop filter over a uniformly spaced
set of frequencies { f} across one period of the filter frequency response. Since this is
the transfer function from the error to the quantizer input, if the gain becomes too large
the input to the quantizer will go into overload (the input is larger than the largest output).
Although the A modulator can tolerate some overload, beyond a threshold it will result in
oscillation, and useful operation will cease. This is referred to as instability, although it is
not rigorously defined as in linear systems. In an unstable modulator, the assumption that
the quantization noise is white and uncorrelated with the signal fails to hold. The maximum
gain level (1.6 here) is usually determined experimentally; analytical results tend to be re-
stricted to very simple cases [42, 50]. The maximum stable gain level increases with the
number of quantizer levels, and decreases with an increasing peak input level. Alternative

stability constraints include bounding mean-square (power) gain

S 19T < Gine

or peak NTF gain

11— G(f)e ™| < Hpea.

Similar optimization approaches are found in [53,54]. Many alternative or complimentary
means for maintaining stability have been examined [55, 156, 57].

An input signal consisting of three sinusoids was input to the modulator; the computed
power spectrum at the quantizer output is shown in the blue curve of Figure The
theoretical power spectrum of is overlayed in red for comparison, where we can

solve for the noise power as

o2 = Py —Ps 7
v HG)Pa
0,771
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Figure 2.2: Computed and theoretical power spectra at the quantizer output for the AX

example.

with P, = 1 here because of the unit-magnitude output levels. The close agreement be-

tween the two serves to validate the assumptions on the quantization noise.

2.2.4 Finite-Length Analysis

For applications such as free-running communications, the preceding random-signal anal-
ysis is sufficient as the the stationarity assumption on e is plausible. This is not the case,
however, for deterministic input signals of finite duration, such as are often used in radar.
Stationarity in e would require that the modulator be free-running with zero input prior to
the start of the input signal, and then left running with zero input after. In practice only the
temporal portion of the quantized waveform g containing the signal is output. We assume
then that the output noise can be represented as a finite-length segment of a stationary
signal. Since this finite-length waveform is not itself stationary, it does not have a true
spectral density. Instead of deriving a spectral density, then, we will derive the normalized
expected value of the magnitude squared of the Fourier transform of the finite-length signal

w(t)q(dt), where w(t) is a real, nonnegative window function with support on the interval

2
}, 2.51)

0,T%):
Rua(h) 2 6| e utoan
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where the normalization constant

Juol? 2 f w(t)[? sz (dt)

will be convenient later. The expression inside the expected value in (2.51)), taken on a
given realization of the random signal, is often referred to as the periodogram when a
rectangular window is used, or as the modified periodogram in general. The periodogram
is frequently used to estimate the PSD of stationary processes. As will be shown, it is an
asymptotically unbiased estimator, meaning that its expected value converges to the PSD
for large 7. We use the periodogram in this section not as a spectral estimator, however,
but as a tool to analyze the spectral properties of a finite-length sequence excised from a
stationary process.

We wish to compute (2.51)) for the sum ¢ = s + z of a deterministic discrete-time sig-
nal s with support in [0, 7;) and a wide-sense stationary, zero-mean discrete-time random

signal z. Expanding and rearranging yields
Runa( ) = o] [ et stan + stan)( f e rutt) star) +otar]) |
— g{f]( e 2w (t) [s(t)s* () + z(t)2* ()] srz(dt) srz(dt) }

The integrals here are finite sums, and so we can bring the expectation inside the integrals:

1
(I

Runalf) = f f eI (1) ()5 () + 1ot — )] 2rald) wradd).

Now we assume the inverse Fourier-transform relation
wltpsrela) = (T [ B W) ap ) sratan
0,771
exists, and substituting and rearranging yields

2
waq(f) = L 3 f f ](][ e I2m(f =)t g i2m (f+")t o
||w|| [O,T*l) [0,7-1)

W IW(f")s(t)s" (') sra(dt) sraz(dt’) df df”

T _ o
+ —Hw”2 ]( ](]( €—J2Tr(f—f )t€J27rft W(f/)UJ(t/)Tw(t . 75/) ETZ(dt) ZTZ(dt/> df/,
(0,771
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Recognizing multiple Fourier transforms and rearranging results in

Ruealf) = L f WS- fyar | WS+ ) af”

[Jw][? o)
||w||2][(OT f PEW (fYw(t') R (f = f)2ra(at’) df’,

and recognizing another Fourier transform in the second term and conjugate products in

both terms yields

T2

[w]}?

waq(f) =

[ ow@str-par) v [ WEORRA - af
[0,71) || || 0,771

Defining the circular convolution of periodic functions A and B, both with period 7, as

(Axps BY() AT f A(f — f)B() df'

0,71

this simplifies to

waq(f) = H 1H2|(W*T 1 S)(f)‘ + H2(|W|2*T 1 R )(f) (2.52)

where we use the notation |WW|?(f) £ |W (f)|? to simplify the second term. The first term

is just the normalization constant times the magnitude squared of the Fourier transform of
the windowed deterministic signal, verifying the classic result that the Fourier transform of
the product of sequences is the circular convolution of their respective Fourier transforms.
The second term of the periodogram is related to the original spectral density of x through
2

circular convolution with the nonnegative kernel |WW(f)|?. When the random signal g(dt)

1s continuous-time, a similar derivation reveals that

L‘
[|w]]?

Ruso(f) = (W S) (N[ + o ”2(|W|2*R)(f) (2.53)

where the window frequency response W ( f) is nonperiodic, the spectral convolutions are

now linear, not circular, and the normalization constant is

Jol? & f w(t)[? at.
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Having obtained the general result, we can now substitute shaped A output noise

spectrum R, (f) = o?|H(f)|? into (2.52):

Rywq(f) = ﬁ} (W xpa S)(f)|2 + H1‘17)—|‘2(|W|2 s*p—1 [HI?) (). (2.54)

The effect is to replace the original NTF magnitude squared response |H (f)|? with

1

[]|?

|Ho(f)] = (IW? xp=1 [HP) () (2.55)

For |H,,(f)|? to be a good approximation of |H (f)|?, |W(f)|? should have a single narrow
mainlobe and low sidelobes across one spectral period. Unfortunately, for a given window
length 77 these are opposing ideals. In using the periodogram for numerical analysis of
AY outputs, preference is given to low sidelobes, because the high dynamic range between
the noise floors in and out of the signal band is especially sensitive to the sidelobes of the
convolution kernel spreading out-of-band noise into the previously clean signal band. If we
use the periodogram instead to modeling the output of a physical AY-based D/A system
operating on finite-length inputs, the window function cannot be chosen arbitrarily; in most
cases hardware constraints enforce w(t) = 1pz,)(t). The corresponding Fourier transform
is
W (f) = [To/T1Drr, oy (fT)e I,

where [-| denotes the ceiling (round-up) function and

» sin(N7f)

DN(f)—W

is a Nth-order Dirichlet kernel, sometimes called the “sampled sinc” function. Since in

this case w(t)s(dt) = s(dt) and ||w|]* = [T,/T], (2.54) reduces to

1 o?

(IW 15, [HIP) (). (2.56)

Unfortunately, the Dirichlet kernel has relatively high (—13 dB) sidelobes, and thus the

SNR achievable using conventional AY: modulation on finite-length waveforms is limited
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Figure 2.3: The expected noise spectra for AY modulated sequences of various lengths.

by the waveform length. As an example, consider the NTF designed above, with signal
durations of 22 x T, 2'® x T, and 2** x T. Figure [2.3| plots the noise term of for
each length, and for the infinite-length (WSS) case. It takes a signal length of greater than
16 million output samples to get the expected noise periodogram close to the infinite-length
case. Significant performance is lost for shorter sequences.

To be an asymptotically unbiased estimator, the expected noise periodogram must con-

verge to the PSD of the stationary shaped noise as the window is lengthened. We write the

limit as
2
M Ruxe (f) = lim (ij (WP, [HI?)(S)
= Jim o ][‘ o (TP (TP (= o

Here we see that the normalization constant was chosen so that the integrand factor in
parenthesis has unit area per period. As the window length grows larger the window
frequency response grows narrower, and the area is increasingly concentrated around the
points {7T~'Z}. Since NTF H is continuous, in the limit the integral “sifts” the value H ( f),
and

lim Ryxg (f) = o*|H(f)|?

Ts—00

as desired. The same result can be achieved with any standard window parameterized on
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length.

A final caveat is in order. The results of this section give only the expected energy
spectrum for a finite length sequence; a given realization may deviate significantly from
the ensemble average. Examples can be readily constructed the greatly exceed or fall short
of expected performance. A3 modulation is a sequential computation; the modulator does
not know how long it will run, and it does not optimize the spectrum for any given length.
Its strength is that it gives good results in real time with a computational load that has
linear dependence on sequence length. The computation required for direct optimization
of integer-valued sequences, on the other hand, grows exponentially with sequence length,
and is impractical for all but the shortest sequences. Another view of finite-length A

modulation is found in [58]], in which the modulator is analyzed as a vector quantizer.

2.2.5 Extensions

Several extensions of the basic AY. modulator have been reported. Although multilevel
quantization inside the AY. loop has many advantages, static quantizers require often im-
practical levels of precision when used for noise shaping. Dynamic quantizer techniques
[59! 160, |61} 162, 163], commonly referred to as dynamic element matching (DEM), allow
spectral shaping of hardware mismatch errors similar to quantization error shaping. Vector
valued AY. modulation has several applications, including power systems [64] and inte-
grating DEM and AY. modulation [65], among others [66] 67]. Multidimensional AX:
modulation was reported in [26], where one scalar AY; modulator operating along a spatial
dimension of a sonar beamformer was operated nested inside of a temporal modulator. This
is very much in the spirit of Chapter 4] of this dissertation, which generalizes multidimen-

sional A considerably.
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2.3 Spatial Delta-Sigma Modulation: Image Halftoning

Halftoning is the process of reducing a continuous-valued image to a discrete-valued im-
age, generally for reproduction on equipment with high spatial resolution but limited color
range. The most common examples are laser and inkjet printers, but many handheld com-
puters, stadium scoreboards and bank signs have similar restrictions. Most commonly the
output is binary-valued, corresponding to (for example) the decision to place or not to place
a drop of ink at a given location. Halftoning takes advantage of the spatial-lowpass nature

of the human visual system to filter out the inevitable quantization noise that results.

Many methods exist for halftoning [68, 69], ranging from simple pattern substitution
(screening) to direct local minimization of an integer programming problem (direct binary
search or DBS) [[70]. The former is incredibly simple, but produces poor results. The latter
generally produces the best results, but is very computationally intensive and requires an
indeterminate number of iterations. Of greatest interest here, however, is error diffusion
halftoning, introduced by Floyd and Steinberg in their now-classic 1976 paper [71]. Error
diffusion, as was later recognized [72]], is in fact two-dimensional (spatial) A3 modulation.
It is modeled as space-invariant by ignoring the clipping operation that maintains the image
size. The error-feedback loop leads to a higher computational complexity than screening,
but the number of computations per pixel is fixed and is generally much less than for DBS.
Depending on the loop filter, the quality of error diffusion can be close to that of DBS.
A vector version of error diffusion can be used for color images [73]. An example of
Floyd-Steinberg error diffusion is shown in Figure[2.4] Viewed from far enough away, the

pixelation disappears and the eye sees continuous tones.

Although structurally error-diffusion halftoning is identical to temporal AY> modula-
tion, the design criteria are somewhat different. In the latter case, the goal is high SNR and
thus high quantization noise suppression in the band of interest. The result is a very steep

transition from the signal band to the noise band, which requires correspondingly steep
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(a) Origial image. (b) Halftoned image.
Figure 2.4: Example of Floyd-Steinberg error-diffusion halftoning.

analog filtering at the output. The transfer function of the eye, on the other hand, has a
much more gradual rolloff and is a function of viewing distance. Perceptual quality is max-
imized with a correspondingly more gradual transition of the shaped noise spectrum from
low to high frequency. Once consequence of this is that filters used for halftoning tend to
be fairly short (the original Floyd-Steinberg filter had just four nonzero coefficients), while

those used for D/A conversion tend to be as long as is practical.



Chapter 3.

Wideband Transmit Antenna Arrays

Once computationally impractical, wideband digital antenna arrays are now a reality thanks
to the continued evolution of computing power. Whereas formerly wideband arrays re-
quired switched analog delay elements and attenuators, now the (nonadaptive) array-pattern
synthesis can be a performed by digital filtering of data at the antenna, with the usual gains
in precision and flexibility. A conventional approach to digital pattern synthesis is to simply
approximate the analog hardware with digital filters. This has the same drawback as the
analog system it replaces—it a places artificial restrictions on the resulting array pattern. In
most cases even ideal time-delay steering results in a suboptimal array response. It seems
appropriate to rethink the problem of array pattern design from first principles taking an
optimization viewpoint, since the tools now exist [[74} [75, [76} [77] to solve large problems

posed as convex programs.

Narrowband array-pattern design is a well-studied topic. The earliest works were an-
alytical, predating widespread use of numerical optimization. Examples include Dolph’s
use of Chebychev polynomials to create equiripple array patterns [[/8] and Taylor’s classic
line-source distribution [79], which in its sampled form is widely used for arrays to this
day. Many of the papers from that era focus on superdirectivity [80, 81, 182, [83) 184]], an
enticing but usually impractical result which represents a poorly conditioned solution to

an underconstrained optimization [24]. More recently, optimization techniques have been

51
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used to limit superdirectivity [85, 186, 187]]. It has long been recognized that there is a direct
relationship between the array pattern of a uniform narrowband array and the frequency
response of a multidimensional FIR filter [88]], an idea that was extended to wideband ar-
rays in [22]]. Thus the same tools that are used to design FIR filters can be used to design
array patterns. Optimization techniques used for array-pattern design include second-order
cone programming [89, 24, 23, 22], semidefinite programming [90], iterative least-squares

[911 192! 193] and eigendecomposition [94].

This chapter will focus on transmit arrays, although reciprocity could be invoked to
apply most of the results to receive arrays. As mentioned in the introduction, transmit arrays
have fallen behind receive arrays in terms of aperture sharing and custom array patterns due
to stricter hardware requirements on transmit. Throughout it will be assumed that the array
and all associated analog hardware such as amplifiers, filters, and feed structures are linear
and time invariant. On transmit, most conventional systems operate their amplifiers in
heavy saturation for reasons of power efficiency; this work does not directly apply to such
systems. Looking ahead, the spatio-temporal AY modulated array of Chapter [ offers a

path to linear transmit arrays and array sharing.

This chapter contains two major points of departure from conventional narrowband
array theory. The first is that multiple simultaneous transmit signals are permitted, which
results in a vector array input. The second is that standard narrowband array metrics such
as directivity and gain become frequency dependent when extended to the wideband case.
Implicit in narrowband array theory is that the input is a sinusoid, or at least has a negligible
enough bandwidth that it can be treated as such. Since all inputs (deterministic or random)
are essentially the same to within a magnitude and a phase, the input can be effectively
factored out of most analysis. For wideband arrays this is clearly not the case, and so we
face the dilemma of how to define signal-independent wideband performance metrics for
use in characterization and optimization of the array pattern. The general approach taken

here for random inputs is to assume an input that is white across the array’s bandwidth. The
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equivalent assumption for deterministic signals is an input with a Fourier transform that is
constant across the array bandwidth. In both cases the intent is to lend equal weight to the
entire band in the absence of a priori knowledge of the input signal. Indeed, this represents
a convergence of the parallel deterministic/random derivations, as identical results can be
obtained for both under these assumptions.

The first part of this chapter introduces a general passband-equivalent model of a wide-
band digital transmit array. Analysis of the various intermediate signals and system compo-
nents is traced from input to far-field radiation. Since the input signals to the array might be
either deterministic or random, parallel derivations for both cases are carried out throughout
the chapter. Intuition suggests that the results should be similar, and indeed we find a con-
venient correspondence between the deterministic and random derivations. This material
is both a self-contained treatment and a necessary prerequisite for the following chapter on
spatio-temporal A arrays. The second half of the chapter considers various array-pattern

optimization techniques, illustrated through a running set of example optimizations.

3.1 System Model and Input/Output Response

In this section, a passband-equivalent transmit-array model is presented that will be used
in this and the next chapter. Signals are then traced from the input to the array element
currents, with system components described along the way. Only deterministic signals are

considered here; analysis of random signals is deferred until Section [3.3]

3.1.1 System Model

We start our analysis by choosing a system model that is relatively simple yet will ac-
commodate most common hardware architectures. There is no “standard” digital transmit
array architecture, but a typical chain will involve digital filtering and (nonadaptive) beam-

forming followed by D/A conversion and some amount of analog processing (filtering and
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possibly frequency conversion) prior to the driver (power electronics) and the antenna ar-
ray itself. For most of this chapter the specifics of the underlying hardware architecture are
immaterial, and so we seek a simplified system model. In Section an example array
architecture is introduced that is used for a running series of example designs; at that time

the mapping from hardware architecture to equivalent model is considered in more detail.

In analyzing systems that incorporate frequency conversion, a standard approach is
to consider a baseband-equivalent system in which the frequency conversion is factored
out of the model. This is especially useful when the input and output of the system are
baseband signals. Here a passband-equivalent model is chosen instead, for several reasons.
First, the output of a transmit array is a passband signal, not a baseband signal; the receive
array is not modeled here. Second, rather than representing just another linear response,
here electromagnetic propagation is a central part of the analysis. Since the properties
of propagation depend heavily on the passband frequency, it is far more convenient to
represent all signals and significant responses at passband, rather than at baseband. Third,
the spatio-temporal AY. system of Chapter 4] to which a great deal of the analysis in this
chapter will be applied, is necessarily a passband system for which a baseband-equivalent

model would be completely unnatural.

The passband-equivalent model used throughout the rest of this dissertation is shown in
Figure [3.1] Passband-equivalent signal vector s is the input to passband-equivalent beam-
former matrix response b. All nonideal analog frequency responses prior to the driver,
including that due to D/A conversion, are combined into the equivalent response A, which
is assumed to be identical for each underlying converted signal (and thus is scalar and
space-independent). Later in this chapter it will be convenient to commute h with the
beamformer response, so that the beamformer input has already been filtered by the analog
responses. Following the analog-filter equivalent response is the ideal driver, converting
unitless inputs into either a drive-current vector ¢ or voltage v (the sequel will restrict at-

tention to current drivers). The final pair of equivalent matrix responses p and z represent
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Figure 3.1: Passband-equivalent model of transmit beamformer and array.

a combination of all the underlying physical system responses after the driver, including
any nonideal (linear) driver response, feed networks, and the array itself. Output response
p relates the output element-current distribution j to the drive-current distribution 2, thus
determining the radiating characteristics of the array. Resistance distribution z relates the
array input voltage v to 2, which will be used to determine the power delivered by the
drivers. These two equivalent responses are not independent, and indeed p completely de-
termines the component of z that corresponds to radiation (rather than resistive losses).
However, the relationship is complex and not described in the sequel; the interested reader

is directed to [935]].

3.1.2 Input/Output Response

Having introduced the passband-equivalent system model, we now proceed to trace sig-
nals from input to output. We will assume /N independent passband-equivalent inputs to
the array, represented by N x 1 vector-valued signal measure s(dt). Although we as-
sume the underlying physical input is discrete-time, the passband equivalent input can be
either discrete-time or continuous-time, depending on the system architecture. Passband-
equivalent beamformer response b(dx, dt), an M x N matrix-valued measure, converts the
temporal signals into a M x 1 space-time signal d(dx, dt). The beamformer is discrete-

space, and has the form

b(da, dt) = > b(x,dt) I(dz), (3.1)

xeL
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where spatial support L is the set of element locations in the array. (More on this shortly.)
The number of rows of b, M, represents the number of distinct antenna elements at each
location. This provides a convenient representation for configurations such as an array
of dual-polarized elements. This representation is somewhat redundant in that we can
equivalently represent an array of groups of M element types at K locations as an array of
single elements at M K locations, by redefining the element responses to avoid duplicate
locations. Likewise, we could remove the explicit spatial dependence of the beamformer
altogether by assigning each array element to a vector component (indeed, this is the most
common approach in the literature.) Thus the choice of how to represent a particular array
is often a matter of convenience. For arrays with only one element per location, M/ = 1 and
d becomes a scalar. As with the input signal, the physical beamformer is discrete-time but
the passband-equivalent response may be either discrete-time or continuous time depending
on the underlying architecture. Beamformer output d(dx, dt) is also discrete-space, and can

be written variously as

d(dx,dt) = (b * s)(dx, dt) (3.2a)
= (b s)(x,dt) d(dx) (3.2b)
xeL
N
- Z (b, * 5,) (x, dt) O(d), (3.2¢)
n=1xeLl

the last making explicit that the nth beamformer column b, (x, dt) is a vector of M LTI
filter responses mapping the nth input signal s,, to the M elements located at position x.
As mentioned previously, the analog responses of the DAC and any other analog filtering
that precedes the final power driver are combined into the scalar response h 4 (dt), implicitly
assuming that each DAC/filter chain is identical. Normally precompensation for unwanted
analog responses would take place in the generation of the input signal. Since h, is scalar

we can commute the operation to the beginning in the math to associate it with s, and define
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the equivalent converted signal measure
s £ (s % ha)(dt). (3.3)

This provides notational convenience for the derivations to come and also stresses the pri-
macy of the converted signal over the original digital signal. At the output of this equiv-
alent filter the signal is unitless, and lacks physical meaning. The driver in the model
serves simply to convert this unitless signal into the physical array drive signal, either
drive-current distribution ¢(dx, dt) or drive-voltage measure v(dx, dt). Both are discrete-

space and continuous-time. We will assume current drivers in the sequel, and so we have

i(dx,dt) = (d * ha)(dx, dt) (3.4a)
= (b * 8 % bA)(dw, dt) (3.4b)
= (b sa) (de, dt) (3.4¢)

The density of the drive-current distribution with respect to counting measure on space
and Lebesgue measure on time has units of Amps, and the corresponding density of the
voltage measure has units of Volts. This ideal driver represents the source in the Norton or
Thevenin equivalent circuit for a real driver; the equivalent impedance here is merged with
the array for simplicity. The resistance distribution z(dx,dt; —x'), is real-valued and has
units of Ohms. It provides an linear time-invariant but space-varying model of the cascade
of the nonideal part of the driver, the feed network, and the array proper as seen by the ideal

driver. It relates the drive current and voltage as
v(de,dt) = (z ® 1) (dw, dt). (3.5)

As the driver output voltage does not directly affect radiation in this model, further discus-
sion of the resistance distribution will be deferred until Section [3.4.4]
We are ultimately concerned with the fields radiated by the array, which by Maxwell’s

equations are dependent on the currents in the radiating elements of the array. These cur-
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rents are represented here by the element-current distribution __; (dx,dt), which has units
A-m-s. If j is absolutely continuous with respect to Lebesgue measure on R? x R, then the
corresponding element-current density j has units 4/m2. If the element currents are concen-
trated on the surfaces or lines defined by spatial base measures 4 or v, respectively, then
j is absolutely continuous with respect to the product measure of y or v with Lebesgue
measure on R. The corresponding R-N derivative is either the current density on the el-
ement surfaces, with units 4/m, or the current along the lines, with units of Amps. If the
topology of an element results in a mixture of volume, surface, and line currents, then
the element-current distribution can be defined as the sum of components with different
reference measures.

The linear time-invariant but space-varying output response p(dx, dt; —x') relates the
element-current distribution to the drive current z. The element-current distribution j is
a 3 x 1 field vector (indicated by the overarrow), and thus p has dimension 3 x M. For
units consistency, p has units of meters. The spatial reference measure (or measures) of
p is necessarily the same as for j . The element-current distribution is related to the drive

current by

j(dzx,dt) = (p @ i) (dz, dt) (3.6a)
JXXT) = Z ](Q(X X (T —71); —x")i(x', dr) (3.6b)
x'eL

with the second line making the discrete-space nature of the drive current distribution ex-
plicit. Here we see that the measure p(dzx, dt; —x') is the spatio-temporal response of the
element group at location x’ to the corresponding drive currents (representing the feeds for
the multiple elements) in vector ¢(x’, dt). We can see from that the spatial support £
of the driver current distribution ¢ is mathematically somewhat arbitrary, in the sense that
p can simply be redefined such that an identical element-current distribution j will result if
the spatial support of the drive-current is changed to some other set £’ of K locations. In

practice we usually choose £ to match the physical locations of the element phase centers
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at some reference frequency, and we will therefore refer to £ as the element locations in
the sequel. (The phase center of an antenna is the point from which the far-field spherical
wavefronts appear to emanate [95, Ch. 12.7].) In general the element response at each lo-
cation can be different, but in the common special case where identical element responses

are assumed at each location we have
p(X xT; —x') = po((X — x')xT) (3.7)

and

j(dz, dt) = (po ® i) (dz, dt), (3.8)

where py(dax, dt) is the spatially and temporally shift-invariant element response. Now the
choice of L is not arbitrary, as the offsets between the various locations must match the
physical offsets of the elements. An overall spatial shift of £ can still be accommodated
through redefinition of p,y, however. As we will see, the identical element-response as-

sumption (when it applies) greatly simplifies analysis. Let us substitute (3.4c) into (3.6a)

and (3.8)), respectively:

j(dz,dt) = (p @b * s4) (dz, dt) (LSV) (3.92)

(da, dt) = (po ® b * s4) (da, dt). (LSI) (3.9b)

Ihl

Fourier transforming on @ and ¢ to spatial frequency v and temporal frequency f yields

J(v. f) = f P(v, f: —a')B(da', f)Sa(f) (LSV) (3.100)

J(v, f) = Po(v, f)B(v, f)Sa(f). (LSI) (3.10b)

In the identical element-response (LSI) case the element response and the beamformer
response factor. In the next section we will see that J figures prominently in determining

the far-field electric field.
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3.2 Far-Field Propagation and the Wideband Array Pat-

tern

The spatial and temporal output of the array is given in (3.9) as the element-current distri-
bution __; . We are primarily interested in the corresponding far-field array response, which
can be found by solving Maxwell’s equations. Rather than solve directly for the electric
field from the element-current distribution, a common approach [935] is to first solve for the
vector potential &, an intermediate value that has a convenient physical interpretation. Al-
though somewhat complicated in general, the relationship between the vector potential and
the electric field is greatly simplified in the far field. In the following sections the vector
potential is described, restricted to the far field, and related to the electric field. This then
allows us to define the wideband array pattern, which serves as a transfer function from the

array input to the far-field.

Much of this section follows standard textbook treatments such as found in [95], adapted
here to the measure signal representation and extended to explicitly model the time and fre-
quency dependence of wideband signals rather than using the usual narrowband assump-
tions. Signal processing conventions are generally given preference over traditional elec-
tromagnetics, for example in using temporal and spatial frequency rather than wavelength
and direction and in defining the array pattern, element pattern, and array factor as four-
dimensional Fourier transforms. Section provides a novel approach to describing the
geometry of wideband array patterns, and introduces the idea of the Helmholtz cone to
illustrate the relationship between direction and spatial frequency. Section provides a

wideband extension of the classic narrowband approach to describing polarization.
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3.2.1 The Vector Potential

The density of the vector potential a(dx, dt) is often defined to be a solution to the inho-

mogeneous vector wave equation

2

. o0° 2
V2a(m, t) + @Oﬁ(d),t) = —Hol (CL', t))

with the element-current density j as the forcing function. This differential-equation form
is inconvenient for a measure signal representation, however, especially if the element-
current distribution is spatially impulsive (for example, when confined to a wire). Instead
we use the integral form of the solution, in which the vector potential consists of the su-
perposition of spherical waves propagating away from each point on the antenna weighted
by the element-current density at that point. Mathematically this is represented by the
convolution

G(dx, dt) = Z—O(p ® 7) (dw, dt) (3.11)
o\
of the element-current distribution with the propagation measure

d(dt)
(lzll/e)*

(3.12)
The constants zig = 47 x 1077 V's/a.m and ¢ = 2.998 x 10® m/s are the permeability of free
space and the propagation speed of light in free space, respectively. The propagation mea-
sure, often referred to as the retarde Green’s function for free space, has units of m?. The
shift on the temporal impulse in the numerator of determines the propagation speed,
while the denominator sets the scaling with distance required to satisfy the conservation of
energy.

The vector potential is both continuous-space and continuous-time, and thus the vector

potential density with respect to Lebesgue measure on R* has units Vs/m. Writing (3.11)

as a density in « and integrated in time over a set 7 yields

et d(T) -
5w T Ho & (' +llz—a']/c) Sl
= -— .1

Qé(CC, ) 47Tf HZU _ iU/H _Z(d.’]l‘ ,di )7 (3.13)

'as opposed to the advanced Green’s function, which describes propagation backwards in time
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a weighted integral of spherical waves originating at space-time locations (x’, ¢’) of nonzero
element-current density and propagating away at a speed c. Fourier transforming on time

yields

— luo e—j2ﬂ'H$—iE/||f/C _io ' =
A, f) =22 § — 27 j(ax’, at)),
SIS b e R S

and writing the element-current differential as the product differential
jldx' at") = j(z',dt") v(dx')

and splitting the integral yields

B —prle—allffe £
Aw. ) =2 S e it e

 4r |z — /|| <

where v is the spatial reference measure for the current density. Recognizing another

Fourier transform on time yields

. —i2nlle—a'|[f/c

C4r |z — /||

where J (d’, f) = J (', f) p(dx’). This expression is nearly identical to a standard text-
book result [95, Eq. (3-27)], with the exceptions that the element-current distribution and
vector potential transforms here are conjugate-symmetric, rather than one-sided, functions
of temporal frequency, and that the textbook form suppresses explicit frequency depen-

dence in favor of wavenumber k = 2w f /c = 21/ \.

3.2.2 The Far-Field Approximation

In optics and electromagnetics it is common to split analysis of fields into multiple regions
according to the relative distance from the source of the fields to the observer. The most
general (and complicated) analysis must be applied in the near-field, where propagating
spherical waves are modeled exactly and non-propagating and static fields must also be
considered. Further away, in the Fresnel region, only propagating radiation is considered

significant, and spherical waves are modeled locally as parabolas. Yet farther away is the
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far field or Fraunhofer region, where spherical waves are modeled locally as plane waves.
Texts on antennas offer various rules of thumb for the boundaries between these regions
as functions of wavelength and array dimension, but the vast majority of antenna arrays
operate well into the far field by any rule of thumb. For the sake of simplification the far
field is here defined here simply as ||| > D, where D is the radius of the smallest ball
containing the array. The origin is assumed to be contained inside the same ball.

The essence of the far-field approximation is to expand the norm ||« — '|| in a two-term

Taylor series about x:

T .
o —a'l| ~ o) -2 7 = [zl — =" @,

[Ed|

recalling that the unit-vector operator - is defined as & = x/||z||. Since both (3.13) and
(3.14) are less sensitive functions of the norm in the denominator, only the first term will

be used there. Substituting yields

- Mo = Il
Q(wg T) ~ m (t/+(||:1:H—a:’a?:)/c)§(T)-] (da: ,dt ) (315)
and
- ,UO e—JQﬂ'II:BHf/C ‘9 ' - ,
Az, f) ~ 2 §F i@l ] 4z f). (3.16)
dm |||

In (3.16) we recognize a spatial Fourier transform, and write

. —j2nll|[f/c _,
Al )~  Cafe ). (3.17)

dm ||

This remarkably elegant result is the key upon which much of the sequel is based. The
far-field vector potential resulting from element-current distribution j is just a spherical
wave weighted in the direction & by the spatio-temporal Fourier transform J(v, f) of the
element-current distribution evaluated at spatial frequency v = —& f /c. As a consequence
of the far-field assumption the dependencies on distance ||z|| and direction & have been
completely decoupled. In most cases the dependence on distance is of little interest, and so

often the far-field pattern is described as a function of & alone.



64

If we further restrict our attention to locations @ in a neighborhood around some far-
field location x(, we can make the further approximations ||x|| ~ ||xo|| in the denominator

of 3.17) and ||z|| = « - X, in the numerator, as well as & ~ X,. This results in

“A ~ @ 1 —i2re-xof/cT(_ 3
A(:C? f)}||‘13—xo||<<||X0H ~ A ||XO||€ 0 J( XOf/C7 f)? (3.18)

which describes a polychromatic plane wave traveling in the X, direction (see Appendix [C).
Thus from the perspective of a fixed far-field observer the array radiates a plane wave,

which is known as the Fraunhofer approximation.

3.2.3 The Electric Field

The electric field is both continuous-space and continuous-time. In the following analysis
it will prove more convenient to operate on the spatio-temporal density of the electric field
measure than on the measure itself, and so following convention (and to simplify terminol-
ogy) the density will be simply referred to as the electric field. Ignoring any DC terms, the
electric field at an arbitrary location « is found from the density of the vector potential via
(93]

E(x,t) = —%&(m, t)+ 02/ V(V-a(x,7))dr.

—0o0

In the far field (||| > D) this simplifies considerably to

0
~——TI.a(x,t), 3.19
l|l|>>D ot 0z, 1) ( )

E(x,t)

or, Fourier transforming on ¢,

!

~ —j2r fT Az, f). (3.20)

ll(>D

E(z, [)

Matrix T'; £ I — 227 projects onto the plane perpendicular to direction vector & =

x /|||, and so the far-field electric field is always oriented perpendicular to the direction

of propagation. The electric field has units of V/m, and its temporal Fourier transform has
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units of V-s/m. Substituting for the vector potential from (3.17) yields

} e—iznlzli/e

E(x, f) ~ i2m T 3 (& f/c, f), (3.21)

Nagsn ~ 2| 4n

the electric field directly as a function of the spatio-temporal Fourier transform of the an-
tenna element-current distribution. Thus the far-field electric field due to element-current
distribution 5 is, like the vector potential, a direction-weighted spherical wave, with an ad-
ditional weighting of —727 f (due to the time derivative) and with only the radial vector
components retained. As with the vector potential, the electric field can also be locally

approximated as a plane wave in a neighborhood around far-field location x:

¢ —i2rE-x c 1 . - R
E(x, f) le|>p ~ ¢ j2mae-xo f/ ||_H Z—O 27TfF>EOJ<_X0f/C7 f). (3.22)
[lz—xo | <%0l Xo|| 4

3.2.4 The Wideband Array Pattern

In the preceding sections the input-output relationship of the array was found in terms of the
element-current distribution, from which the far-field electric field was found in (3.21)). In
this section we return to the system of Fig. [3.1]and consider the effective transfer function
applied to the input signals, known as the wideband array pattern. The array pattern is
the usual method of characterizing the far-field performance of an array as a function of
direction.

We find the far-field electric field by substituting (3.10) into (3.21):

e-izrllf/e o

E(z, f) . —WEJQWJT:& fP(—C@f/C, fi—x')B(dz', f)Sa(f) (LSV)
(3.23a)

3 e-inleli/e A

E(x, f) lalsD —WEJQWJT&PO(—CBJC/Q [B(v, [)Sa(f). (LST)
(3.23b)

The dependence on distance ||z|| is limited to the spherical-wave factor e 327lllf/¢ /|| ||,

with the numerator representing propagation delay and the denominator representing the
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attenuation of the electric field with distance. Since arrays are seldom designed for spe-
cific distances and all arrays have the same distance dependence, it is customary to drop
the spherical wave factor. Here the array pattern is defined as the direction-dependent,

distance-independent response

A(U,f)é—IJQWfFf (v, f; —a')B(dx', ) (LSV) (3.24a)

A(v, f) 2 ——J27rf1“ Py(v, f)B(v, ), (LST) (3.24b)

which has dimension 3 x N and units of V - s. Under both the LSV and LSI definitions of

the array pattern, the electric field reduces to

o—iznlal /e

A(=zf/c, [)Sa(f), (3.25)

l

lel>p ||z

the product of a spherical wave, the array pattern, and the post-conversion signal spectrum.
At this point it is appropriate to further consider the consequences of the identical
element-response (LSI) assumption. In the LSI case case the effects of the beamformer

and the physical array separate cleanly. The factor

Aa(v.f) & 12327 T Po(v, f) (3.26)

is called the wideband element pattern, as it represents the response of a single element
(or element group, for M > 1) of the array located at the origin. The response B(v, f) is
called the array factor, as it characterizes the part of the overall response that is due solely
to the element locations and the weighting applied by the beamformer. The nth column of

(3.24b)) corresponds to the nth input signal, and can be written as

M

A, (v, f) = Z[Ael]m@% f)Brmn(v, f) (3.27)

m=1
to make explicit that the mth row and nth column of the array factor corresponds to the nth
input signal and the mth element type. Each such scalar component of the array factor can

also be viewed as the amplitude (to within a scale factor) of the array pattern of a theoretical
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array of perfect isotropic radiators, which have a uniform element pattern in both angle
and frequency. The conceptual advantage to the identical element-response assumption is
that the array factor largely determines the overall array pattern, with the (fixed) element
pattern merely serving as a spectral weighting. Thus if the array factor has low sidelobes
in a region (for example) then so will the array pattern. Indeed, in practice the array factor
is often designed with minimal knowledge of the element pattern.

In the LSV case we have not a single common element pattern, but one pattern per
element location, which can be seen by Fourier transforming and substituting it into
(3.244):

A(w, f) 2 —Z—;jQWfI‘I; 3" P(v, f; —x)B(X, f). (3.28)
x'eL

Thus the element (or element group) at location x has the pattern

Ka(v, fi=x) & = 2j2m T3P (v, f;—x) (3.29)
v

and is driven by the output of the temporal filter with frequency response B(x', ). The
extra parameter distinguishes this from the common (LSI) element pattern previously de-
fined in (3.26)). Here it is quite unclear just from inspection how the element patterns and

the beamformer contribute to the overall array pattern. Some insight is gained by rewriting

(3.244)) using the bifrequency representation of (2.24):

A(v, f) & —Z—;jQWfI‘éfP(v,f; v")B(v', f) dv'. (3.30)

Here we have the array factor B as in the LSI case, but now the role of the element pattern
is played by the bifrequency map P, which maps input spatial frequencies v’ to output
spatial frequencies v. Because of this mapping, structure in the array factor (such as low
sidelobes) may not carry over into the overall array pattern. In the LSV case it is critical to
know the element patterns in order to design the array factor.

There is a considerable gray area between the LSV and LSI assumptions, as nominally

identical elements are never exactly matched due to differences in their electromagnetic
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surroundings. In this regime it comes down to a design decision; if assuming identical
element responses results in poor designs, then the element patterns must be measured and

the LSI assumption abandoned.

3.2.5 Array-Pattern Geometry and the Helmholtz Cone

The preceding derivation of the far-field electric field took place initially in the four-
dimensional (x, f) space consisting of three spatial dimensions and one temporal frequency
dimension. By considering only the far-field we factored out the dependence on distance
|||, effectively restricting our attention to the set of direction vectors & which form the
spatial unit sphere ||x|| = 1 for all temporal frequency (a four-dimensional cylindrical
shell). This is a natural and traditional way to specify array patterns: as functions of direc-
tion and temporal frequency. On the other hand, in the electric field is described in
terms of the four-dimensional Fourier transform of the element-current distribution, which
is a function on the four-dimensional space of transform variables (v, f). This is a natural
space in which to visualize the array factor, for example, as it is simply the Fourier trans-
form of the beamformer impulse response. The relationship between these two represen-
tations was found in to be v = —& f /¢, which maps the four-dimensional cylinder
defined by ||z|| = 1 in (x, f) space to the four-dimensional cone defined by ||v|| = |f|/cin
(v, f) space. From (3.22)) we see that the radiation traveling in the direction x, looks locally
like a plane wave and results from the component of the element-current distribution that
has spatial frequency v = —X; f /c. This is the Helmholtz equation applied to plane waves
(Appendix [C), which describes the conditions for plane-wave propagation. Accordingly,
we will refer to the surface ||v|| = |f|/c as the Helmholtz cone, and will refer to points on
the cone as propagating or “visible” spatio-temporal frequencies. Spatio-temporal frequen-
cies not on the Helmholtz cone, referred to as nonpropagating or “invisible”, are effectively
filtered out by far-field propagation, and in this way the array acts as a particular kind of

spatio-temporal bandpass filter. This filtering will prove key in the next chapter for spatio-
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temporal AY. modulation.

Describing and plotting array patterns and array factors in these two geometries presents
a challenge. Although the surface ||| = 1 lies in the 4D space (x, f), it is really only 3D.
We can describe the unit sphere at a given temporal frequency in the spherical coordinate
system shown in Figure [3.2] and described in more detail in Appendix [D] Now unit-vector
& can be described by the elevation-azimuth pair (¢, ), and the array pattern can be viewed
as a function on the 3D volume [—90°,90°] x [—180°, 180°] x R in the space (¢, 0, f). For
plotting purposes, we will typically either fix one or two coordinates. When we only wish
to visualize one hemisphere of the array pattern (such as with most planar arrays), we can
instead project the hemisphere into the bisecting plane. For example, the unit hemisphere

in the positive-y halfspace can be projected into the x-z plane by the invertible mapping
Y(z,y,2) = (x,2)
Y Hz,2) = <x, V1—22— 22,z>.

The projected hemisphere occupies the unit disk 72 + 22 < 11in (z, 2) space, and the array
pattern occupies a solid 3D cylinder in (z, 2, f) space.

Similar projection approaches can be used to reduce the dimensionality of the array
pattern or array factor when described in terms of spatial frequency. Consider a function
® : R3 x RT — R3 defined as ®(v, f) = v that projects the half-cone corresponding to
positive temporal frequencies f onto R3. This mapping has an inverse ® ! (v) = (v, c[|v]|)
for spatial frequencies on the cone. The result of this mapping is to fill all of spatial fre-
quency with concentric shells whose radius is proportional to temporal frequency, as shown
in Fig. Likewise, one spatial frequency dimension can be projected out. Consider
a function Y : (R? x RT) x R — (R? x R) and its inverse that map the half-cone corre-

sponding to non-positive v, to R? x R and back:

T(Uﬂhvyvvza f) = (vdhvza f)

T (v v f) = (00 =P =02 = 2,02, ).
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Figure 3.2: A spherical coordinate system is used to describe antenna array patterns. El-
evation angle ¢ is measured up from the horizon (the z-y plane), and azimuth angle 6 is
measured clockwise from due north (the y-axis). Range 7 is included for completeness but

not used.

At each frequency f the hemispherical shell corresponding to v, < 0 is “flattened” to form
a disk of radius f/c, and the disks are stacked in frequency to form the classic 3D “ice-
cream” cone of of Fig. [3.3(b)l This solid cone is just a frequency scaled version of the
solid cylinder previously derived. This approach is most natural for planar arrays, because
the beamformer impulse response is a function of a 2D spatial variable and its correspond-
ing frequency response (the array factor) is thus only a function of 2D spatial frequency.
Thus no information is lost in projecting out the third spatial-frequency dimension. For a
wideband array whose elements are not confined to a plane, four dimensions are required

to fully specify the array factor.

3.2.6 Polarization

At a far-field location z, the electric field vector of a propagating wave lies in the plane per-

pendicular to . The most common orthogonal basis used to describe this 2D subspace is
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Uz

Figure 3.3: (a) Projecting the positive temporal-frequency half of the four-dimensional
Helmbholtz cone into three-dimensional spatial frequency fills Z? with concentric spherical
shells. (b) Projecting the negative v,, half of the four-dimensional cone into (v,, v,, f) space

results in the classic two-sided “ice-cream” cone.

the pair of standard spherical coordinate unit vectors ¢ () and (a), shown in Figure
which are the (position-dependent) directions of increasing elevation and azimuth, respec-
tively. Since 0 always lies in the plane parallel to the earth’s surface, it is often referred
to as the “horizontal” unit vector. Likewise, since <2> is perpendicular 0 it is referred to as
the “vertical” unit vector. We can write the electric field as the sum of the horizontal and

vertical components:

Ex, f) =& =, f)+ &z, f) (3.31a)
= &v(x, )(x) + Eul, [)O(x), (3.31b)

where &y and &y are the vertical and horizontal scalar electric fields. These component

scalar fields can be found as

oy

Ev(a, f) = d"(x)E(z, f)
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More generally, an arbitrary scalar polarization component can be defined as
E, f)=4"(f) | E(z. ), (3.33)

where 2 x 1 complex unit vector ’lb is a wideband extension of the Jones vector [96], which
compactly describes the polarization as a linear combination of the horizontal and vertical

components. The corresponding vector component is

where 2 x 2 matrix ¥(f) = ¢ (f)9" (f) is the wideband extension of the Jones matrix.
Wideband Jones vector and matrix values for common polarization types are given in Ta-
ble where H(f) = —jsgn(f) is the frequency response of the Hilbert transformer.
The Hilbert is required to preserve conjugate symmetry, as £ is the Fourier transform of
a real signal. Polarization types come in pairs, with the associated Jones vectors forming
an orthogonal basis for the complex 2D space of possible polarizations. So, for example,

defining 3 x 3 projection matrices

X R 1 0) (o' (x)
Iy(z) = (q’)(m) e(a;)> ) (3.352)

0 0 07 (x)

L 00) [¢"(x)
Iy(z) = (qb(a:) 9(:::)) ) : (3.35b)

0 1 T(x)

we can also write the decomposition in (3.31a)) as

E(x, [) = Tv(@)E(x, ) + Tu(x)E(, f). (3.36)

Similar to the electric field, the nth column of the array pattern (corresponding to the
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type: linear (V) | linear (H) circular (RH) circular (LH)
Jones vector 1 0 . 1 . 1
. V2 V2
P(f) 0 1 H(f) —H(f)
Jones matrix 10 0 0 . 1 —H(f) 1 H(f)
o 2 2
¥(f)=p(NHp"(f) 00 0 1 H(f) 1 -H(f) 1

Table 3.1: Common polarization types, and their associated wideband Jones vectors and
matrices.

nth input signal) can be decomposed into horizontal and vertical polarization components:

—

An(”a f) = An\/(’% f) + AnH(va f)
= Ty (—v)A, (v, f) + Tu(—v) A, (v, f)
= Ay (v, £)d(—v) + Ann(v, £)B(—v),

although the decomposition is only meaningful for propagating spatial frequencies v =
—xf/c.

The polarization of an array pattern is a linear combination of the polarizations of its
elements, and thus an array with identical element responses permits no control over the

polarization. The array polarization in this case will be that of the common element pattern:

An(v, f) - l&el(’va f)Bn(v7 f)

= [Aav(v, )d(—0) + Aun(v, ))B(~)| Bu(w, £)

When polarization control is desired, two or more sets of elements with differing polar-

izations are typically used, either co-located in pairs (or triples, etc.) or arranged in offset
lattices. Conceptually, one beam is formed for each type of element so that the combination

in the far field produces the desired polarization:

M

An(”? f) = Z [Ael]m(vv f)Bm,n('U7 f)

m=1

where [Ael]m is the mth column of A,
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3.3 Random Signal Analysis

For reasons of familiarity and notational simplicity, the preceding derivations assumed that
the input signal s and thus all subsequent signals are deterministic and that the associated
Fourier transforms exist. In many applications the input signals are random processes, and
so we wish to also characterize the response of the array to such inputs. Intuition suggests
that similar results will be obtained, which is verified in this section.

Let input s(dt) be a wide-sense stationary vector random signal with autocorrelation

matrix rs(dt). As before, define the equivalent post-conversion signal
sa(dt) = (s ha)(dt). (3.39)

The expression for the autocorrelation 75, depends on the nature of the passband-equivalent
input s. If the underlying hardware architecture involves analog frequency conversion, then

s will be continuous-time. This is shown in greater detail in Section |3.4.1} In this case,

Ts, = (bA *Tg X hTA) (dt)

If s is discrete-time with support on 7'Z, then
1 i
s, = T(bA * gk bA) (dt)

Since the elements of s usually represent independent signals, rs and r5, will usually be di-
agonal. From (3.94) we see that the resulting element-current distribution is the continuous-

time continuous-space random measure

(dw,dt) = (p B b * sa) (dex, dt). (3.40)

QL

The corresponding spatio-temporal autocorrelation density is

-

riwy,7) = s {307 (.t - 1)

_ (gf’{((pb) x5a) (2, 1) x (84 * (pL’)H)(y’t_T)}’
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and by (2.37) the autocorrelation measure is the matrix measure

r]f(da:, dy,dr) = ((1_9 b) xrs, * (p b)*) (dz,dy,dT), (3.41)

which is compact if slightly abusive notation for the temporal convolution of the differen-
tial measures (p® b) (dx, d7), 14, (d7), and (p b)T(dy, dr). The spatial dimension of the
element-current distribution comes from the deterministic beamformer and array response,
and thus the autocorrelation results from spatio-temporal filtering of the purely temporal
input signal autocorrelation. The corresponding temporal PSD is found by Fourier trans-
forming on time:

R(dz,dy, f) = (P O B)(dx, f)R., (f) (PO B)" (ay, f), (3.42)

g

and the spatio-temporal PSD is found by further transforming on space:

R (v, w, f) = (fP(v, fi =) B(dx', f)) R, (f) (fP(w, fi —y’)B(dy’,f))l
(3.43)

With identical element responses this simplifies to

R (v, w, f) = Po(v, /)B(v, f) R, (f)B" (—w, f)Pg (—w, f) (3.44)

Having characterized the random element-current distribution in terms of the input sig-
nals, we now turn to the far-field vector potential. Rearranging (3.13) as a convolution and

substituting a random element-current distribution yields

G(x, dt) ~ ﬁ ( f (o oy *39) (da:’,t)) dat
= s (fae e el - o @) vaa))

- Anll]

(3.45)

where v is a reference measure for 3. The corresponding autocorrelation matrix has spatial



76

density

re(@y,7T)=

(@ Pllllg] ||a:||||y|| {ff 2t~ (2]« &)/c)x

Pt - =yl -y @)/c)y(dw’wy')} ir

#X
(4m)* |z lyll
fff (@ yo7 = (el =2 @) /e + (]l — o+ §)/c) voa') vlay ) ar
(3.46)
Fourier transforming on 7 yields the temporal PSD
115
Ry(xy,[) = ——am
Pl fyl ™
]\[ Rz, y, f)e ¥ ll-a"a)f/coi2nlyl v 0)f/e )42y y(ay')
j ) Y = =
B (MO)Qe—j%(mll—llyll)f/c>< (3.47)
4 [yl
f RAa' g, f)em =I/ee 2 I1e y (aa) u(ay)).
J
Recognizing Fourier transforms on &’ and y’, we can write this as
Ry(z.y.f) (MO)%WM e (—&f/c.gf/c, f) (3.48)
o\, Y, - A=LJ/CYT/C, : :
Am l/llyl J

This result is the random-signal equivalent to (3.17)), here relating the temporal PSD of the
far-field vector-potential to the spatio-temporal PSD of the element-current distribution.

The random-signal equivalent of (3.20) gives the temporal PSD of the far-field electric

field:
R (z,y, f) = [i2n f'T;R5(z.y, )T, (5.492)
c—izn(lzl-lyl)f /e MO) ) o .
B 27 fIPT.R - gf/e, HTT 3.49b
e (e YO D
ej2w(m|||y||>f/c(m) 2 T (f (iof /e, f:—a') Blda f)>
— T xf/e, fi—x T X
lellgll \dz) "

RSA(f)(fP(—@f/c,f; —y’)B(dy’,f)) r’
(3.49¢)
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The last line is the random-signal version of (3.23a). Recognizing the array pattern (3.24a)),

we can write this as

e—i2n(lzl=llylDf/e

A(-3 R., (A" (=gf/c, )|, 3.50

Rz, y, f) =

the random-signal versions of (3.25). We see again that all relevant information about the

spatial distribution of the far-field electric field is contained in the array pattern.

3.4 Array Pattern Synthesis

The preceding sections focused on the analysis of a wideband transmit array, tracing deter-
ministic and random signals from input to far-field electric field. The ultimate goal, how-
ever, is synthesis: to control the electric field through design of the array pattern. In this
section, we will derive performance metrics for the array pattern, and show that efficient
numerical optimization can be used for design. These metrics largely concern the transfer
of power, resulting in expressions that are quadratic in the coefficients of the beamformer.
Thus the optimization framework used throughout will be second-order cone program-
ming [97] (SOCP), which can handle linear and convex quadratic constraints. An overview
of SOCP is given in Appendix [F} Several example designs will be interspersed with the

derivations, and so we begin with a description of the example transmit array architecture.

3.4.1 Example Design Setup

A common setup will be used for a series of incremental example designs to allow for
direct comparisons between various designs. An intermediate-frequency (IF) synthesis ar-
chitecture will be used for the examples. IF-synthesis is widely used when the final RF is
higher than the desired DAC can support directly. Although analog frequency conversion
is required, the errors associated with analog quadrature modulation are avoided by di-

rectly synthesizing the IF signal. Here IF-synthesis was also chosen to show in somewhat
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DAC Pulse + Image-Reject Driver + Array
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Figure 3.4: IF-synthesis hardware architecture for design example.

more detail how the passband-equivalent model of Figure can be related to a particular

architecture.

The underlying IF-synthesis architecture for the examples is shown in Figure [3.4] IF
input sir is a real, bandpass discrete-time signal with support on 7'Z and a signal band
centered at IF fig. IF beamformer by is real, discrete-space on the set of locations £, and
discrete-time on 7'Z. The beamformer output is converted via the DAC pulse and associated
reconstruction filtering, represented by hpac, to a discrete-space, continuous-time IF signal.
Analog frequency conversion is used to translate this signal from IF fi up to the final RF
frr, and bandpass image-reject filter Ajg removes unwanted mixing products. The filter

output feeds the driver, which in turn drives the array elements.

To simplify this architecture and reduce it to the form of Figure we need to deter-
mine the RF passband-equivalent input s, beamformer b, and analog response h,. We will
assume that hpac, the combination of the DAC pulse and antialiasing filter, bandlimits its

output so that there is no image interference in the frequency conversion:

HDAC(f) = HBW(f>HDAC(f)>

where

Hpw(f) :1(_ (f)

(frRe—fiF), (fRF—le))

is the frequency response of “brick wall” lowpass filter hgw. We can now write the input



79

to the image-rejection filter as

dIR(d.’B, dt) =2 Re{ej%(f”*fm)t (bDAC * bIF * §IF) (d.’r, dt)}
=2 Re{ejzﬂ(f”*fm)t(bgw * hpac * bip * §IF) (de, dt)}

=2 Re{ej%(f”_fm)t(th * hpac * hpw * bip * hpw * §IF) (de, dt)}7

the last because hpw * hgw = hpw. Having now bandlimited each signal and filter in the

chain, we can distribute the frequency conversion:
dIR = (h;)AC * b * §) (diL‘, dt),

where the passband-equivalent input, beamformer, and DAC/antialias filter are given by

s(dt) = 2Re{ e RSt (b « sip) (dt) } (3.51a)

b(dz, dt) = 2 Re{ e Rl (hpw % by ) (de, dt) } (3.51b)

hpac(dt) = 2 Re{ eIt (hpy s hpac) (dt) }.

We now combine the last with the image-reject filter to get the passband-equivalent analog

response

ha(dt) = (B * hipac) (dt). (3.52)

Although the physical input and beamformer are discrete-time, their passband-equivalents
are continuous time. If the input is random, then the the corresponding autocorrelation is

found as the appropriate special case of (2.42):

2 .
ro(dt) = Re{ e 2= fi)t (b s mg % bl ) (dt) }. (3.53)

In our examples we will design the array pattern for a single signal and a single type of

element (N = M = 1), and so we have a scalar IF beamformer of the form

bip(de, dt) = ZbIF<X7 dt) o(dx)

xeL
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where the subfilter at each element location x is an FIR filter with 16 real coefficients

located symmetrically about the origin with spacing 7":

15
bip(x, dt) = Z b (X7 (k — 7~5)T) (k77.5)Té(dt>
k=0

This symmetric arrangement simplifies analysis by allowing us to later impose coefficient
symmetry about the origin. The magnitude response of each filter | Big(x, f)| has period
fs = 1/T, but since the coefficients lie on the offset lattice 77 + % the phase response
has twice the period. We will refer to f, as “the” period nonetheless, as defining the filter
frequency response over an interval of width f, fully defines it everywhere. Further, since
the coefficients { by (X, (k— 7.5)T} are real, the frequency response is also conjugate sym-
metric, and so defining it on the interval [0, 0.5 f;] defines it everywhere. We can see from
that since byr is linear in its coefficients, so is b, a fact that will prove convenient
for the solving optimization problems that follow.

We will define the system parameters relative to the filter sample rate: the one-sided
signal bandwidth is 0.4 f,, the intermediate frequency is fir = 0.25f, and the nominal
transmit center frequency is frr = 0.75f,. The IF is at the center of the first Nyquist zone,
which the interval [0,0.5fs]. This is a common choice for the IF as it results in equis-
paced spectral replicas in the pre-conversion digital signal, and thus symmetric transition
bands between replicas for the reconstruction filtering. The choice of RF here happens
to lie at the center of the second Nyquist band, and indeed we could consider generating
the signal at this RF frequency directly out of the DAC by use of the appropriate recon-
struction filter. However, the RF signal band F = [0.55f,, 0.95f;] lies perilously close
to the sampling rate, and the zero-order hold pulse response that is typical of most DACs
has a null at the sampling rate. As a result, a great deal of digital compensation would
be required to flatten the hold response if direct RF synthesis was used. The RF here was
chosen primarily to achieve a moderately high ratio of bandwidth to RF, but it has the side

effect of demonstrating the potential tradeoffs between various system architectures. In
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using the IF architecture, by the RF signal band F of the passband-equivalent fre-
quency response B(x, f) maps to the IF signal band [0.05fs, 0.45 f;] of the underlying IF
frequency response Bir(x, f). Due to conjugate symmetry, defining the former over the
range [0.5f;, fs] completely defines both.

The example array consists of a square grid of elements in the x-z plane, 16 elements
wide along the z-axis and 7 elements high along the z-axis, symmetrically located about

the origin. Array normal is thus the y-axis. The elements lie on the offset lattice

d 0 d/2
0 0]lZ>+1[ 0O
0 d 0

where inter-element spacing d is one-half wavelength at the highest frequency of operation:
d=c/(2x0.95f;). As with the temporal coefficient locations, the offset allows symmetric
placement of an even number of elements about the origin. From the generalized Fourier-
series derivation of Section[2.1.3| we see that the resulting spatial-frequency periodicity of

the array factor magnitude is defined by

10 0
d
B(v —v', f)| = |B(v, f)|forv/ € |0 0|Z*+ [1]R.
0o 1 0
d

In words, the array factor magnitude is independently periodic in spatial frequency com-
ponents v, and v, with period 1/d, and is constant in v,. (Because of the offset, the array
factor phase has twice the period in v,..) The array factor is completely defined by its value
on the set of spatial frequencies [—1/2d, 1/2d] x {0} x [—1/2d, 1/2d], which we will here-
after refer to simply as a spatial frequency period of the array factor. By the given choice
of d, at f = 0.95f, the projection of the Helmholtz cone onto the (v,,v,) plane exactly
inscribes this array factor period, allowing full control over the entire visible pattern.

The array elements are identical short vertical (z-oriented) dipoles of length A\gg/20

located a distance / in front of a perfect ground in the x-z plane, where h = ¢/4f; is a

quarter-wavelength at the geometric band center fo = 1/0.55f; x 0.95f, ~ 0.72f,. The

corresponding element pattern is derived and plotted in Appendix [E| In particular, due to
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symmetry the element pattern is purely real. Short dipoles were chosen here because their
element pattern is easy to derive and they are relatively wideband and omnidirectional over
a hemisphere. They do not, in most cases, represent a particularly good choice for practical
designs because their small size leads to low radiation resistance. Indeed, we will see later
that even a small series loss resistance in the element or its feed can have a significant effect
on the performance of an array of small dipoles. Another advantage of using electrically
small elements is that we do not need guard elements, which are dummy (terminated) el-
ements placed on the same lattice surrounding the active elements to provide a uniform
electromagnetic environment to each active element and thus ensure nearly identical ele-
ment patterns. Because we assume ideal current drivers, and because the terminal current
of each element is the radiating current by the electrically small assumption, the element
patterns are necessarily identical. (The response of the terminal voltages, on the other hand,
may vary wildly due to the differences in electromagnetic environment across the array.)

Since all elements have identical responses, the array pattern factors as

A(’U, f) = Ael(va f)B(’U, f)a

and thus imposing the further symmetry condition b = b* on the (real) beamformer co-
efficients ensures that the array factor and the overall array pattern are purely real also.
This restriction has the added benefits of reducing by half the number of independent op-
timization variables and simplifying certain constraints. We can also simplify notation in

the examples by using the factorization in (E.3) to write the visible array pattern as

A(=&f/e, f) = Aay(=2f/c, f)d(@)B(—af/c, f),

as the unit vector will fall out of most expressions.

In a conventional narrowband or wideband array design, a prototype array pattern is
designed to point to boresight, and then that prototype is used to generate patterns pointing
in all other directions by applying direction-dependent phase shifts (narrowband) or time

delays (wideband) to the signal entering each element. The result is a family of array
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patterns that at each temporal frequency are simply shifted copies of the prototype. While
this is a computationally efficient approach, it precludes performing truly optimal designs
for each beam-center direction. The approach advocated here is to optimize a custom array
pattern for each beam-center direction, and thus a non-boresight beam-center direction of
Xg = \/% (é) is used for all example designs as a typical example of one of many related

designs. In polar coordinates this is elevation ¢ = 0° and azimuth 6 = 45°.

3.4.2 Far-Field Power Density and Intensity

Having characterized the electric field for deterministic and random signals, it is natu-
ral to consider how this is related to the transfer of power. Traditional electromagnetics
texts often assume sinusoidal inputs, and derive the average power accordingly. The in-
stantaneous, average (deterministic), and expected (random) radiation power densities and
intensities given below are defined the same for narrow and wideband inputs, and as pre-
sented here are largely derived from standard results in [95]. To more fully characterize
wideband inputs, both deterministic and wide-sense stationary random signals, the radia-
tion power spectral intensity is then introduced, which extends the narrowband notion of

power intensity to describe its distribution across frequency.

Deterministic Inputs

The instantaneous radiation power density of the propagating wave in the far field is a
measure of the power flow through a unit area, and is found from the electric field as the

norm of the Poynting vector:

1 —
EHE(w,t)HQ, (3.54)

where 7 = 376.73€) is the impedance of free space. The instantaneous radiation power
density is a function of time and has units of W/m2. The radiation power density has an

inverse-square dependence on the distance ||x||, while we are primarily interested in the
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distribution of power across direction. This is measured by the instantaneous radiation

power intensity

| ||2 2
€z, t)[]%, (3.55)

which has units of W/s:, where steradian sr is a unit of solid angle. Due to the time variation
the instantaneous intensity is seldom directly useful. For deterministic waveforms of finite
duration, we are primarily interested in the average radiation power intensity at far-field
position x:

o) = 121 [ a0 a (3.56)
g nTs ) ’

where 75 is the duration of the input signal. By Parseval’s theorem this is equivalent to

|a:|2
Upg () — 12 fus DIZaf

—f z, f)df,

implicitly defining the radiation power spectral intensity U(x, f), with units W/Hz.sr. Writ-

(3.57)

ing U in terms of (3.25)) yields
utw. )2 g0 355
Y ’r]TS Y .
_ 1 2
- LlIACaf/e NSAD (3580

making explicit that the intensity is a function of direction only, and not distance. If only a

single signal is to be transmitted, this further reduces to
Los 2 1 2
Uz, f) = EHA(_mf/Ca il T‘SA(JCN : (3.59)

To find the total time-average radiated power in all directions and frequencies, we integrate

U over the unit sphere and temporal frequency:

rad - f][ d.’L‘ df7 (360)

where () is the surface-area measure on the unit sphere with total measure 47 steradians.

Total radiated energy is found simply as 75P,,q. Power in a particular set of directions of

frequencies is found via appropriate integral limits in (3.60)).
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Random Signals

For WSS random processes, the analog of the average radiation power intensity is the

expected radiation power intensity (again with units of W/sr):

2
T
tog(e) £ 2L { o)1)
|| ”2 (3.61)
. Tr[ro(z, z,0)].
n
In terms of the temporal PSD this is
el f o
Unnp() = r[Ro(x,z, f)] df
" (3.62)
- fut.s)a.
now defining the radiation power spectral intensity as
s llzl )
Uz, f) = ; Tr[R(x, z, f)) (3.63a)
1 .
:—Tr[ (—&f /e, f)Ro, () AR (—af/c, £)]. (3.63b)

The second line results from substituting (3.50) and yields the power intensity in terms of
the antenna pattern and the input signal power spectrum. In the common case where the
input signals are all uncorrelated, the PSD is diagonal: R,, = diag{(Rs,,,...,Rs, )}

Now (3.63) reduces to
1L - )
= ;ZHAn(—wf/@ DI Ry, (f) (3.64)
n=1

where A,, is the nth column of the array pattern. Since the total power density is just the
sum of the power densities due to the individual signals, each signal and array pattern can
be considered separately. Total radiated power is found using as in the deterministic
signal case.

Comparing (3.59) to (3.64) with N = 1, we see that the two expressions are essen-
tially identical, with the quantity | S (f)|?/T acting as the deterministic-signal equivalent

of the power spectral density of the input signal. More generally, we can compare the
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deterministic-signal intensity and the random-signal intensity by rewriting

the former as the equivalent

Uiz, f) = %Tr (A(-f/e. D Sa(N)SLNA" (<af/e. )] G69)

This is essentially identical to (3.63b) but with the quantity S (f)S%(f)/T, serving as
the deterministic equivalent of the power spectral density matrix. Rather than statistical
independence, the condition for this deterministic PSD to be diagonal is disjoint spectral
support regions among the component signals of S'4.

Power intensity and radiated power are both convex and quadratic in the beamformer
coefficients {b(x,n7")}, and thus SOCP can be used to place upper bounds on both. The

next section will demonstrate with the first of several example designs.

3.4.3 Wideband Directive Gain and Directivity

One of the most fundamental antenna parameters is directivity, which is a measure of how
well an antenna can focus far-field radiation compared to a theoretical isotropic antenna.
This is traditionally a narrowband parameter, but is readily extended here to wideband
antennas. Along the way we will define a wideband extension of directive gain, which
provides a meaningful way to normalize the array pattern.

In narrowband array analysis, the directive gain at a given location and frequency is the
ratio of the radiation power intensity of the antenna to that of an isotropic antenna radiating

the same total power:

Dnb(wa f) £ 1 u<$’ f) (366)
1 | Uz, f)Qdz)
Substituting (3.59)) or (3.64) with a single input signal yields
> 2
Al—g
Dl f) |A(=@f/c, /)] 3,67

prm— 1 - R 2 .
= FlACas/en] o
The signal spectrum drops out, revealing that the directive gain is a function of the array

pattern only. Like the radiation intensity, the directive gain is also a function of direction
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only and not distance. The directive gain represents a frequency dependent normalization
of the array pattern, however, which is undesirable in a wideband setting. Narrowband
directivity is defined as the maximum value of the directive gain at the single frequency of
interest:

Dby (f) = max Dy, f). (3.68)

[

Directivity defined in this way is a function of frequency, and the direction of greatest
directive gain may also be a function of frequency.

For wideband systems we seek a frequency-independent normalization to define direc-
tive gain. Let F be the spectral support of the converted input signal. Then the wideband
directive gain over the frequency band F is defined as the ratio of the power intensity to
the intensity that would result if the same amount of power were instead radiated uniformly

over F from an isotropic antenna:

D(x,f) & —F—"— (3.69)
— 7 Prad
4 ff df
This normalization, while frequency-independent, is signal dependent. In most cases we
wish to define wideband directivity as a signal-independent function of the array. For this

we assume a single random input with unit power and a white spectral density over F:

17(f)
RSA - . 3.70
D=7 (3.70)
Now (3.69) reduces to
r 2
D(w, f) = [ACas/e D 3.71)

- P 5 :
4ﬁffdf]i]‘[HA(—$f/C7f)|| Q(dx) df

a function of the array pattern only. This definition definition of wideband directive gain

was introduced in [24]]. This definition provides a convenient way to normalize various
antenna patterns for comparison purposes, and will be used throughout the examples to

come.
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Wideband directivity is found by averaging the wideband directive gain across fre-

quency and taking the maximum value over direction:

Doémfx{ﬁjil?(i:,f)df} (3.72a)
1 5
= W];D(wmf) af (3.72b)
[ ut@nnar
=IE : (3.72¢)
E,Prad

where x, is the direction of maximum average directive gain. Substituting (3.71) into

yields

[ 1&=aasse. ) as
DOZ £ )
= | FI&Cas/e )P o) af

the signal-independent definition of wideband directivity. Wideband directivity provides a

(3.73)

metric which we might wish to maximize in a design. The numerator and denominator are
each convex quadratic functions of the beamformer coefficients, but with SOCP we cannot
directly optimize the ratio. Instead, we can effectively fix the numerator and minimize the

denominator, as demonstrated in the following example.

Example: Maximizing Wideband Directivity

For a first example design, we will maximize the wideband directivity by solving the fol-

lowing SOCP problem:
minimize o« > 0 (3.74a)
s.L. f f |Aav (& f /e, YB(=&f/c, )] Qdz) df < o (3.74b)
f

f 1df ]i |AelV(_§(0f/Cv [)B(=%of/c, f) — 1}2df < 10~ 10 (3.74c¢)
ba

Lines (3.74al) and (3.74b)) together serve to minimize the denominator of (3.73); auxiliary

variable « is used because SOCP requires a linear objective. Mainbeam passband con-
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straint (3.74c) limits the mean-square difference across the passband F between the array
pattern in the steering direction x, and the desired response (in this case, unity) to —40 dB.
This effectively fixes the numerator of (3.73)), and thus the result of the optimization is to

maximize wideband directivity.

The problem was setup using a custom Matlab toolbox [74], which then passed a canon-
ical SOCP to one of several available solvers [76, 77,75, 98]]. The integral in was
approximated using a weighted Riemann sum over a dense grid of spatio-temporal frequen-
cies. The result was a single, full-rank SOC constraint. Likewise the integral in (3.74c]) was
approximated using a Riemann sum over a dense grid of temporal frequencies, resulting in
a second SOC constraint. Since it was formed from responses on a single line through the
array pattern, this SOC constraint was of much less than full rank. Total problem setup time
on a 1.6 GHz Pentium-M laptop took 465 s, and solving took another 445s. The optimal
wideband directivity was found to be 24.3 dB, and the resulting optimal array pattern and

array factor are shown in Figure

Figure shows the wideband directive gain of the optimal array pattern over the
entire visible hemisphere of look directions &, projected onto the x-z plane, for temporal
frequencies at the band edges and the band center. The horizontal lines indicate constant
elevation angle, while the vertical curved lines indicate constant azimuth angle, both in
increments of 30°. Figure also shows the array pattern, this time a slice across

temporal frequency and azimuth angle at zero elevation, while Figures [3.5(¢)| and [3.5(f)

show selected one-dimensional details. A notable feature seen in these plots is that the

angular resolution of the array pattern is very nearly constant across temporal frequency.

Figure |3.5(b)| shows one spatial-frequency period of the array factor at the same tem-
poral frequencies as Figure with the white circles indicating the Helmholtz cone
boundary. Similarly, Figure [3.5(d)] shows a slice across temporal frequency and spatial-
frequency component v, at v, = 0, with the diagonal white lines indicating the Helmholtz

boundary. The array factor has been normalized so that the wideband directive gain of
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(b) Array factor as a function of spatial frequency.
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Figure 3.5: The results of maximizing wideband directivity.
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the array pattern is the product of the wideband directive gain of the element pattern and
the array factor. Inside the Helmholtz cone the array factor is well behaved, and we can
see that because of the temporal-frequency-dependent relationship between direction and
spatial frequency, the spatial-frequency resolution of the array factor must be greater at
lower temporal frequencies than at higher ones to maintain constant angular resolution in
the array pattern. Outside the Helmholtz cone, however, the array factor grows extremely
large, exceeding 100 dB (the plots are clipped to retain detail within the cone). These huge
“invisible” sidelobes are most prominent at lower temporal frequencies, where there is a
larger transition zone between the cone in the displayed spatial-frequency period and the
adjacent ones. This type of result is often seen in filter optimization problems where a large
spectral region is left unconstrained, and here we have no constraints that directly affect the
invisible sidelobes. If we were to measure the narrowband directivity of the array pattern
at the lower band edge, we would find that it slightly exceeded (by 1 — 2 dB) the classical
textbook directivity limit for an array of this size at that frequency. In the language of array
design, this array pattern exhibits superdirectivity, a topic which is very well covered in the
literature [24, 99, 87, 186, 185, 1100, 101} 183] 184} 1102, 103} 1104, [105]. Most of the work on
superdirectivity has concluded (properly) that it leads to impractical designs, and this is no
exception. To understand why, we need to derive and define input power, efficiency and

gain, the topics of the next sections.

3.4.4 Input Power

In the preceding sections, the array was primarily viewed as a linear spatio-temporal sys-
tem transforming input signals to far-field radiation. The metrics derived so far describe
the transfer and distribution of power to the far field via radiation. This approach, while
convenient for the analysis to this point, is insufficient to account for power flow within the
driving circuit prior to the radiating elements. To model internal power flow, we return to

the passband-equivalent system model of Figure [3.1) now focusing on the voltage/current
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relationship at the ideal-driver output. This allows us to derive metrics that depend in part
on power transfer from the active circuit (drivers) to the array. As will be seen, such con-
straints are essential to the design of practical wideband arrays.

Earlier we derived expressions for current and voltage with deterministic inputs in

and (3.5)), repeated here:

i(de, dt) = (b * sa) (dx, dt) (3.75a)

v(de, dt) = (z ® 1) (dw, dt) (3.75b)

The resistance distribution z(dx, dt; —a’) models the nonideal, linear characteristics of the
driver, the matching and feed networks, and the array. As noted previously, the resistance
distribution 1s real and has units of Ohms. Since both voltage and current are M X 1 vectors

with spatial support on the discrete set £, z necessarily has dimension M x M and the form

z(dx, dt; —x') = Z z(x,dt; —x') I (dx). (3.76)

xeLl

The temporal Fourier transform Z (dx, f; —') of the resistance distribution is the impedance
measure, which also has units of Ohms but is complex valued in general. The impedance
measure is the measure-system equivalent to a frequency-dependent impedance matrix, as

can be seen by manipulating its defining relation

V(X,f)=(ZOI)(X,f)
_ fZ(X,f;—:c’)I(dwl>f)

B ]\[]{V Z(z, f; —a)ze(dx) (2, f)oe(dx)
- Z Z Z(x, f; —x")I(X, f),0(X).

xeELX'eL
The density of the voltage measure at location x is just a weighted sum of the currents at
all locations x’ € L, which is analogous to a matrix multiply. In general the current is

vector-valued (to allow multiple elements to occupy the same nominal location), and so the
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weight Z(x, f; —x') is matrix valued. If £ has K distinct locations, then the impedance
measure is exactly equivalent to the M K x M K impedance matrix that would be used in a
non-measure-signal context; here [Z (x, —x, f )} mn is the frequency response relating the
voltage contribution at the mth element at location x due to the current at the nth element
at location x’. We will assume that the circuit is reciprocal, in which case the impedance

density obeys the symmetry relationship
Z(x, f;—a) = Z' (@', f; —=). (3.77)

The component of the impedance measure that corresponds to radiation is fully determined
by the array response p, and can be calculated by solving Maxwell’s equations in the near
field for a series of test inputs [93].

The input power delivered to the array by the ideal driver is found by integrating the
time-average (for deterministic signals) or expected (for random signals) product of the

current and voltage:

Pin = Ti ]f i’ (x, t)v(dx, dt) (3.78)
and
P = fg{iT(m,t)y(dm,t)}, (3.79)

respectively. We proceed now to analyze the random-signal case in some detail, and to
relate the input power back to the input signal autocorrelation; the deterministic result then

quickly follows by substituting the time-average autocorrelation. We can rewrite (3.79) in

steps as
P = f il o(e.)} sl (3.80)
- f Tr[ry ] (2, , 0) 5e(d) (3.80b)
— f Tr[z @ r;) (z, z,0) o (dx), (3.80c)

invoking (2.39)) in the last line. A frequency-domain representation provides more insight.
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Since P;, is real, we can write

P = Re{f Tr[z @ r;) (z, z,0) E[,(dﬂ?)} (3.81a)
_ ff Tr [Re{Z 0 Bi}} (@, 2, [)se(dz) df (3.81b)
- ff Tr [Re{Z} O Bi} (@, 2, f) scldz) df. (3.81¢)

The last step is a consequence of and the Hermitian symmetry of R;, and it reveals
that the input power depends only on the real part of the impedance. This is just a multi-
dimensional restatement of a first-year circuits result: reactive elements consume no real
power. In (3.81c) we can see that the trace expression represents a power density across
space and temporal frequency.

To relate P, to the input signal we first expand the space-variant filtering in and

invoke (3.777) (anticipating the latter by swapping the roles of & and y in the second line):

P = Tr ](;[ Re{Z}(x Ri(dy,x, f) sc(dx) df}
Ty fj{ Re{Z)(y, f; —@) Ri(dz, y, f) sc(dy) df]
ITrj Re{ZT}(w,f;—y)Ri(dw,dy,f)dfl-

In the last line we absorb the reference measure into the spectral density measure. Substi-

tuting for the current autocorrelation yields

Py = fff Tr[Re{ 2"} (z. f: —y)Bldz, /)Ra, (f)B" (ay, )] df.|  (382)

which relates P, back to the input autocorrelation. The corresponding deterministic-signal

result is

T . 1 H H
P = f ff T [Re{ 27} (. ;9 Bla. ) Sa()SE (B (ay. )] af.| (383)

Both expressions are quadratic in the coefficients of the beamformer b. Since Z here
represents a passive system, P, is necessarily nonnegative and the quadratic is also convex.

Thus we can constrain input power directly using second-order cone programming.



95

The power input to the array is either radiated or is lost as heat in the driver circuits,
feed network, or elements. Thus we can trivially write P;, = Prag + Ploss- In sSOme cases we
can derive Py, directly without knowledge of the impedance measure. Consider an array
of identical electrically small elements driven by our ideal current source. If the sources
and array are ideal, then the equivalent impedance Z (a scalar, because all elements are
identical) seen by the current drivers is just Z..q, the radiation impedance of the array. In

this case the input power (3.81c]) simplifies to

P = ][f (Re{Zna} O R;)(x, @, f) 2c(dx) df,

and since no power is lost in the source or array, we have P;, = P.,q. Of course, in a real
array, losses are inevitable. Unless superconducting elements are used [[106], elements will
have series resistive losses that are a function of material, cross-section, and length. If Z,
is the (resistive) impedance of one dipole, then the equivalent circuit impedance is now
Z = Zead + Zioss, Where

Zo, =Y

Zloss(xa f; _y) =
0, otherwise

Now the input power is

Pin = ](f (Zwa OR;)(z, @, f) 2e(de) df + ][f ZoRi(x,x, f)se(dx) df

= Prad + Ploss-

Expanding P, for a single input yields

Ploss = ZofRsA(f)f ]B(:I:,f)|2§£(da:) df (3853.)
— 7, f Roo(£) ST 1BGx, ) df (3.85b)
xEL

a spectrally weighted integral of the sum of the magnitude-squared frequency responses

of all the component filters in the beamformer. Applying a version of Parseval’s relation
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based on (2.13)) to (3.85a) yields

. Z
Ploss = Vlgn f 0 J
] By v

[ Rat) fB B(o, )P dv df (3.86)

in general, and similarly applying (2.14)) yields

Pross = Zo f RSA (f) f ‘B(’U, f)|2 H[ARAI/A+TZNI](d'l)) df (3.87)

when the elements lie on the lattice AZ* . Nearly identical results follow for deterministic
inputs. We can see that the power lost to resistive heating is equally dependent on the array
factor for all spatial frequencies, which in the lattice case is equivalent to equal dependence
for all frequencies in one spatial-frequency period. In contrast, from and (3.59) we
see that for arrays with identical element responses the radiated power depends on the array
pattern (and thus the array factor) only for spatio-temporal frequencies on the Helmholtz
cone. Thus we expect large values of the array factor off the cone to lead to large power
losses, without offsetting increases in transmitted power. The result is poor efficiency, the

subject of the next section.

3.4.5 Efficiency

Traditionally, antenna efficiency is defined as the ratio of the total power “accepted by the
antenna from a connected transmitter” [95] to the total power radiated, thus not including
the efficiency of the transmitter itself. Since our simple model does not cleanly separate the
transmitter and the antenna, we will define the efficiency of an array as the ratio of radiated

power to driver input power:

= Zd (3.882)

Prad
=\ 3.88b
7Drad + Ploss ( )

This definition might include driver losses not included in the classical definition. If we

return to the example design of Section [3.4.3 we see that the array factor has extremely
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large values outside of the Helmholtz cone, and thus we suspect that efficiency will be
poor with non-zero element series resistance. If we assume that the series resistance of a
single small dipole is Z, = 0.1 2 (for the sake of comparison, the radiation resistance of
a single isolated small dipole with the given dimensions at the nominal signal frequency
is approximately 1¢2), and that the input signal has the flat bandlimited spectrum (3.70)
as before, then we find that the efficiency of the example design is a vanishingly small

= 9.3 - 1078, Essentially all input power is lost as heat. Physically we would find that
the currents going into each element are extremely large, but with alternating polarity in

adjacent elements. This results in cancellation in the far field, and little radiated power.

Example: Maximizing Efficiency

Clearly optimizing wideband directivity alone leads to impractical designs. Given the low
efficiency that resulted from maximizing wideband directivity, we might wish to maximize
efficiency instead. Like wideband directivity, efficiency is a ratio of quadratics, but in this

case we can’t directly fix the numerator. Instead we minimize Py, by solving the following

SOC program:
minimize o« > 0 (3.89a)
.. f Y IB(x, )l df <o (3.89b)
f

xeL

T af 1df]iIAew(—fcof/c,f)B(—fq)f/c,f)—1}2df§10—?8. (3.89¢)
-

Objective and SOC constraint together minimize the power lost to heating.
The mainbeam passband constraint is exactly as in the previous design: it limits
the mean-square difference across the passband F between the array pattern in the steering
direction x and the desired response (in this case, unity) to —40 dB. Here it serves to effec-
tively lower bound the radiated power Py,q, so that by (3.88b) minimizing P, maximizes
efficiency. Interestingly, although the value of Z is critical to the actual value of the lost

power, it is irrelevant as far as the optimization is concerned; the same solution minimizes



98

power loss regardless of the value of the series resistance. All integrals are again computed
as Riemann sums over sets of discrete frequencies. Total setup time for this example was
30s, while the solver took less than 1s by taking advantage of the sparse internal repre-
sentation of the SOC constraint (3.89b). Assuming as before that Z, = 0.1 €2, the optimal
efficiency was found to be 94%, and the corresponding wideband directivity is 22.2 dB.
Thus the price of the increased efficiency is a decrease of 2.1 dB in wideband directivity.
The resulting array pattern and array factor are shown in Figure

Examining the array factor, we can see that the huge invisible sidelobes are gone, and
that the sidelobes are continuous across the Helmholtz boundary. This provides visual con-
firmation that (3.89b) has indeed constrained the array factor uniformly across the spatial-
frequency period. The array-factor mainbeam width in spatial frequency is now nearly
constant across temporal frequency. As a consequence, and in contrast to the previous ex-
ample, the array-pattern mainbeam angular width here narrows with increasing frequency.
The loss of directivity is evident at lower frequencies, where the mainbeam is much wider
than in the previous example. A side-effect of the narrowing beam is that the frequency
response at angles in the mainbeam offset from the steering direction exhibit noticeable
rolloff at higher frequencies, as seen in

If we momentarily relax the requirement that the beamformer filters be FIR and set
passband error on the left in identically to zero, then we find that this problem has

an exact analytic solution for any band F:

1 S —j 7rx~>20 C
Bo(x, f) = Z=Aay! (=% f /e, fle ol (3.90)

Except for the element-pattern inverse (which might be factored out and moved to the sig-
nal generation), this is just the classic time-delay approach to wideband pattern synthesis.
The drive current for each element is identical save a time delay by x - X, /c that depends
on element position and steering direction. We thus expect that in the FIR solution the

beamformer filters will approximate (3.90). This is verified in Figure which shows
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Figure 3.6: The results of maximizing efficiency.
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the magnitude and group-delay responses for the eight beamformer filters corresponding
to elements located on the xz-axis at positions x = d/2,3d/2,...,15d/2. All filters have
nearly the same magnitude response, as predicted. On the group-delay plot, each col-
ored horizontal horizontal line indicates the theoretical delay of the filter response with
the corresponding color. Although the group-delay curves have large error ripples, we can
see that the mean group delay of each filter matches the theory. Given these relatively
large group-delay and magnitude response ripples, it might seem surprising that the overall
array-pattern passband could be made so flat. Indeed, had the filters been independently
designed to approximate (3.90), then the passband specification might not have been met.
This is because the complex-error ripples in the individually designed filters might add con-
structively in the array factor, producing greater array-factor errors. In a joint design the

focus is not on the approximation error in a single filter, but rather on the entire response.

3.4.6 Wideband Gain and Power Gain

Although maximizing efficiency produced a reasonable design which matches the classical
time-delay solution, it is clear from the definition that efficiency does not provide a measure
of where the radiated power goes. Directivity provides a measure of how focused a beam
is, but as we have seen optimizing wideband directivity alone leads to impractical designs.
A metric which combines efficiency and wideband directivity is wideband gain, which is
defined over a frequency band F as the ratio of the average far-field power intensity over F
in the direction X, to the average density that would result from a lossless isotropic radiator

with the same input power:

f Uz, f)df
Go £ . (3.91)
4t

Comparing this to (3.72) and (3.88a)), we see that wideband gain is simply the product of

efficiency and wideband directivity:
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Figure 3.7: Magnitude and group-delay responses of selected element filters for maximum-
efficiency example design. Horizontal group-delay lines indicate theoretical ideal delay of

the filter response of the corresponding color.

Analogous to the relationship between wideband gain and wideband directivity, wideband

power gain is defined as the product of efficiency and wideband directive gain

Gz, ) £ ED(w, f).

Narrowband power gain (the product of efficiency and narrowband directive gain) and is
often used instead of directive gain to plot array patterns, and wideband power gain can be

used similarly.

Wideband gain measures how well the array converts input power into far-field radiation
in a given direction. As such, it is often a more appropriate metric than either wideband
directivity or efficiency alone. If we assume the white input characterized by (3.70), then

we can substitute (3.64) and (3.82)) into (3.91) to derive a signal-independent definition of
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wideband gain as
= L 1A aurseplfar
f ff Tr Re{ZT} ,f;—y)B(dx f)BH(dy,f)] f.

If we additionally assume that P, is dominated by series element resistance, then we can

use Py, = Praa + Ploss and substitute (3.64)), (3.60), (3.854), and (3.82)) into (3.97):

(3.92)

5 L NACaos /e ) os
47777] fHA —xf/c, f) H Q(dx) df+_ZOf fIB oo dw)df.

(3.93)

Numerator and denominator are both convex and quadratic in the beamformer coefficients.
We can optimize wideband gain by fixing the numerator with a passband constraint as
before, and minimize the denominator.

Example: Maximizing Wideband Gain

We can optimize the wideband gain of the example array by solving the SOC program

minimize o« > 0 (3.94a)
1 . R 2
St. —f f}AelV(—wf/c, FB(—@f/e. )] Qdz) df (3.94b)
+Z0f > IB(x, )P df <o
xXeL

f af ]i |Aelv(_§<0f/07 [)B(=%of/c, f) — I}Qdf < 10719, (3.94c¢)
F

The mainbeam passband constraint is the same as in the previous designs: it limits
the mean-square difference across the passband F between the array pattern in the steering
direction x( and the desired response (in this case, unity) to —40dB. Here it also serves
to fix the numerator of (3.93), while the SOC constraint (3.94b)) minimizes the denomi-
nator (input power), thus maximizing wideband gain. This program was setup in 1150 s

and solved in 307 s. Maximum wideband gain was found to be 22.4 dB, with an efficiency
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Example Do § Go

Max. Directivity | 24.3dB  9.3-107% —46.0dB
Max. Efficiency | 22.2dB 94%  21.9dB

Max. Gain 22.9dB 90% 22.4dB

Table 3.2: Comparison of results for example designs.

of 90% and a wideband directivity of 22.9dB. Figure shows the optimal array pat-
tern and array factor. Compared to the previous example, the array-pattern mainbeam is
somewhat narrower at lower frequencies, and has less variation in width over frequency.
The array-pattern frequency response for off-center mainbeam directions still exhibits sig-
nificant rolloff. The array factor now has larger invisible sidelobes, and there is a clear
delineation between the visible sidelobes and the larger invisible sidelobes.

For purposes of comparison, the wideband directivity, efficiency, and wideband gain for
the three examples presented so far are given in Table[3.2] Clearly the maximum-directivity
example is the outlier, with efficiency near zero and extremely small wideband gain. Of
the other two designs, the maximum-gain design is clearly superior, as it has 0.7 dB more

wideband directivity and 0.5 dB more wideband gain.

3.4.7 Mainbeam Frequency-Response Constraints

In the preceding examples, the frequency response of the array pattern was constrained
only at the nominal beam steering direction X,. However, in practice the exact direction to
a target is rarely known, and lies anywhere within some region around the center. As was
shown in the previous examples, significant rolloff in the array-pattern frequency response
occurs even for relatively small angular offsets from the beam center. It is tempting to con-
sider adding many more constraints of the form over a dense grid of angles around

X, but the result would be a flat-topped array pattern that would in turn result in reduced
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Figure 3.8: The results from maximizing wideband gain.
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wideband gain. Instead, we would like to constrain the shape of the frequency response at
a given angle without setting the overall level. Consider the following modification of the

previous example specification:

minimize o« > 0 (3.95a)
St. %]i f Aav(—&f /e, B(—@f /e, )| Qdz) df (3.95b)
2 | S ip i <o
xXeL

T af 1df ]i |Aav(=%of/c, [)B(—%of /e, f) — 1" df <1071 (3.95¢)
-

Taf 1dff |Aav(=%4f /e, f)B(—%xf/c, f)—ﬁk]2df§ 1071032, (3.95d)
£ k=1,..., K

In we have added K, = 24 new main-beam frequency-response constraints in
directions {Xy}, which range +4° from X, in 2° steps in both azimuth and elevation. Each
SOC constraint upper-bounds the mean-square error between the array pattern and real
auxiliary variable ;. Since ) is otherwise unconstrained, this allows the overall level of
the frequency response at each direction X; to float. By making the bound on the right
proportional to 37 we constrain relative, rather than absolute, mean-square error. The op-
timization problem of was setup and solved, taking 522s and 730s respectively.
The resulting array pattern and array factor are shown in Figure [3.9] The direct effects of

the added constraints can be seen in Figure showing that the frequency responses

have indeed been flattened. In Figures [3.9(c)| and [3.9(e)| we see that a side effect of the

frequency-response constraints is to enforce an array pattern whose mainbeam has uniform
width across frequency. Since it was not possible to efficiently narrow the mainbeam at
lower frequencies, the result of the optimization was primarily to widen the mainbeam at
higher frequencies. Mainbeam width in such designs is largely dictated by the lowest op-
erating frequency. Accompanying the beam widening is a drop in the sidelobe levels at

higher frequencies. Since the optimization cannot increase wideband gain by narrowing
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the mainbeam (as in the previous designs), it partially compensates by reducing sidelobes.
The wideband directivity, efficiency, and wideband gain for this example are 22.6 dB, 89%,
and 22.1 dB, respectively. Adding the mainbeam constraints has cost 0.3 dB in wideband
gain and wideband directivity, with little loss of efficiency.

As an alternative to mean-square error constraints, we can also bound the peak passband

error, with constraints of the form

| Aty (=K fu/C, fu)B(=Xifufe, fu) = BeDo(fu)| S 10758, k=1,..., Ku
n = 1,...,pr,

(3.96)

where Dy(f) is the desired passband response, {X;} is a dense grid of angles around the
nominal beam center, { f,, } is a dense set of frequencies across the passband F, and 10~4%/20
is the upper bound placed on the peak passband error. Here the passband error is defined
relative to the nominal passband level [, but dropping the (3 on the right will instead
bound the absolute peak passband error. If the array pattern is complex and the beamformer
does not have linear-phase symmetry, then this results in /K, X Ny, SOC constraints, each
of rank two. If the array pattern is real (or linear phase) then this results in Ky, X [V, pairs
of linear constraints, which are more efficient to solve.

The example array used throughout this section is composed of identical vertically
oriented (polarized) dipoles, and thus the resulting array pattern is necessarily vertically
polarized. For arrays without identical element responses, especially those composed of
elements with multiple orientations, the polarization is determined by the beamformer co-
efficients. The general formulations for wideband directivity, efficiency, and wideband gain
previously derived make no assumptions about polarization, but the passband constraints
used in the example designs and extended in this section implicitly assume that the po-
larization is fixed, and that we effectively have a scalar array pattern. When this is not the
case, then constraints of the form and are not sufficient, as they only control

one vector component of the array pattern. Instead, we require a pair of constraints for each
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Figure 3.9: Maximizing wideband gain subject to mean-square passband constraints.
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direction; one of the form of (3.95¢) or (3.95d)) to control the response of the desired scalar

polarization component A, and a second to bound (generally in the peak or mean-square
sense) the perpendicular scalar polarization component A | . Applying (3.33) to the array

pattern for each component, we have

N
Aj(v, f) = P (f) . A(v, f)
0" (—v)
N
AJ-(vaf) :¢L(f) R A(’U,f),
"(—v)

where {pf (f) and ¥ (f) are orthogonal Jones vectors describing the desired and perpen-

dicular polarizations. Now we might have sets of passband constraint pairs of the form
1 . ) ,
Taf Ay(=%if /e, f) = B af < 3
F F

- ldf]j:‘AJ_(_f(kf/c,f)}Qdf <en, k=1,..., Kn
f

where the set of locations {x;} discretizes the mainbeam-control region, (3 can be an
auxiliary variable or a constant, and €| and ¢, are the mean-square desired-polarization
and perpendicular-polarization errors, respectively. This approach is used and illustrated in
[1O7] for an array of orthogonal dipole pairs. We can also bound the peak error of either or

both polarization components using constraints of the form of (3.96).

3.4.8 Sidelobe Constraints

Often in array-pattern design we are concerned not just with the mainlobe response, but
also with the sidelobes. Stray power radiated in sidelobes may interfere with other sys-
tems, or may illuminate clutter and return to the array. Minimizing total input or radiated
power tends to have a stronger effect on the mainlobe than on the sidelobes because, to
paraphrase bank robber Willie Sutton, that’s where the power is. The mainlobe frequency-

response constraints used in the previous section somewhat counterintuitively improved the



109

sidelobes at higher frequencies by preventing the optimization from narrowing the main-
beam at those frequencies. This can be seen by comparing Figure [3.8]to Figure [3.9] How-
ever, at lower frequencies the sidelobes, especially those close to the mainlobe, worsened.

Thus we wish to consider explicit constraints on the sidelobes.

The suppression of sidelobes in array pattern design is analogous to stopband suppres-
sion in a frequency selective filter, and so many of the same approaches can be used. By far
the most common measure specified is the peak array-pattern sidelobe level. Peak sidelobes
can be constrained by defining the sidelobe region, choosing a dense set of points covering
the region, and placing a constraint at each point. The sidelobe region might include all
directions and frequencies except the mainlobe, but in some cases a smaller region might
be appropriate. Examples include angles below the horizon to suppress ground clutter, or
directions of known large scatterers. In a shared array we might place extra constraints
on the sidelobes of one pattern in the mainlobe direction of another pattern. Unlike the
discretization used for computing radiated power, in which a single SOC constraint is the
result, here bounding the array pattern at each point (X, fi) by peak error €y, leads to a

SOC constraint of the form

A (=X fi/, fi)|| < peak

in general, and the pair of linear constraints

_Epeak S ||Ael(_§ckfk/cv fk)”B(_)Ackfk/Cv fk:) S 6peak

when the element responses are all identical and the array factor is real.

Adding —25dB peak sidelobe constraints to the previous example design yields the



110

following SOC program:
minimize « >0 (3.97a)
1
st | Aavas /e nB-af/e. ) ) of (3.97b)
f
+2 [ S B nPaf <o
F xecL

T 1df]j__’Ae1v(_f<0f/C, FB(=%of/e, f) —1|"df <1071 (3.97¢)
-

f 1df ]j__ ‘AGIV(_ka/C, f)B(—}A(kf/Q f) — Bk|2df S 10_%@%, (397(1)
]:

k - 1, e 7Kmb
— 10750 < Ay (=i fu/e, fi)B(—Xifi/c, fi) < 1075 3, (3.97¢)
k — 1, NN 7Ksl

There are Ky = 13591 pairs of linear constraints spread across the sidelobe region, here
defined to be all visible directions and temporal frequencies in F outside of the mainlobe
region. The mainlobe region, in turn, was defined as elevation angles —25° < ¢ < 25°
and azimuth angles 30° < 6 < 66°. Although this is asymmetric about the beam center
in angle, it is symmetric in spatial frequency and thus is a more natural specification for
the array factor. This is analogous to choosing symmetric transition bands in a frequency
selective filter. Problem setup took 517 s while solving took 6510 s, the large number of
peak constraints causing a large increase in solution time. The resulting responses are plot-
ted in Figure The beam has grown yet wider to accommodate the peak constraints,
an expected if always unwelcome tradeoff. Wideband directivity, efficiency, and wideband
gain are 22.0 dB, 89%), and 21.4 dB, respectively, the latter a loss of 0.7 dB from the previ-
ous example. As wideband gain has lowered over the three previous examples, it has been
largely a result of reduced wideband directivity, with efficiency essentially fixed.

An alternative approach to constraining peak sidelobes is to constrain mean-square side-
lobes, sometimes referred to as the integrated sidelobe level. This can be constrained with

the SOC
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Figure 3.10: Maximizing wideband gain subject to passband and sidelobe constraints.
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f fdé (z) df]j_. fHA(—i'f/c, HII? dQq () df < 1070,
F LN

where () is a surface-area measure defining the sidelobe region.

3.5 Summary

This chapter considered both the analysis of wideband arrays and the synthesis of wideband
array patterns. A general passband-equivalent system model was introduced, and signals
were traced from the input to radiation in the far-field. It was shown that far-field radiation
partitions the four-dimensional space of spatial and temporal frequency, separating propa-
gating from nonpropagating frequencies according to the Helmholtz equation. Along the
way, the wideband array pattern was defined, as were important metrics such as radiated
power and input power. To take full advantage of the flexibility provided by digital beam-
forming, optimization using second-order cone programming was used to design the array
pattern. A running example design was used to compare various figures of merit, including
wideband directivity, efficiency, wideband gain, passband flatness, and sidelobe level. In
most cases maximizing wideband gain is the appropriate objective, subject to application-
specific constraints on the frequency response in the mainbeam and on the sidelobes. In
particular, it was shown that the classical time-delay method of wideband array pattern syn-
thesis results from maximizing efficiency, and that such a design exhibits a loss of wideband

gain compared to a maximum-gain design.



Chapter 4.

Spatio-Temporal Delta-Sigma Modulation

The underlying assumption of the previous chapter was that the DAC and the entire analog
circuit chain that followed, including the power amplifiers, were linear. In most current
array transmit systems this is not the case; the amplifiers are too nonlinear for all but a
highly restricted class of optimal array patterns to be realized. In Section 2.2 temporal AX
modulation was introduced as a promising technique for linear D/A conversion, potentially
at high power. One considerable drawback of conventional temporal AY modulation is that

the oversampling requirements lead to extremely high clock rates.

In a conventional (non-noise-shaped) D/A or A/D converter the usual assumption is
that quantization noise samples are uncorrelated with each other, while a noise-shaping
converter intentionally produces correlation in order to reduce the noise power in the signal
band. Likewise, in an array driven by amplifiers or AY power DAC’s the in-band noise
(be it quantization errors or true thermal noise) in the far field is generally assumed to
be the combination of uncorrelated contributions from each element. This suggests that
the individual channel quantization errors could be intentionally correlated temporally and
spatially in order to improve performance over temporal-only noise shaping. The output of
such a spatio-temporal noise-shaper would be a coarsely quantized signal corresponding to
each element, just as if a temporal-only high-power A DAC was to be used, and so the

analog electronics required would largely be the same in both cases.

113
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In this chapter the wideband array model of the previous chapter is extended to incor-
porate spatio-temporal AY. modulation, in which the quantization noise is shaped jointly
in spatial and temporal frequency. This approach has the potential to reduce clock-rate re-
quirements relative to temporal-only A3 modulation by taking advantage of spatial over-
sampling, which arises naturally in wideband arrays or might be intentionally built in. In
the sections that follow the extended spatio-temporal AY. array model is introduced and
analyzed to determine the spatio-temporal noise spectrum. This spectrum is controlled by
a spatio-temporal loop filter, which we can then optimize. The conditions for the mul-
tidimensional loop to be computable are determined, and the effect of special cases on
performance and ease of implementation is shown. Finally, the output of a small example

array is computed to compare its noise spectrum to the theory.

4.1 Input/Output Analysis

4.1.1 System Model

The system model used in this chapter is shown in Figure d.1] Comparing to Figures [2.1]
and [3.1] we see that this is essentially our previous wideband beamforming system with an
error-feedback AY. modulator inserted between the beamformer and the equivalent analog
responses. The system model in this case is also representative of the hardware architecture;
there are no practical means to perform analog upconversion in this system. Thus the
beamformer b and all signals through the modulator output q are discrete-time, with sample
interval 7'. The discrete-space beamformer converts the temporal input to a discrete-space
spatio-temporal signal with support on the set £ of element locations. All signals from
the beamformer output through the array input current have the same spatial support. As
mentioned in the previous chapter, mathematically £ is somewhat arbitrary.

In contrast to Figure here the modulator signals are M x 1 vector-valued measures

on both space and time, and thus the loop filter is an M x M matrix. The quantizer is a
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— e(dw, dt)"
Loop Filter

Figure 4.1: A wideband transmit array with spatio-temporal delta-sigma array D/A conver-

sion.

vector quantizer, and in general can exhibit both temporal and spatial memory; here we will
restrict our attention to the memoryless case. The quantizer output g drives the equivalent
DAC pulse (now incorporating the ideal driver), which in a physical array would be a high-
power linear pulse modulator rather than a continuously variable current source. The driver

output is the current 2 as before, and the array model is unchanged.

We will linearize the AY loop as in Section [2.2] by treating quantization error e as an
independent additive noise process that is WSS in time. We wish to derive two quantities:
the spectral density of quantizer output g and the far-field power intensity, as a function now
of the input s and quantization error e. The input might be be deterministic or random, and

the results for both cases will parallel the results of Section

4.1.2 Random Input

Since we analyzed the effect of the beamformer extensively in the previous chapter, we

start our analysis here with the quantizer input, the M X 1 vector u:

u(de, dt) = d(dx, dt) — (g @ e)(dz, dt). 4.1)
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By the definition of the M x 1 vector quantization error e we have

q(dx, dt)

u(dex, dt) + e(dx, dt)

d(dx,dt) — o(dx, dt) + e(dx, dt)

d(dx, dt) — (g ® e) (dx, dt) + e(dz, dt).

Combining the last two terms on the right results in

q(dz,dt) = (b * §) (de, dt) + (h g) (de, dt) (4.2a)

AL

qs(dx, dt) + ge(dz, dt), (4.2b)

where M x M matrix noise-shaping measure h is defined as

h(dx,dt; —x') = _6(dx)d(dt)I — g(dx, dt; —x'). 4.3)

We will now assume that input s and the quantization error e are uncorrelated, so we can

write

rq(dx, dy, dT) = r4,(dx, dy,dT) + T4, (dT, dYy, dT) (4.4a)

= (bxrsxb')(dx,dy,dar) + (h B r. @ h')(dz, dy, d7) (4.4b)

The signal component g, of the quantizer output is just the beamformer output from the
previous chapter, thus here we will focus on the error component qg.. We are primarily
interested in the trace of the spatio-temporal PSD of the error component at the quantizer

output so that we can later compare it to the far-field noise intensity. We find the trace of

this PSD by applying (2.38) to the second term of (4.4b):
Tr [RQe (’U, -, f)] = ff Tr [H(’U, f7 _wl)Re(dmla dy/7 f)HH(’U, fa _y/)} . (45)

In Section [2.2] we assumed that the scalar temporal noise was white. The equivalent as-

sumption here is that

re(dx, dy, dr) = o’1 L0(dy) £c(dx) 6(dr) (4.6)



117

and

Re(dx,dy, f) = 0”1 ,0(dy) sc(dx). (4.7)

At any fixed time ¢, the quantization error density e(x,t) is an M x 1 vector function of
space representing M x K distinct scalar values: one for each combination of one of the K
element locations in £ and one of the M elements types at each location. The assumption
embodied in (4.06) is that each of these scalar components of the noise density e has variance

o2 and is uncorrelated with every other component of e. Substituting (#.7) into (@.3) yields

Tr[Ry (0,0, ] =0* F Te[H(o, i~ H (v, f: -] s (i),

or writing the integral and trace as sums,

M
Tr[R. (v, —v, /)] =0 > > |[Hu(v, f; —x)|? (4.82)

x'eL m=1

M M
=0’ > Y [Hpm(v, f;—x)? (4.8b)

x'eL m=1 k=1

where H,,, is the mth column of the spatio-temporal Fourier transform of the noise-shaping
measure. We see that the PSD is just the sum of the magnitude squared frequency responses
of the noise-shaping measure components, scaled by the noise variance. This sum is the
equivalent of the noise transfer function in the scalar case; it determines the noise power
spectrum when the noise is white.

To find the far-field electric field spectral density, we follow and write the element-

current distribution as

—

j(dz, dt) = jo(dz, dt) + je(dz, dt) (4.92)

= (p@b*sa)(dw,dt) + (pBhE es)(d, dt), (4.9b)

again defining

sa(dt) = (s ha)(dt)
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as in the previous chapter and likewise defining

ea(dz,dt) = (e hy)(dw, dt)

as the equivalent post-conversion quantization noise. By (2.42)), the corresponding auto-

correlation and power spectrum are

1

Tes (dwa day, dT) = ? (hA * Te X b:&) (dw, dy, dT)

and
1
Re,(dz,dy, f) = =|HA(f)]* Re(dm, ay, f). (4.10)

The signal component j’s of the element-current distribution is identical to that derived in

the last chapter, and so we now focus on the error component, ;’e. We previously assumed

that the signal and error are uncorrelated, so that r~ = r- 4+ r-. We find the error-
J Js Je
component autocorrelation via (2.37) as
r-(dz,dy,d7) = (pEb) Bre, @ (pB b)) (dz, dy, dr), (@.11)
Je - -

and Fourier transforming on space and time and substituting and (4.10) yields

2
R (0.0.) = TP f (Pl fi-e) B’ fi-a) )
4.12)

(f P(w, f; —y")H (dy", f; —w’)) * se(dx’).

We now find the spectral density of the error component of the electric field by substituting

into (3.49b)):

e-izn(llzl-lyl)f/e 52 o\
R ooy f) — O HA(f zf(—) j2m f|?
@D = 7N ) 2]

F:a(fP(—fif/c, fi—")H (az", f; —w’)) x

H
( f P(~gf/c. f; —a")H (dz", f; —m')) T 5. (dz').
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Defining the LSV noise array pattern

Ae(v, fi—x') & —Z—;jQWfI‘ﬁfP(v, fi—a"H (dx", f; —') (4.132)
_ f Ku(v, f: —a"\H(da", f; —a'), (4.13b)

where we recall the definition of the 3 x M shift-varying element pattern from (3.29) in the

second line, reduces this to

e—i2n(lzl=llylf/c 52

el 7
f A(—&fle, f;—x )AL (—gf/c, f;—a')sc(da).| (4.14)

R (w,y,f) = Hx(f)]x

To interpret this, we can rearrange (4.14)) and write the integral as a sum to directly compare
it to (3.50)), the spectral density of the signal component of the electric field (repeated here

in the first line with additional subscripts to distinguish it from the noise component):

e—i2n(llzl=llylDf/e

Rs:(wayaf> = ||il}'||||y|| As(_if/q f)RSA<f)A§(_@f/C7 f) (4153)
e—izr(llzl—llyl)f/c
R (xz.y,[f)= X (4.15b)
[Tyl
— 2 —
> Ac=af/e, fi=a) (T HA()IPL) KE (~if Je. £~

@l

In the previous chapter it was shown that the signal array pattern A, in has dimen-
sion 3 x N, where there are N input signals, and that the nth column of _&s(v, f) was
effectively a 3 x 1 spatio-temporal transfer function from the nth temporal input signal
[sa]n to the far-field electric field. In (4.15D)), the noise array pattern has dimension 3 x M
and is space-varying, in contrast to the signal array pattern. The “input” signal in the noise
term is the post-conversion quantization error e, which like the quantization error e is an
M x 1 vector-valued discrete-space spatio-temporal signal that represents M x K scalar
temporal signals. Whereas the signal array pattern As comprises the N spatio-temporal
transfer functions {[.&S]n(v, f)} forn =1,..., N, the noise array pattern A, comprises

the M x K spatio-temporal transfer functions {[Ae]m(v, fi—a )} form=1,..., M and
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' € L. In other words, each underlying scalar input signal and each scalar, temporal noise
component has its own spatio-temporal transfer function. In the signal spectral
density matrix R, (f) describes the statistical correlation between the scalar input sig-
nals; similarly in the expression %2|H A(f)|? I results from our assumption that the
scalar error terms are uncorrelated. If the element response p is shift-invariant, then @.13)

simplifies to
Ae(v, fi—a') 2 ——ZO 27 fT,P(v, f)H(v, f; —a')
T

Ael(”v f)H('U, f7 _wl)u

(4.16)

where .&el(’v, f) is the 3 x M shift invariant element pattern of (3.26)), and H(v, f; —a') is
the M x M matrix of space-varying noise array factors.
Having derived the electric field power spectrum, we can now find the quantization-

noise component of the far-field radiation intensity from (3.63al) as

Uelar. ) = LT IHANE f T [Rel=af e fia )R (= f e fi -] meloa)
e AU Z\\[z&e}m<—@f/c,f;—x'> 2 (4.17)
x'eL m=1

The radiation intensity is just the sum of the contributions from each of the M x K scalar
quantization-noise components, a result of the uncorrelated noise assumption. Writing this
explicitly as a function of the noise-shaping measure for both the general case of a shift-
varying element pattern and the special case of a shift-invariant element pattern yields

2

e §) = LT OE Y Y| f Kalase st 1) sy

x'eL m=1

(4.18a)

Z/{e(ma f) = %%H—IA(JC)F Z ZHAel(_i‘f/cv f)Hm(—@f/C, f; _X/)H2 (LSI)

x'eL m=1

(4.18b)

where H ,,, and H,,, are the mth columns of the temporal and spatio-temporal Fourier trans-

forms of the noise-shaping measure, respectively. Comparing (4.18b) to (4.8a) we see that
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the noise shaping is controlled in both cases by a sum of the weighted squared norms of
the M x K noise transfer function columns H,,(—&f/c, f; —x') form = 1,..., M and
x' € L. In (4.84) the weights are unity, while in (4.18b]) the weights are the product of
the equivalent analog filter frequency response and the common element pattern, the result
of the quantization error propagating through the system and out to the far field. In the
common case where we have only one “type” of element per location (M = 1) and all

the element responses are identical, the noise shaping measure h is a scalar and the power

intensity (4.18b)) reduces to

2 —
el £) =~V P Ra(=a /e D) X (e /e fi=)F | @19

x'eL

= %%WA(f)PHAd(—@f/C, AP Te[Ry (~&f/e.@f/c, f)].|  (4.19b)

In (4.19b) we have recognized and substituted the shaped quantization error PSD
for M = 1. In this case the power intensity factors cleanly and is proportional to the
product of the squared magnitude of the analog filter frequency response, the norm of the
element pattern, and the PSD of the shaped quantization error. Because in most cases the
element pattern is relatively omnidirectional and the analog filtering is relatively flat across
the signal band, one could perform a reasonable design of h alone without knowledge of
ha and Ae].
It is instructive to compare (4.19al) to the noise (second) term of (2.49):

R (1) = SN PP (.20
the shaped-noise component of the output PSD of a temporal-only A converter. In (4.20)
the squared NTF | H (f)|? is the digital filter response that controls the output quantization
noise spectrum. In (4.19a)), the same role is played by the sum of the squared responses
> wee [H(v, f; =x')|%. Here we have control over the spatio-temporal quantization-noise
spectrum, rather than just the temporal spectrum. In the equivalent analog filter

frequency response Ha (f) serves to pass only the temporal-frequency signal band while
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removing the bulk of the shaped quantization noise outside the signal band. In (4.19a)), such
temporal filtering is shared between H(f) and the common element pattern A (v, f),
which incorporates any post-driver analog filtering. The element pattern also provides
spatial-frequency filtering of the shaped quantization noise, although in most cases the
element pattern is fairly omnidirectional and the spatial-frequency “signal band” consists
of all propagating spatial frequencies. Instead, the bulk of the quantization-noise filtering
in spatial-frequency is a result of far-field propagation, specifically the restriction of the
spatio-temporal frequency of propagating radiation to the Helmholtz cone. This is indicated
in as the restriction of spatial frequency to v = —& f/c. Thus in the far field we
see only the spatio-temporal frequencies on the cone, even though all the spatio-temporal
signals in the system from the beamformer output d to the element current distribution
j have spatio-temporal frequency content that lies outside the cone. Likewise, the noise
transfer functions { H (v, f; —x')}, for x’ € L, give us control over the quantization noise
spectrum outside the cone. As will be shown in Section 4.2] we can design the noise
transfer functions so as to minimize the quantization noise at propagating spatio-temporal
frequencies at the expense of increased quantization noise at nonpropagating frequencies.
In the more general cases of multiple element types or a space-varying element pattern,
as in (4.18), the element patterns don’t factor out as in (4.19), but every term in the sum
is still weighted by an element pattern that provides spatio-temporal noise filtering and is
evaluated only for propagating spatial frequencies. The far-field noise intensity and noise
power are still quadratic in the coefficients of the underlying loop filter if that filter is FIR,

and thus the optimization techniques in Section {.2]still apply.

4.1.3 The Geometry of Spatio-Temporal Oversampling

To understand the geometry involved in spatio-temporal noise shaping, we use an example
to help clarify. Assume we have array of elements on a square lattice in the x-z plane with

spacing d and a loop filter (and thus quantizer output) with sample rate 1/7". The analysis
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Figure 4.2: Signal and noise geometries for a spatio-temporal A array on a square lattice

with element spacing d and sample spacing 7.

of Section shows that the corresponding noise transfer functions and quantizer output
spectrum are constant in spatial frequency component v, and periodic in (v,, v, f) space
with one period defined by the hyperrectangle (—2—1d, ﬁ} X (_%v 2_151] X (—%, %} . This
represents the spatio-temporal spectral region over which we have direct control through
design of the noise shaping measure h. Figure 4.2| shows two 2D slices of the positive
temporal-frequency half of this 3D period (the other half is determined by conjugate sym-
metry through the origin). In the slice on the left we fix v, = 0 and indicate the bound-
ary of the Helmholtz cone with diagonal dashed lines and the upper and lower edges of
the positive-frequency portion of the signal band F = [— fyi, — fio] U [fio, fni] with hori-
zontal dashed lines. The central shaded ‘“signal” region represents the intersection of the
Helmholtz cone with F for positive temporal frequencies, and represents the portion of the
spatio-temporal spectrum that corresponds to far-field radiation. We will usually wish to
suppress quantization noise in this region to the extent possible. The outer “quantization
noise” region, on the other hand, does not correspond to propagating radiation, and so we
allow high quantization noise here; analog filtering and propagation will remove the noise

prior to the far-field.
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In Section [2.2| the oversampling ratio for a temporal AY modulator was defined as the
ratio of the sample rate to the two-sided signal bandwidth. The greater the oversampling
ratio, the greater the possible noise suppression in the signal band, and thus improving the
SNR for a fixed bandwidth requires increasing the clock rate. This represents the primary
drawback to using temporal-only AYl conversion at microwave frequencies. Here we will
refer to the ratio of the sample rate to the two-sided signal bandwidth as the temporal

oversampling ratio, which in this example has the value 57 We can see in the

1

Joi—fio)T*
example figures that the spectral period is larger than the signal region both spatially and
temporally. Thus, it makes sense to also define the spatial oversampling ratio for a planar
array on a lattice at a temporal frequency f as the ratio of the area of a spatial period of
the quantizer output spectrum to the area of the spatial-frequency region over which the
noise should be suppressed at f (i.e. the signal region). Since the latter will usually vary
with temporal frequency, the spatial oversampling ratio is a function of frequency. In the

example it takes the value = WA—;. The overall spatio-temporal oversampling ratio is

2
T f2d
the ratio of the volume of one spatio-temporal period of the quantizer output spectrum to the
volume of the spatio-temporal signal region. In the example, this value is W. The
spatio-temporal oversampling ratio is the fundamental measure of noise-shaping ability
in a space-time AY, modulator. It is directly proportional to sample rate and inversely
proportional to the element spacing squared, and thus we can increase the overall ratio by

increasing the sample rate, or by increasing the element density. This is the fundamental

tradeoff introduced by spatio-temporal A3 modulation.

Since the costs of significantly increasing the element density (and thus the number
of elements and associated driver electronics and feed networks) may be considerable,
we might consider applications in which spatio-temporal AY. modulation might be used

without modifying the element layout. In a conventionally spaced square-lattice array, the

element spacing is chosen to be d = ﬁ = % where fj is the highest operating frequency

of the array (as distinct from fy,;, the upper band edge for a particular signal or set of
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signals). With this spacing, the top of the trapezoid on the left in Figure 4.2{ would have the
same width as the outer box, and a slice through the (v,, v,) plane at f = f, would show the
circular signal region exactly inscribing the square spatial-frequency period. This choice
of spacing ensures that we have full control over the visible array pattern (to avoid grating
lobes) at f, with the minimal element density for this lattice. (A triangular lattice allows
for full control while reducing the density by about 15% relative to a square lattice [108]].)
This minimal spacing results in a spatial oversampling ratio of %(%)2 which is % ~ 1.27

at f = fo. Thus a wideband array designed to operate over a decade of bandwidth offers

spatial oversampling ratios as high as 127 for signals at the low end of its operating range.

A planar array with lattice support is a most-common special case, but there are several
other possible array configurations. For uniform line arrays, the quantizer output spectrum
is a periodic function of temporal frequency and a single scalar spatial frequency. If the
array lies on the z-axis with element spacing d, then the left plot in Figure. 4.2] shows
the reduced geometry. Here the spatial oversampling ratio reduces to ﬁ = %, and the

spatio-temporal oversampling ratio is the ratio of the area of the outer box to the area

of the inner trapezoid, or For arrays with nonlattice element locations, the

oversampling ratio does not have a clear definition since the resulting quantizer output
spectrum is not periodic. Here the average linear element density might take the place of
d. For 3D wideband arrays on a lattice (possible in theory, although unlikely in practice)
we have the added complication that the spectral period is now a 4D region with a nonzero
volume, but the Helmholtz cone is a surface in 4D. Here our previous definition would
lead to an infinite oversampling ratio, indicating that the limitation on noise suppression

performance in this case is not oversampling ratio, but rather the finite array dimension and

signal duration.
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4.1.4 Deterministic Input

In the case where the input s is deterministic and has finite time extent, the quantizer output
is
q(dz, dt) = w(t)(b* s)(dx,dt) +w(t) (h ® e)(dx, dt)

= w(t)gs(de, dt) + w(t)ge(dex, dt),

which is random but nonstationary. As before w(¢) is a nonnegative windowing function.

Now we wish to compute the expected spatio-temporal periodogram

Rucalo.0) 2 el ([ 0omuae.n) ([ e oemuae.n ) |

the outer product of the spatio-temporal Fourier transform of the quantizer output with

itself. Following the derivation of (2.52)), we find the result

1

e (W 1 BS) (v, f) x (W 5,1 BS)" (v, f)+

waq(v, f) =

—_

The first term is the deterministic equivalent of the power spectrum of the beamformed
signal convolved with the Fourier transform of the window function. Beamforming for
deterministic signals was covered in the previous chapter, and so as in the previous section

for random inputs we will focus on the noise term. Substituting (4.84) yields

Tr[Ruxq. (v, f)] =

“HQ S ST (WP H) (v, £ X)),

H'LU m=1 x'eL

where [W[2(f) 2 [W(f)[? and [[HL,[*(v, f; —x) 2 [Hou(v, f;—x')[°. We see that the
effective noise-shaping response is now convolved with the magnitude-squared response of

the window function.
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The equivalent to the erorr-component power intensity for finite-length signals can be

found via the weighted periodogram of the error component of the electric field:

U, - (@, f) = lwg{"feﬂwftw(t)ge@,t) it 2}

1wl
1)
1wl

- m(w*ue)(m,f),

substituting the second term on the right from (2.53) in the second line and substituting

(|W|2*Tr[R D(:c x, f)

in the third line. Here for notational simplicity the electric field itself is windowed,
which is not quite the same as windowing the quantizer output since in the latter case
any analog filters will continue to ring beyond the end of the window. In most cases the
difference is negligible. Substituting results in

Uy (@, f) = nTHwHQZ Z(\WF (1Ha x [[[Ae],, 7)) (=@ f /e £ =%),

x'eL m

and this result can be further specialized by substituting (4.18)) or (4.19). We can see that
the component noise-shaping frequency responses are each subject to convolution with the
window frequency response. This can lead to the same increase in the in-band quantization

noise as was detailed in Section 2.2.4]

4.2 Loop Filter Design

In this section we will consider the design of the loop filter response g, or equivalently of
the noise-shaping response h. Our primary goal is to design h so as to minimize in some
sense the noise contribution to the far-field radiation intensity over the spatio-temporal
signal band of interest, which will be some subset of the Helmholtz cone. In most cases we
want to suppress noise power over all directions, and so the signal band will be a temporally
bandlimited portion of the cone as in Figure As was the case for the NTF of a temporal

AY modulator, h cannot be made uniformly small; the tradeoff for a low NTF value in the
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signal band is a high value elsewhere. “Elsewhere” now includes nonpropagating spatio-
temporal frequencies as well as temporal frequencies out of the input signal band.

We can see from (#.3)) that if the loop filter measure g is FIR (has finite support) then
noise-shaping measure h is also FIR, and if so we can see from that the power in-
tensity is a convex quadratic function of the coefficients of h. Thus we can use SOCP to
optimize the loop filter. There are three considerations for loop filter design: controlling the
amount and distribution of the radiated noise, maintaining modulator stability, and enforc-
ing computability. The first two lead to explicit optimization constraints which we consider
in this section. Computability, on the other hand, is enforced implicitly through the support

of the loop filter measure; we defer discussion of that until the next section.

4.2.1 Far-Field Noise Power

There are two primary considerations in constraining the far-field noise power: the signal-
to-noise ratio in a given transmit direction and the noise power radiated in all other di-
rections. The latter is the simpler of the two; the expected noise power intensity over the
frequency band F transmitted in the direction & is found as in (3.62) by integrating the

power intensity
f Ue(@, ) df.
f

Substituting (4.17) we can constrain the peak expected noise intensity with a set of SOC

constraints of the form

2
deOéZ, k:17"'7Kdir7

%‘; ]i ENGIDY f:” [Ac], (—%if/c, f; —x)

x'eL m=1

(4.22)
where {x;} is a set of Ky directions distributed on the unit sphere and « is a constant
bound or an auxiliary optimization variable. The total radiated noise power is found by in-

tegrating the power intensity over both frequency and the unit sphere, and can be controlled
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with a single SOC constraint of the form

K] (—affe fi—x)|| afQum) <a?|  @23)

ARy s

x'eL m=1

where again « is a constant bound or an auxiliary optimization variable.

To constrain far-field SNR, we assume that X', is the subset of the unit sphere that
corresponds to potential transmit steering directions. The signal-to-noise ratio (SNR) over
the signal band F in the far field direction & € X is found by integrating the signal and

noise components of the radiation intensity and taking the ratio:

]i Ui (@, f)af

SNR(&) = .
]; U (i, f) df

The signal and noise intensities are found in general according to (3.64) and (#.17). The
noise intensity is independent of any signal array patterns, but the signal intensity is both
signal and array-pattern dependent. Thus we will assume that the signal intensity in the
direction  results from an array with a predesigned array pattern Aa; whose peak is in the
direction &, transmitting a signal with the power spectrum

0.2

R, (f) = T1f<f>-

This provides both a signal-independent metric and a convenient normalization. Now the

SNR is

f & s (—&f /e, )| af
f

D> S|

x'eL m=1

SNR() =

K] (~ifje, f:—x)| ar

where the denominator is a convex quadratic in the coefficients of the loop filter by either
(4.18) or (4.19). Since the numerator does not depend on the loop filter, we can lower-

bound SNR by upper-bounding its inverse. We can do this pointwise, with SOC constraints
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of the form

]i HADPY fjH[Ae}m<—mf/c, fi=x)|| ar

x'eL m=1

<ao? (4.24)

J 1A Cautjen|f ar
F

over a set of discrete directions {x;} C X . Here « can be a constant bound or an
auxiliary optimization variable. This will constrain the worst-case SNR. Alternatively, we

can constrain average SNR with a single SOC constraint of the form

DS SR (Catfe f—)| af
1 f ]i é mzzle ’ Q(da:) §a2,
fa, 0002) Jx, [ 18a-as/e.p|far
;

(4.25)
where () is the surface-area measure on the unit sphere. If X' is the entire unit sphere (or at
least that part over which any of the elements radiates any power) and the array patterns Aw

have been designed for constant signal power over directions X, then to within a constant

scale factor, Equations (4.24)) and (4.25)) reduce to (4.22)) and (4.23).

4.2.2 Stability

Just like a scalar A>> modulator, a spatio-temporal A3 modulator can become unstable if
the input to the quantizer grows too large. This can happen if the modulator input grows
too large or if the loop filter amplifies the noise too much (generally most of the noise gain

occurs outside of the signal band). The error component of the quantizer input is
Ue(dx, dt) = (g @ e) (d, dt),
the loop-filtered quantization error, with autocorrelation
Ty, (dz,dy,dt) = (g B re @ g') (dz, dy, dt) (4.26)

found from (2.37). As discussed in Section4.1.2] at a given time ¢ the density of this error

component is represented by the M x K values {[ue]m(x,t)} form = 1,..., M and
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x € L. The assumption of generally implies a simple quantizer model in which each
of these values is independently quantized. Thus we are primarily concerned with limiting
the power of each of these input components. The power of the mth noise component of

the quantizer input at location & can be found in terms of the autocorrelation as

P[u‘;‘}m(m> = T[ue]m(m7 Z, 0)

= [rue]m,m(m7 T, O)

- Z > gl ' )re(a!,y' 1 — t)g" (1 —y)

' yel tteTZ

= Z >, ngn 2 )[reui(@,y' 1 — g5 (@, 1 —y),

'y el tteTZ n,k=1
expanding the density of (4.26) in the third line, and further expanding the matrix multi-
plies in the last line to make explicit the parallel between shift-varying filtering and matrix
multiplication. Under the whiteness assumption this reduces to

M
Plue) () = o’ Z Z Z |Gmn (@, 5 —x)[?

n=1 x'el teTZ

TS Y / (. ;=) af.

n=1 x'eL

invoking Parseval’s relation in the second line. In the spirit of the stability bounds previ-
ously considered for scalar A3, we can either bound the noise power at each combination
of quantizer vector component m and input location x with a set of SOC constraints of the

form

ZZ Z\gmn —xP<a? x€L, m=1,...,M, (4.27)

n=1 x'el teTZ

or bound the peak noise gain at each quantizer vector component and input location with a

much larger set of SOC constraints of the form

M
SN Gualx fri—x)P<a? k=1, K, xeL, m=1,.. M| (428)

n=1 x'el
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where {f;} is a dense set of frequencies over one-half period [0, 7'/2]. The former is
generally preferable as it leads to fewer constraints. In both cases the bound constant « is

determined experimentally.

4.3 Computability and Parallelization

So far, the support of the loop filter measure has remained unspecified. Two issues drive
the choice of the filter support: computability and parallelization. For our purposes com-
putability means that for any input signal to the modulator the internal signals and the
output are well-defined in terms of a sequential computation that is consistent with the
defining equations of the various components in the modulator. Computability in general
ensures that there exists some order in which the elements of the output can be computed,
and in a spatio-temporal AY modulator that order is determined by the support of the loop
filter measure. A computability constraint, then, is a restriction on the support of the loop
filter measure that ensures computability. The choice of computability constraint will be
shown to have a strong effect on the noise-shaping performance. It will also affect the
extent to which the modulator can be easily parallelized. For real-time implementations,
parallel architectures are often imperative to minimize the required clock rate. This has
serious implications for the loop filtering in the modulator, as the feedback loop represents
the critical delay in the system. Of the possible computability constraints, some lead to
systems that parallelize well and some do not. Unfortunately, the constraints that result in
the best performance are the hardest to implement in parallel.

For a simple example of (un)computability, we consider the temporal-only A3 mod-
ulator of Section Here computation proceeds along the time axis and computability
equals strict causality in the loop filter—that is, the loop filter output o can only depend on
past inputs, not current or future inputs. This is usually shown, as in Figure as an ex-

plicit one-step delay in the feedback loop followed by a filter that is causal, but not strictly
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so (that is, it can depend on past and current input values). At time ¢, computation starts at
the output of the delay, proceeds throughout the loop filter and the quantizer, and ends at
the input of the delay. If that delay were not present, then at time ¢ the filter output would
depend in part on the filter input, which in turn would depend on the quantizer input, which
in turn would depend on the filter output: a circular dependency. It is not clear where to

start or stop the computation, and the internal and output signals are not well-defined.

In a spatio-temporal AY> modulator, computation need not proceed strictly along the
time dimension, as we assume in most cases that the quantizer operates on each vector
component, location, and time independently. Consider the analogy to image halftoning,
for example, in which there is no time dimension. Thus computability for a spatio-temporal
modulator is more complicated, and we will see that there are several different ways to
attain computability. As an example of a spatio-temporal modulator system that is not
computable, let M = 1 and let g(x,0; —x) # 0 for some x € L. In this case the output
density o(x, t) of the loop filter at position x and time ¢ depends on, among other things,
the input e(x, ¢) at position x and time ¢, but from Figure |4.1{ we see that if the quantizer is
memoryless then there is no net delay around the loop; we have a circular dependency as

in the scalar modulator, and the loop-filter and modulator outputs are not well defined.

The rest of the section proceeds as follows: First, the most general case of computability
to be considered will be defined, both in terms of a computation path and the corresponding
restriction on the support of the loop-filter measure. Then a simple example design will be
introduced, followed by several special cases of the general computability constraint. For
each special case the loop filter is optimized subject to that computability constraint, and
the constraints are compared according to the corresponding noise-shaping performance

and ease of parallelizability.
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4.3.1 General Computability

A general definition of computability is simplified here by our previous restriction to time-
invariant filtering. This ensures that computability can be completely defined in terms of
the computation performed at a given time step. At a given time ¢, each of the spatio-
temporal signals in the modulator is defined by M x K values, representing the M vector
components of the signal density evaluated at the K locations in £. Each of these values
will be computed at each computational time step. Traditionally all vector components and
locations would be computed for the current (computational) time, but it will be convenient
to allow time-skew between the signal components at the various locations. In this section
we will define the computation path, and derive from that restrictions on the support of the
loop filter measure. In the sections that follow, notable special cases of the general result
will be derived.

We define the computation path through two functions. The invertible index function
k: Nyx — Ny x £, where Ny, = {1,2,..., M} and L is the set of K element loca-
tions, determines the order in which the M K distinct values represented by the M vector
components and K locations of the loop filter output are computed at each time step. Eval-
uated for an index k, the index function returns the pair (m, ) = x(k), indicating that the
mth signal component at location « is to be computed in the kth computation of each time
step. We will let k(n) = (k;(n), k.(n)), to refer to the vector component and position
separately. Evaluating the inverse index function returns the index & = x~*(m, x) of the
computation of component m at position x. The time-skew function v : Ny, x £ — TZ™,
where ZT is the nonnegative integers, maps each vector component and spatial location to
an integer-sample delay. Thus, at time ¢ we first compute o,,(1)(k4(1), — v(x(1))), the
ri(1)-th component of the loop filter output at location (1) and time ¢ — y(x(1)), then
0ry2) (K2 (2),t — v(x(2))), and so on through oy, (k) (K (M K), t — v(k(MK))).

If the quantizer is memoryless and acts independently on all vector components, then

there is a zero-delay path from each vector component and location of the loop-filter output
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o to the corresponding component and location of the loop-filter input e. Thus, to avoid
circular dependencies each scalar output component can only depend on input vector com-
ponents and locations at which the corresponding output has already been computed in this
or a previous time step. This is equivalent to a restriction on the support of the loop-filter
measure g, which we can see by writing the definition of the loop-filter output density as
O (2, t) = Z Z Gmn(@,t — 75 =X )en (X', 7).
TETZ x'eLl
The loop-filter coefficient g, ,(x,t — 7; —x') is the weight applied to e, (x/, 7), the nth
component of the loop-filter input density at position x’ and time 7, in the defining sum
of o,,(x, t), the mth component of the loop-filter output density at position x and time ¢.
Applying this output definition at time step ¢ and computational step k, we compute the
output value
Oy (R (R), t = Y(R(K))) = D D Grmm(ka (k) t = (r(K)) = 73 =X )en(x, 7),
Te€TZ x'eL
which can depend on all error values computed in previous time steps as well as values

previously computed in the current time step. The former are described by
{e (x',t' —y(n,x)) : t' <t,neNy,x' € Lt € TL},
and the latter by
{e.(x',t —~v(n,x)) : k7 (n,x) < k,n €Ny, x' € L}.
The loop-filter coefficients that map these values to the current output are
{ Gy (Ba(k), '+ v(n,x") = y(k(k)); —x') :n € Ny, x' € L,0 <t € TZ}
and

{ Gy (Ba(k), v(n, x') = y(k(k)); =x) : k7 (n,x') < k,n € Ny, x' € L};
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all others must be zero. The support of the mth row and nth column of the loop filter

measure is therefore contained in the disjoint union
{(x,t; —x') : v(n,x') —y(m,x) <t € TZx € L,x € L} U
{(X,y(n,x') — v(m, x); —X/> ck i (n, X)) < ki m,x),x € L,X € E}.

This can also be compactly expressed in terms of which coefficients of the loop filter must

be identically zero, which we will call the general computability constraint:

gma(@ t;—x') =0,  t<y(n,x') —y(m, ) (4.292)

gmn (2, y(n,2') —y(m,@); =) =0, & '(m, @) <w'(n,a). (4.29b)

The first part, (4.294), enforces causality, modified to allow for time-skewed computation.
It ensures that the output values computed at the current time step do not depend on output
values that will be computed in a future time step. The second part, (4.29b), enforces
computability within a time step, ensuring that computation can occur along the chosen
path.

A more implementation-oriented way to represent the time skew results from slightly
modifying the system model. A simple transformation can be used to convert a time-
skewed loop filter into an equivalent unskewed filter, by instead skewing the signals. We

define the skew measure

A(dwa dt; —ZD,) = Z xé(dw)l{x}(wl) diag{’y(l,x)gs(dt)a 7(27x)§(dt)7 s wy(M,x)é(dt)}

xeL

(4.30)

which has an “inverse”

4_1(d$, dt7 _wl) = Z x§(dm)1{X} (m,) diag{—'y(l,x)é(dt)v —7(27x)é(dt)7 R —W(M,x)é(dt)}
xXEL
) 4.31)

in the sense that

(AB AT (dw, dt; —a') = (A7 B A) (dw, dt; —a') =T 5(dw) 1y (a')3(dt)

xeL
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which acts as an identity operator on the class of discrete-space signals of interest:

AEA'md=d.

If the quantizer is both spatially and temporally memoryless and acts independently on
all vector components, then the spatio-temporal modulator of Figure 4.3(b)|is completely
equivalent to that of Figure which is just the original modulator from Figure 4.1
with an extra output delay. The input signal in Figure is delayed in time selectively
based on spatial location and vector position, as defined by . The output signal is then
advanced by the corresponding amount. Although this operation is not causal by itself, the
cascade with the delay of Y.y iS, where Yy is the greatest advance in A~!. Defining the
“unskewed” loop filter ga 2 AE gEA ™!, we now compare it to the original “time-skewed”

loop filter:

[gA]m . (de, dt; —x') [4 g 4_1} o ldT, di; —x')

- R
o ('y(n,w’)—»y(myw))gm,n(dw, dt; —ax )

= gman(@, L = (0, @) + y(m, @); —@")5,(dw)217(dt),
from which we see that the densities are related by
[galmn(®, t; =) = gmn(x,t — y(n, ') + v(m, x); —'). (4.32)

Substituting (4.32) into the computability constraint (4.29) yields an equivalent computabil-

ity constraint in terms of the unskewed density:

ga(x, t;—x') =0, t<0 (4.33a)

9a],,, (@, 0;=2) =0, & (m,z) <K '(n,a). (4.33b)

Here the time skew is absorbed into the definition of ga, simplifying the computability

constraint.
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Figure 4.3: Time-skew transformation generates new computability constraints.

4.3.2 Example Setup

In the following sections several important special cases of the general computability con-
straint are presented. These constraints vary in ease of implementation, suitability
for parallel implementation, and noise-shaping performance. To allow direct comparison of
the latter, the loop filter corresponding to each computability constraint for an example ar-
ray was optimized. The example array consists of &' = 6 vertical dipoles spaced uniformly

about the origin along the z-axis in front of an ideal ground in the x-z plane. The pattern

C

5 which results

for this element is found in Appendix The interelement spacing is d =
in four-times spatial oversampling at center frequency f.. The AY modulator operates at a
rate f; = 1/T = 4f. with a signal bandwidth of %, which represents four-times temporal
oversampling. Although the spatial and temporal oversampling ratios are equal here, they
can be independently chosen. Each loop filter has a temporal extent of 15 coefficients,
although the number of independent optimization variables that this represents varies by

computability constraint. We will assume that the equivalent analog frequency response

Ha(f) is approximately unity on the signal band F. Each loop filter was optimized by
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solving the following SOCP:

minimize « (4.34a)

f H‘&el(—ﬁnf/c, f)H2 > H(=%uf/c, f: —x)[*af
S.t. s x'eL

Sazv /n’:]-y"'aNdir

6 [ | Aatsatsen)| ar
(4.34b)

SN gl —x)P <15, xeL (4.34¢)

n x'el

Objective and constraint (4.34Db) together minimize the worst-case transmitted
noise gain over the set of directions {X,, }, which was chosen to discretize the set of potential
steering directions (here, the entire visible hemisphere). The noise gain in a direction & is
here defined as the ratio of the far-field noise intensity in the direction @ to the intensity that
would result in reference direction X (boresight here) from a theoretical reference system
with no noise shaping and the same quantization noise level. By this we mean that the refer-
ence system has an identically zero loop filter and thus a noise-shaping measure from (4.3)
of h(dx,dt;—x') = ,,6(dx)d(dt)l. This response is in fact spatially shift-invariant, and
so we can write this as the LSI and LTI response hg(dx, dt) £ h(dx,dt;0) = &(dx)d(dt)1
with a spatio-temporal Fourier transform Hy(v, f) = I. Since this clearly provides no
noise shaping, it provides a convenient reference by which to compare the noise-shaping
performance of the various designs. The numerator and denominator, respectively, of the
nth constraint in thus result from integrating over the signal band F with the
actual and reference NTF’s in the steering and reference directions X,, and X, canceling
common factors. The constant 6 in the denominator results from the sum over six ele-
ments in (4.194)). Since the denominator is just a constant, we can also view the constraints
(4.34b)) as a normalized special case of with M = 1, Ha(f) ~ 1, and the common
element-response simplification of (#.16)). Stability constraint follows from (.27
with M = 1, bounding the noise power at each quantizer input location x € L. The

constant bound of 1.5 was determined experimentally.
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Figure 4.4: A comparison of the equivalent NTF’s of optimized loop filters with various

computability constraints.

The results of the various optimizations are shown in Figure 4.4} and will be referred
to in the following sections as the special cases of computability are introduced. None of
these examples exhibits performance that would be seen as acceptable, much less good,
in most practical systems; greater oversampling in time and/or space would be required.
The modest oversampling here was chosen so that signal-band details could be seen on the

same scale as an entire period of the NTF.

4.3.3 Strict Causality

The most straightforward extension of the causality requirement in scalar A>> modulators

to our case is the strict causality constraint

gz, t;—x') =0, t <0, (4.35)
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so that at each time instant the filter output depends only on previous values of the filter
input for all vector indices and locations. Here there is no time skew, as y(m, ) = 0, and
the stronger constraint (4.35)) implies (#.29). The computation path defined by the func-
tion k is arbitrary, as there are no computational dependencies within any given time step.
(Computation of any given vector component and location is still required to proceed in
strict time order, however.) Since the computation path within a time step does not matter,
this represents a good structure for parallel implementation; the computation of all vector

components of the output at all locations can be done simultaneously and independently.

For the six-element example, Figure shows the order of computation of the loop
filter output density o(x,t). Each row corresponds to an element location x, and each
column corresponds to a time ¢, starting from ¢ = 0. The values in the table indicate the
time step (in units of 7") in which the corresponding value is computed. For strict causality
this is quite straightforward; the values of o(x, t) at time ¢ are computed at time step t. No
computational ordering within a time step is implied in the ordering of the rows, and thus

the six output values corresponding to each time step can be computed independently.

Equation and Figure both determine the support of the loop filter density
g(x,t; —x') and the associated NTF density h(x,t; —x'), as shown in Figure Each of
the six subtables represents one of the six possible values of output location a, while each
row represents an input location &’. The columns represent time ¢. In the table, a value of
“0” indicates a value that is identically zero, a value of “X” indicates a value that might be
nonzero, and the “e” entry in each subtable at = «’ and ¢t = 0 indicates a value of 0 in
g and a value of 1 in h. We can quickly see that each output value depends only on input
values from a previous time, since all the nonzero coefficients correspond to positive time
and thus to past input values (due to the temporal flip in the convolution operation). The
result of optimizing this example loop filter (that is, optimizing the “X” values) subject to

strict causality is shown in the upper-left plot of Figure
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H t=0 T 2T 3T 4T 5T 6T
x = —2.5d 0o 1 2 3 4 5 6
—1.5d 01 2 3 4 5 6
—0.5d O 1 2 3 4 5 6
0.5d 0O 1 2 3 4 5 6
1.5d 0o 1 2 3 4 5 6
2.5d 01 2 3 4 5 6
(a) Strictly causal.
H t=0 T 2T 3T 4T 5T 6T
xr = —2.5d O 1 2 3 4 5 6
—1.5d 1 2 3 4 5 6 7
—0.5d 2 3 4 5 6 7 8
0.5d 34 5 6 7 8 9
1.5d 4 5 6 7 8 9 10
2.5d 5 6 7 8 9 10 11
(b) Time-skewed.
H t=0 T 2T 3T 4T 5T 6T
x = —2.5d Oa la 2a 3a 4a ba 6a
—1.5d Oc 1lc 2c¢ 3¢ 4c bc 6¢
—0.5d Of 1f 2f 3f 4f 5f 6f
0.5d Oe le 2e¢ 3e 4e be 6e
1.5d 0d 1d 2d 3d 4d 5d 6d
2.5d 0b 1b 2b 3b 4b 5b 6b

(c) Scanning.

Figure 4.5: A comparison of the computation order for the six-element example with var-

ious computability constraints. Each number in the tables indicates the time step (in units

of T') in which the corresponding filter output value o(x, t) is computed. Lowercase letters

in the scanning computability example indicate the computational steps within each time

step.

Special Case: Independent Scalar (Temporal) Modulators

An important special case of strict causality results from the additional constraint

Gmn (2, t;

—z')

=0,

x # x' orm # n.

(4.36)

Here the mth component of the quantizer input at location & depends only on the past

values of the mth component of the quantizer output at location x. If the quantizer operates

independently on each vector component and spatial location, then this results in M x K
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xr = —2.5d x = —1.5d x = —0.5d
t=0 T 2T t=0 T 2T t=0 T 2T
= —2.5d e X X 0 X X 0 X X
—1.5d 0 X X e X X 0 X X
—0.5d 0 X X 0 X X e X X
0.5d 0 X X 0 X X 0 X X
1.5d 0 X X 0 X X 0 X X
2.5d 0 X X 0 X X 0 X X

x = 0.5d x = 1.5d x = 2.5d

t=0 T 2T t=0 T 2T t=0 T 2T
= —-2.5d 0 X X 0 X X 0 X X
—1.5d 0 X X 0 X X 0 X X
—0.5d 0 X X 0 X X 0 X X
0.5d e X X 0 X X 0 X X
1.5d 0 X X e X X 0 X X
2.5d 0 X X 0 X X e X X

Figure 4.6: A representation of the support regions for the strictly-causal loop and noise-
shaping filter measure components g(dx,dt; —x') and h(dx,dt; —x'). An entry of “X”
indicates an independent optimization variable, while an entry of “e” indicates an entry

that is 0 in g and 1 in h.

independent temporal AY. modulators, each driving one antenna element. In this case no
spatial noise shaping is done, and the improvement over a single scalar A is limited to the
factor of K SNR gain that results from adding K identical signals with uncorrelated noise
of identical variance. This represents the best case for parallel implementation, and reduces
the computational burden significantly. However, as might be expected the performance is
the worst of all the examples given here. The result of optimizing the example loop filter
subject to (4.36)) is shown in Figure Because all the elements were identical in the
example and the other constraints were location-neutral, all six temporal loop filters had
the same optimal value. The cost of eliminating the spatial noise shaping in this example
is 6 dB of noise suppression vs. the strictly causal example, a figure that would grow for

larger arrays or for higher spatial oversampling ratios.
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4.3.4 Time-Skewed Causality

More general than strict causality, but less general than (4.29)), is time-skewed causality,

defined by

Gmn(x, t;—2") =0, t <~v(n,z") —y(m,x) (4.37)

or

(Amg®A ™) (z,t;—a') =0, t <0, (4.38)

which are stronger than and thus imply @.29) and {#.33), respectively. Here again the

index function x is arbitrary and all vector components of the output at all locations can be
computed simultaneously in a given time step, as in the strictly causal case, but here the
output values computed in the time step need not correspond to the current time.

Even if we restrict the maximum time skew for the small six-element example, there are
far too many possible skew functions  to brute-force optimize them all. Experimentation,
however, suggests that the choice v(m, x) = (x/d + 2.5)T provides the best performance
in this case. This choice results in zero delay at one end, increasing linearly to a delay of

5T at the other. Thus we have uniform time-skew across the array face. The constraint

(4.37) now reduces to
g(z,t;—x') =0, t<(x' —x)T/d. (4.39)

This particular support constraint was termed diagonal computability in [29] because the
computation path proceeds along a diagonal in the (x, ) plane, as shown in Figure
At time step 0 we compute the value of the loop filter output o(—2.5d, 0), at time step 1 we
compute both o(—2.5d,T") and o(—1.5d,0), and so on computing one more value in each
time step until step 5, at which point we reach steady state and compute six values in each
time step.

The corresponding support of the loop filter is shown in Figure where we see
a diagonal arrangement of nonzero coefficients. Rather than all coefficients lying to the

right of £ = 0, here they lie above and to the right of the diagonal passing through ¢t =
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x = —2.5d x = —1.5d
t= 0 T 2T 3T 4T 5T 6T... ] =T 0 T 2T 3T 4T 5T...
' = —2.5d e X X X X X X.. 0 X X X X X X..
—1.5d 0 0 X X X X X.. 0 e X X X X X..
—0.5d 0 0 0 X X X X.. 0 0 0 X X X X..
0.5d 0 0 0 0 X X X.. 0 0 0 0 X X X..
1.5d 0 0 0O 0 0 X X.. 0 0 0 0 0 X X..
2.5d 0 0 0O 0 0 0 X.. 0 0 0 0 0 0 X..

[ |

x = —0.5d x = 0.5d
= || =27 — 0 T 2T 3T 4T... ] =37 -2T =T 0 T 2T 3T..
' = —2.5d 0 X X X X X X.. 0 X X X X X X..
—1.5d 0 0 X X X X X.. 0 0 X X X X X..
—0.5d 0 0 e X X X X.. 0 0 0 X X X X..
0.5d 0 0 0 0 X X X.. 0 0 0 ° X X X..
1.5d 0 0 0O 0 0 X X.. 0 0 0 0 0 X X..
2.5d 0 0 0O 0 0 0 X... 0 0 0 0 0 0 X..

| |

x = 1.5d x = 2.5d
t=|| —4T -3T 2T -T 0 T 2T... ] —5T —4T -3T -2T -T 0 T..
' = —2.5d 0 X X X X X X.. 0 X X X X X X..
—1.5d 0 0 X X X X X.. 0 0 X X X X X..
—0.5d 0 0 0 X X X X.. 0 0 0 X X X X..
0.5d 0 0 0 0 X X X.. 0 0 0 0 X X X..
1.5d 0 0 0 0 e X X.. 0 0 0 0 0 X X..
2.5d 0 0 O 0 0 0 X.. 0 0 0 0 0 e X..

Figure 4.7: A representation of the support regions for the time-skewed loop and noise-
shaping filter measure components g(dx,dt; —x') and h(dx,dt; —x'). An entry of “X”
indicates an independent optimization variable, while an entry of “e” indicates an entry

thatis 0 in g and 1 in h.

0. Applying the transformation of (4.38)) would make Figure identical to Figure 4.6
The result of optimizing the example subject to this time-skewed constraint is shown in
Figure Adding the time skew has improved performance considerably, at very little

additional implementation cost versus strict causality.
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4.3.5 Scanning Computability

Time-skewed causality represents one example of a non-strictly causal computability con-
straint, albeit one that can be transformed into a strictly causal constraint. What strict
causality and time-skewed causality have in common is that the index function x of the
general computability constraint is irrelevant. When this is not the case, then the
loop-filter outputs at a given time can depend on the inputs at the same time as defined by

k. We define scanning computability as the restriction

gz, t;—x') =0, t<0
(4.40a)

Gmn(2,0; —2') =0, K (m,x) < kY (n,2),

which results from setting y(m, ) = 0 in (4.29). The resulting response is causal (but not
strictly so) and at time O the support is restricted so as to enforce the computation order.
Scanning computability is in some sense the most natural extension of causality to multiple
dimensions. However, the explicitly sequential nature of the computation represents a real
obstacle to parallel implementation. This will be illustrated shortly for the six-element
example.

In our six-element example we have 6! = 720 possible unique scan paths. Because the
optimization constraints of are symmetric in &, we can reduce this to 360 scan paths
by eliminating one of each flip-symmetric pair. An exhaustive search was performed to
find the optimal scan path (in the sense that it resulted in the smallest value of « in (4.34))),

which was found to be
{kz(1),...,k:(6)} = {(—2.5d,0,0),(2.5d,0,0), (—1.5d,0,0),
(1.5d,0,0), (0.5d,0,0), (—0.5d,0,0)}

= {X17“'7X6}'

Figure 4.5(c)| shows the corresponding computational order of the output values o(x, t)

forx € £ and t € T7Z. Here numerical entries indicate the time step (in units of 1)
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in which the corresponding output value in computed, while lowercase letters indicate the
order of computation within each time step. The corresponding loop-filter support is shown
in Figure 4.8] The key difference from Figure {4.6] is found in the first column of each
subtable, where some values of g(«, t; —x’) can be nonzero for ¢ = 0 as determined by the
index function « in the second line of (4.40a). The nonzero entries represent dependencies
on loop-filter input values at the current time step, which will depend in general on loop
filter outputs. So at a given time step t’ we first compute o(xy,t’), as it depends only on
past values of the filter input e. There is no delay between o(x1,t') and e(x;,t’), and so
only after computing the former can we compute o(x2,t’), which depends on the latter.
Then we can compute o(x3,t"), which depends on o(x1,t') and o(x3,t’) through e(x1,t")
and e(x2,t’), and so on. This sequential dependency chain is the reason it is difficult to

parallelize a modulator using scanning computability.

The result of optimizing the example loop filter with the support of Figure d.8]is shown
in Figure 4.4} The scanning loop filter results in better performance than the time-skewed
filter, if only slightly. In three dimensions and for larger arrays the disparity would likely
be larger. It was found empirically that adding time skew to the scanning system did not
improve performance for the example design, although it might prove useful for other ge-

ometries.

Special Case: Factorable

In general there exists no simple transformation to convert a scanning-computable system
into a strictly causal one for the sake of parallelism. (Although for some special cases
some parallelism may be achieved this way). However, we can decompose a scanning-

computable impulse response into its strictly casual and time-zero components,

glde,t; —a') = g.(de, t; —x') + g,(de; —a)d(dt), (4.41)
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T =—2.5d = —1.5d = —0.5d
t=0 T 2T t=0 T 2T t=0 T 2T
' = —2.5d o X X X X X X X X
—1.5d 0 X X e X X X X X
—0.5d 0 X X 0 X X e X X
0.5d 0 X X 0 X X X X X
1.5d 0 X X 0 X X X X X
2.5d 0 X X X X X X X X

x = 0.5d x = 1.5d T =2.5d

t=0 T 2T t=0 T 2T t=0 T 2T
x’ = —2.5d X X X X X X X X X
—1.5d X X X X X X 0 X X
—0.5d 0 X X 0 X X 0 X X
0.5d e X X 0 X X 0 X X
1.5d X X X e X X 0 X X
2.5d X X X X X X e X X

Figure 4.8: A representation of the support regions for the scanning loop and noise-shaping
filter measure components g(dx, dt; —x') and h(dx, dt; —z'). An entry of “X” indicates an
independent optimization variable, while an entry of “e” indicates an entry that is 0 in g

and 1in h.

where g,(dz; —2') =

g(dx,0; —x'). Now the time-zero response can be moved into the
definition of the quantizer, as was done in [44]]. No longer a simple memoryless quantizer,
now it it becomes a spatial A¥ modulator (as for image halftoning) with loop filter g,.
While in this case the quantizer is sequential and the parallelization approach in [44] ap-

pears limited to small designs, the remaining loop filter (which in most cases contains the

bulk of the total computation) is strictly causal.

A convenient special case of scanning computability results from applying the strictly-
causal special case of independent temporal modulators to the decomposition of (4.41).
Consider the spatio-temporal A system shown in Figure where a spatial-only modu-
lator with loop filter g, (dx; —') (the time-zero response) is nested within a temporal-only
modulator with strictly causal loop filter Tgt(dt). This is the approach that was taken in
[26]], with the spatial portion of the modulator implemented as if a finite-length temporal

modulator (thus further restricting the loop filter in ways that are of no particular interest
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Figure 4.9: A factorable spatio-temporal modulator architecture where the nested inner

spatial modulator serves as the quantizer for the outer temporal modulator.

here) . The inner spatial modulator acts as the quantizer for the outer temporal modulator.

Paralleling the analysis of Section 4.1} we first analyze the outer loop to find that

q(dzx,dt) = u'(dx, dt) + €' (dx, dt) (4.42a)
= d(dz,dt) — (Tgt x €')(de, dt) + €' (dw, dt) (4.42b)
= d(dw, dt) + (hy * €') (d, dt), (4.42¢)

where the temporal noise-shaping measure is

hi(dt) £ 6(dt) — ,gi(dt). (4.43)

Next we analyze the inner loop, and find that

q(dz, dt) = u(dz, dt) + e(dx, dt) (4.44a)
= u/(dw, dt) — (g, O e) (dz, dt) + e(dx, dt) (4.44b)
= u/(dz, dt) + (h, O €)(dz, dt), (4.44c¢)

where the spatial noise-shaping measure is

h,(x;—x') £ ,6(dx)I — g,(dz; —'). (4.45)

Comparing and (4.44d), we see that

€ (dz,dt) = (h, O e)(dz, dt),
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and substituting into (4.42c) yields
q(dx,dt) = d(dx,dt) + (h @ e) (dz, dt)

where the overall noise-shaping measure is

h(dw, dt; —a') = h,(dx; —@' )b (dt),

(4.46)

the product of the spatial and temporal noise-shaping measures. This is indeed a special

case of (4.41)), as shown by solving for the single equivalent loop filter measure g using

4.3):

g(dz, dt;—x') = 0(dx)d(dt)I — h(dx,dt; —x')

= o 0(dx)d(dat)I — h,(dw; —a') (3(dt) — ,ge(dt)).

Combining terms yields

g(dz, dt; —a') = h,(dx; —a') | gi(dt) + g, (da; —a')d(dt).

Comparing to we see that this is indeed a special case, where the causal part of the
equivalent loop filter is the product of the spatial noise-shaping measure and the temporal
loop filter and the time-zero component is just the inner spatial loop filter. Because the
noise-shaping measure factors, we call this factorable computability. Although the nested
structure reduces the computational load relative to the general scanning case, it doesn’t
simplify parallelization significantly as the spatial quantizer is still inherently sequential.
In the example design problem, g, and g; cannot be optimized simultaneously using
SOCEP, because the constraints on the combined loop filter are no longer convex. Instead,
first the temporal loop-filter was designed, and then the spatial loop filter was optimized
taking the (now fixed) temporal response into account. The result is shown in Figure
The added spatial modulation has improved performance slightly over the case of temporal-
only modulation. Like the temporal-only case, here noise is necessarily suppressed outside

of the signal band and the Helmholtz cone due to the factorization of the filter.
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4.4 Example Simulation

In the preceding section five potential loop-filter designs were compared. In this section we
take a closer look at the scanning-computable design, and compare the theoretical results
of Section[4.1]to a numerical simulation. A similar transmit-array system that was built and
tested is described in [30].

The composite NTF for the example design with scanning computability was shown in
Figure but it is interesting to look at the component responses. The six optimized NTF
component responses {H(v, f; —x')}, for X' € L, are plotted in Figure as functions
of spatial frequency component v, and temporal frequency f. We can see that in this
design, with its short array, the component frequency responses are each distinct, with the
responses corresponding to the errors at the end positions showing the greatest deviation
from the average. The middle four responses are reasonably similar, and in a system with a
longer array we could reasonably expect that filters corresponding to errors away from the
array ends would look quite similar. These differences are due to the different support of
each component, which was shown in Figure 4.§]

To demonstrate the operation of the modulator and compare the simulated response to
the theory, three input signals were generated, and the modulator output was computed.
Since wideband signals would obscure the noise spectrum, the inputs were sinusoids with
frequencies {0.21f,,0.25f,0.29f,}. Since these inputs are narrowband, wideband beam-
forming is unnecessary. Because the array is so short, the mainbeam covers nearly all
directions, and so elaborate sidelobe constraints are largely pointless. Thus the sinusoids
were steered to azimuth directions {—45°,0°,45°}, respectively, using simple time-delay

steering:

Bi(z, f) = e’j%“"’zkf/c, k=1,...,3.

Figure {4.11] shows both the spatio-temporal power spectrum predicted by (4.8b) and the

simulated spectrum computed at the quantizer output. As we can see, the approximation is
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Figure 4.10: Component noise transfer functions for six-element array example.

quite good, validating the assumption on the noise statistics. The color scale is set to allow
a direct comparison between the component responses of Figure d.10/and the noise spectra
of Figure 4.11] which is proportional to the average of the component responses. The three

beamformed signals show up as the three horizontal streaks across the passband.

We can also look at the power spectrum seen in the far field, after propagation has
removed the noise power outside of the Helmholtz cone. To better show the noise shap-
ing, temporal filtering is not simulated here. Figure 4.12] shows the theoretical spectrum
of (4.19a) overlayed on the simulated spectrum for azimuth angles corresponding to the
steering directions of the three input sinusoids. (Because the array is so short, significant
power is transmitted from all inputs in each of the directions, but we can verify that the

appropriate signal dominates in each direction.)
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Figure 4.11: Theoretical and simulated power spectra at the quantizer output for six-
element example.
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Figure 4.12: Theoretical and simulated far-field power spectra at selected azimuth angles.

4.5 Summary

In this chapter AX modulation was extended to perform joint quantization noise shaping
in spatial and temporal frequency, specifically for use in converting transmit antenna ar-
ray signals. By incorporating the spatial dimension, greater performance or lower clock

rates can be achieved relative to temporal-only noise shaping. As in the temporal case,
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the modulator outputs are coarsely quantized, and thus the output electronics required (a
linear pulse modulator) can in principle be simpler than a linear amplifier. The relationship
between the shaped quantization noise and the loop filter is somewhat more complicated
than in a temporal-only A modulator, and so a large part of the chapter was dedicated to
establishing the relationship and using SOCP to optimize the loop filter.

Critical issues remain to be worked out to make spatio-temporal A arrays practical.
Spatial oversampling of antenna elements necessarily results in elements that are small
(relative to a wavelength) and closely spaced. In general this results in elements with
small radiation resistance but high reactance. The elements used in [30], for example, had
impedances at the nominal signal frequency of approximately (0.5 + j200) €2. In addition,
the elements will typically exhibit a great deal of mutual coupling. This is a very stressing
environment for the driver electronics and is quite different than that seen in a conventional
array. The driver needs to be able to handle highly reactive loads efficiently and without
distortion. In addition, the computational requirements for real-time implementation are
quite high for nontrivial arrays. That the bulk of the computation occurs in a nonlinear

feedback loop increases the challenge considerably.



Chapter 5.

Summary and Conclusions

Antenna arrays are increasingly used to achieve greater performance and flexibility than
a monolithic antenna can deliver. Applications ranging from radar to cellular phone base
stations to consumer-grade WiFi routers now use arrays. Existing transmit antenna arrays
are mostly limited to transmitting a single constant-envelope signal per element (or per am-
plifier), because efficiency currently dictates the use of nonlinear amplification. For such
arrays to realize their full potential, allowing multiple simultaneous signals to be transmit-
ted, requires high-power linear D/A conversion of RF signals. This enables not just aperture
sharing, but also far more control over the wideband array pattern. To take advantage of
this flexibility, wideband array patterns can be designed using optimization to maximize

gain subject to constraints on passband flatness and sidelobes.

A candidate approach for high-power linear D/A conversion is quantization noise shap-
ing, also known as AY. modulation, combined with a high-power output pulse modulator.
The A modulator consists of a feedback loop around a low-resolution quantizer, where
the loop filter is designed to spectrally shape the quantization noise away from the sig-
nal band to improve the SNR. Noise shaping achieves high linearity by converting the
high-resolution input signal into a low-resolution output, potentially simplifying the output
circuit. Rather than requiring linear amplification, the output must perform linear pulse

modulation. In its simplest form, the output circuit is a high-power switch. A major draw-

155
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back of conventional A modulation is that the signal band is much less than the clock
rate, and so very high clock rates are required for wide bandwidths. One approach to
reduce the clock-rate requirements in an array is to use spatio-temporal AY. modulation
to jointly shape the quantization noise in temporal and spatial frequency. The increased
dimensionality provides more “room” in which to push the quantization noise by taking

advantage of spatial oversampling in the array.

In this dissertation both the theory and optimization of wideband array patterns and the
theory and design of spatio-temporal noise-shaped arrays were considered. A brief recap

of the major results from each chapter follows.

In Chapter [2 the measure-signal representation used throughout the dissertation was
introduced, including representations of deterministic and random signals and linear shift-
invariant and shift-varying filtering. This somewhat nonstandard signals and systems frame-
work was chosen to unify the usual engineering representations for discrete and continuous-
time and discrete and continuous-space signals, which generally require multiple special-
case definitions for each operation depending on the combination of input types. Also
in this chapter, AY modulation was introduced and analyzed in some detail. It was shown
that AY. modulation spectrally shapes the errors due to a coarse quantizer, allowing for high
performance within a defined signal band. This analysis was performed for both random
and deterministic inputs, and it was shown that for finite-length signals the noise shaping
performance depends not just on the loop filter and the signal bandwidth, but on the signal
duration as well. Although A3 modulation is already widely used for low-speed D/A con-
version, its suitability for RF applications is limited by the high clock speeds required. This
in turn suggests reducing temporal oversampling in exchange for spatial oversampling in a

spatio-temporal AY. modulator, the subject of Chapter ]

Chapter [3|first introduced several potential wideband transmit array architectures, and
showed how a single passband-equivalent model could represent each. This equivalent

model was then analyzed to relate the output current density back to the input signals. The
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far-field electric field was determined from the current density, and was also related back
to the input signals. Based on this analysis the wideband array pattern was defined, and
it was shown that in the case of identical elements that the array pattern factored into an
element pattern and an array factor. This analysis was done for both deterministic and
random inputs. It was shown that the array pattern is partitioned by the laws of wave
propagation into propagating (visible) and nonpropagating (invisible) regions. The former
is defined by the Helmholtz equation, and represents a cone in four-dimensional space-
time. Expressions for wideband directivity, efficiency, and gain were derived, and example
optimizations were performed to maximize each. It was shown the maximizing directivity
led to a completely impractical design, and that maximizing efficiency led to the classic
time-delay solution. Gain was determined to be the appropriate measure to maximize, as
this allows better performance than the classic solution. Additional constraints on passband

flatness and sidelobe levels were derived and used in examples.

In Chapter 4| the array model of Chapter 3| was extended to include a spatio-temporal
AY modulator. It was shown that this adds a shaped-noise term at the quantizer output
and in the far field. By making basic assumptions on the quantization-noise statistics,
expressions for the shaped noise were derived as a function of the loop filter. It was shown
that the loop filter could be optimized to minimize noise power in the signal band, subject
to constraints on stability and computability. A general constraint to ensure computability
was derived, and several special cases were considered based on ease of implementation
and the potential for parallel computation. An example design was optimized for each
computability constraint of interest to compare the performance of each. It was shown that
several special cases resulted in improved performance over using independent temporal
AX] modulators. Finally, the output was computed for an example array to verify the noise

spectrum matched the theoretical result.

Although the focus here was on antenna arrays, some intriguing potential non-array

uses for spatio-temporal noise shaping exist. Propagating sound waves, although longitu-
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dinal rather than transverse, also obey a Helmholtz-like restriction on spatial frequency as
a function of propagation speed and temporal frequency. Thus speaker arrays for audio or
sonar might also employ spatio-temporal noise shaping (as suggested in [26]). The use of
spatial A modulation for halftoning suggests that spatio-temporal AY. could be used for
video halftoning, for applications with binary pixels such as scoreboards, bank signs, or

simple computing displays.



Appendix A.

Glossary of Symbols

Sets

B The Borel sets

C The set of complex numbers
N The set of positive integers
R The set of real numbers

Z The set of integers

Constants

c The speed of light in free space: 2.998 x 108 m/s

i The impedance of free space, 376.73 €2, see equation (3.54), page 83
i VI

o The permeability of free space: 47 x 1077 Wb/A.m

hS S

Direction of increasing elevation, see equation (D.1), page 173

(¥

Direction of increasing azimuth, see equation (D.1), page 173
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Functions and Measures

17
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The indicator function for set 7, see equation (2.8), page 17

The vector potential, see equation (3.11), page 61

The temporal Fourier transform of the vector potential, see equation (3.14), page 62

The wideband array pattern, see equation (3.24), page 66

The wideband element pattern, see equation (3.26), page 66

passband-equivalent beamformer response, see equation (3.1), page 56

The Dirac delta measure, see equation (2.8), page 17

Beamformer output, see equation (3.2), page 56

Narrowband directive gain, see equation (3.66), page 86

Wideband directive gain, see equation (3.69), page 87

Narrowband directivity, see equation (3.68), page 87

Wideband directivity, see equation (3.72), page 88

The electric field, see equation (3.19), page 64

Quantization error, see equation (4.2), page 116

Efficiency, see equation (3.88), page 96

The temporal Fourier transform of the electric field, see equation (3.20), page 64

Horizontal component of electric field, see equation (3.31), page 71

Vertical component of electric field, see equation (3.31), page 71

Wideband gain, see equation (3.91), page 100
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Projection matrix normal to unit-vector &, see equation (3.20), page 64

Passband-equivalent response of DAC and analog filters, page 56

Drive-current distribution, see equation (3.4), page 57

Element-current distribution, see equation (3.9), page 59

Spatio-temporal Fourier transform of the current density, see equation (3.10), page 59

Loop-filter output, page 116

Free-space propagation measure, see equation (3.12), page 61

Input power, see equation (3.78), page 93

Lost power, see equation (3.85), page 95

Total radiated power, see equation (3.60), page 84

Quantizer output, see equation (4.2), page 116

N x 1 passband-equivalent beamformer input vector, page 55

Equivalent D/A-converted input signal, see equation (3.3), page 57

Quantizer input, see equation (4.1), page 116

Average radiation power intensity, see equation (3.56), page 84

Expected radiation power intensity, see equation (3.61), page 85

Radiation power spectral intensity, see equation (3.58), page 84

Driver output voltage, see equation (3.5), page 57

Resistance distribution, see equation (3.76), page 92

Impedance measure, page 92
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Operators

O Spatial convolution, see equation (2.17), page 24

* Temporal convolution, see equation (2.17), page 24

® Spatio-temporal convolution, see equation (2.17), page 24

O Linear shift-varying spatial filtering operation, see equation (2.19), page 25
Linear space-varying, time-invariant filtering operation, see equation (2.22), page 26
(\)*  Spatial adjoint operator, see equation (2.1), page 12

()7 Temporal adjoint operator, see equation (2.2), page 12

(\)*  Spatio-temporal adjoint operator, see equation (2.3), page 12

= Defined as

Tr[] Matrix trace, see equation (2.4), page 13

Unit vector operator, see equation (2.5), page 13



Appendix B.

Selected Measure Signal and Systems

Derivations

B.1 Multidimensional Fourier Series for Signals with Lat-
tice Support

Let £ = AZM be a lattice in R, where N x M generating matrix A has linearly in-
dependent columns. The Fourier transform of a signal a(dx) with support on £ has the

form

a(v) = /eﬂ’”"“’a(w) se(dx)
= Z e_j%”'xa,(x).

xEAZM
This is invariant to translation by v’ if v’ - x € Z for all x € AZM, or equivalently
if ATv' € ZM. Let AT = (ATA)7'AT be the Moore-Penrose pseudo-inverse of A.
Further let the columns of AL be an orthonormal basis for the nullspace of AT, so that
the columns of the matrix (A, A*) form a basis for RY. Then a(v) = a(v — v') if
v e ATTZM 1 ALRN-M In words, the Fourier transform is constant on translations
by elements of the dual lattice ATTZ™ of the N — M dimensional subspace spanned by

the columns of A*. Thus the Fourier transform is periodic, with the spectral “period”
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defined by any set of coset representatives [ARY /ATTZM]. Once the Fourier transform is
defined on one period, it is defined everywhere. We compute the Fourier series coefficients
by integrating over one period of the function. Since the period has zero volume in RY
for M < N, we need to take care in defining the integral. The simplest way is to define
HiarRM /a+T7M as the uniform probability measure over one spectral period. The general

Fourier series result is thus

a(dx) = (/ ejQ’”"“’a(v)H[ARM/Awan(dv)) sazm (dx), (B.1)

where we integrate with respect to a probability measure because it has unit total measure
and support on one period, and not because any randomness is involved. When M = N
then A is full rank, A* = A~!, and At is empty. In this case the spectral period can
be written [RY /A~TZ"Y], which has volume |[A|~! in RY. Thus the probability measure
reduces to gy /a-77z5)(dv) = |A|ljgn/a-T7n]dv, and the integral reduces to a volume

integral over one period:

eI T () d'g) Sazy (dx). (B.2)

atuz) = (1A

RN /A-TZN]

B.2 Sampling

Sampling is the process of converting a continuous-space and/or time signal into a discrete-
space/time one. Given a continuous-time signal measure with differential form a(dt) =
a(t)dt and a set of sample times D, the sampled signal is formed by multiplying the Radon-

Nikodym derivative times the sampling differential sp(dt):
ap(dt) = a(t)sp(dt). (B.3)

We wish to determine the Fourier transform property of sampling for two cases: where D

is finite but arbitrary, and where D is a lattice. If D is finite, then we start with (B.3) and
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assume that density a(t¢) can be represented as an inverse transform:

x%m—ffm%@mw>

f —mftf )ei 2t g f s (dt)
_f (f)]( —2m = s (at) df.

If D was infinite then the inner integral in the last line would not exist. Denoting the
Fourier transform of the sampling measure as xp and performing a change of variable, this

becomes
= [ Au = es)ar

(B.4)
quwifo—fuawv

a convolution of the original signal transform with the sampling measure transform.

In the common case of uniform temporal sampling where D = T'Z, it is convenient to
use the normalized sampling differential T’s77(dt). Here the Fourier integral with respect
to the sampling differential is not defined, so we take a slightly different approach. Assume

a(t) and A(f) form a transform pair, and sample a(t) as before to get

ap(T) = Ta(t)srz(dt)

= TZ a(nT), 0(dt).

This is a discrete-time signal with periodic Fourier transform

x%m:]am%wm

=T Z a(nT)e’j%f"T,

or equivalently {7'a(nT")} are Fourier series coefficients of the periodic function Ap(f).
(The sign in the exponential of the Fourier series representation has been negated here and
below to match the usual engineering convention for forward and inverse transforms.) We

wish to relate this periodic spectrum to the Fourier transform A(f) of the original signal.
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Start with the inverse Fourier relation, and split the integral over R into integrals over

contiguous intervals:
Ta(nT)=T ]( A(f)ed2 T g f

_TZf €J27Tfanf

&i
T

_TZ]C 1 f k/T)6J27rf k:/T)nT f
][7 ; f /{,'/T JQﬂfanf

In the last line we see that in fact {T'a(nT)} are also the Fourier series coefficients of the

periodic function ) _, A(f — k/T). Thus

=> A(f - k/T), (B.5)

kEZ

confirming the familiar spectral-replication property of sampling. Note that we can write

as
Ap(f) = / Af = fsrn(df) (B.6)

the convolution of the original spectrum A(f) and counting measure £r-17. Comparing
this to suggests that, in a limited sense, the measures 7’7z and £1-17 form a Fourier
transform pair. This is just a somewhat more careful restatement of the conventional engi-

neering assertion that

Ty 6(t—kT) <= > 6(f — k/T),

a claim which is made almost exclusively in the discussion of sampling.

For N-dimensional spatial sampling this generalizes to sampling on a lattice AZ".
Now the normalized sampling differential is |A|zpz~ (dz) and the corresponding spectral
property is

ap(v) = Z a(v — A TE). (B.7)

kezZN

We can again assert a limited Fourier transform relationship between the measures | A |z~

and £p-7znN.
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B.3 The Crosscorrelation of Linearly Filtered Processes

Let spatio-temporal vector random signals @ and b be spatially nonstationary with refer-
ence measures /i, and p, and temporally wide-sense stationary with respect to reference
measure /. Create the processes @’ = g ® a and b’ = h @ b through linear filtering, where
a’ and b’ have spatial reference measures 1o, and 11y and we can write the filter measures
as h(dx,t; —x')v(dt) and g(dx, t; —x')w(dt). We wish to find the cross-correlation rq/ 3
in terms of 745,. We will require that @’ and b’ also have the same reference measure, which
results in two possibilities for the relationship between reference measures y, v, and w,
which we will consider in turn.

Case 1: p is shift-invariant with respect to both v and w. In this case, both @’ and b’

have reference measure y, as shown in (2.18). Starting from the definition, we have

Tapy(XXYXT) = f f f (x, )b (y,t — T)}[_La/(dal) py (dy) p(dr)

] f f s o

(R @ )" (y,t = )}t (dz) i () ()

f f f f t' —a')a(z',t — 1) pa(dz’) p(at’) x
f byt — 7 — £ 1~y oliy') ")}

fas (d) piy (dy) p(dT)

][f (X, —a \rap(de’ dy’, 7 —t' + ") x

R (Y, " —y ) p(dt’) p(dt" ) p(dr)

In the last line the conditions for Fubini’s theorem are assumed to be satisfied, so that the
expectation can be brought inside the integrals. Recalling (2.20) and (2.21])), this simplifies

to

T (X XY XT) = (gBTap BA) (X xYXT). (B.8)

Case 2: v = w and both are shift-invariant with respect to , but £ is not shift-invariant

with respect to v. This guarantees that 1 is a discrete-time reference measure, because
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Lebesgue measure is shift invariant with respect to all other reference measures. Let groups
M = TZ and V be the support of ;1 = sz and v, respectively. Here both @’ and b’
have temporal reference measure v. A straightforward application of the cross-correlation
definition as before will fail, because the expectation will not be a function of only the
difference of the temporal arguments of the densities of @ and b. As defined, @’ and b’
are not stationary, but rather cyclostationary with period [V / M} We borrow a standard
approach from communication theory to remedy this, by assuming a random delay « to the
outputs @’ and b, where u is uniformly distributed over a period. This results in system

outputs

,a (dz, dt)

(f h(z,t —t —u; —x")a(dx'dt’ )) o (dz) v(dt)
Wiaw,in) = ( F glet — 0 —w—abae'at) )y s o)

We find the corresponding cross-correlation in several stages. We start by invoking the

definition, and expanding:

ra (XX YXT) = fff@@{a B (y,t — 7 — )} tar(d) oy ) v(a7)

:]; ]i fxéa{f(h(w,t—t’ — s —a)a(dx, dt') x

o)t = 7 = ¢ i) a) ) vl

_ ]2 ]i fxéa{](fh(w,t—t’ —w—a)a(@, V) palda’) (i) x
Jor g e == =y et

far (da) pry (dy) v(dT).

Splitting the space-time integrals in the last line will prove convenient shortly. Making the

change of variable t" — ¢’ — ¢” and invoking the flip and shift-invariance of . yields

Tap(XXYXT) = fff {ffff (x,t —t —u; —xa(x', )b (y, 1 —1")x

G (Yt — ¥ — = 7+ s ) pald’) poldy) ult )M(dt”)}

fa (dx) puy (dy) v(dT).
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Now we assume that Fubini’s theorem is satisfied, and we take the expectation inside the
integrals and collapse the various spatial integrals and differentials:
T (XXYXT) = fff f f (Xt —t' —u;—x')x

fV/./\/l —V V/M]

rap(da’, dy’ t")g" (Y, t —t' —u— 71 +t"; —y") v(du) p(at’) p(at") v(dr).

The integral over one period [V/M] is the expectation over the delay u. Since p = 4,

we can write this as

I'O/Vb/(XxyXT) ]( ]( f/ ]f X t—t —U; —$)X
% V/M

V/M t'eM
rap(dz’, dy’,t")g" (Y, t —t' —u— 71 +t"; —y") v(du) p(at") v(dr).
We now recognize that within the innermost temporal integral v € [V/M], and thus t' + u
represents a coset decomposition of some u” € V. The temporal integral and the summa-
tion can therefore be combined to form an integral with respect to v(du”):
I'a',b’(XXyXT) d f fff CIJ/)X
v(u
[V/ M
rap(dz’, dy’, t”)gH(y, t—u" — 7+t —y)v(du") p(dt") v(dr).

Now we invoke the flip invariance and shift invariance of v with respect to ) to eliminate

Ta b (XXYXT) = ]( ]ff >

[V/ M] N

rap(da’, dy’, t")g" (Y, 7 — " —u"; —y') v(du") p(at") v(dr).

t:

After factoring the cross-correlation differential on the right according to (2.29b) and ap-

plying (2.22)) twice in the spirit of (2.20) and (2.21)), this simplifies to

ﬁ(hrabQT)(k’x)}xT), (B.9)

ra’,b’(XXyXT) = f
[V/M]

which is just a scaled version of the previous result (B.8). For V = R and M = TZ, the

scale factor is 1/7.



Appendix C.

The Wave Equation

Electromagnetic waves in free space obey the homogeneous wave equation

1 02

2 P —
VY c? ot?

=0,

where ¢ (x,t) is a component of the electric or magnetic field or a related quantity such
as the vector potential. Fourier transforming both sides on the variable ¢ results in the

Helmholtz equation

V2 (x, f) + (27 f/c)*®(x, f) = 0.

Two important solutions to the wave equation are the monochromatic spherical wave

W(x,t) = Lej%(fot*kﬂmﬂ) (C.1)
=]
and plane wave
P (x,t) = etk (C.2)

Applying the wave equation to the spherical wave yields scalar wavenumber k£ = f/c =

1/Xo. Applying the wave equation to the plane wave yields
ke o+ by + k2= (fo/0)%,

where complex wavenumber vector k = (k,, k,, k.). For solutions where k is purely real

we have ||k|| = | fo|/c, and the resulting plane wave propagates in the direction k. However,
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when k = k, + jk; is complex, the imaginary part turns the complex exponential into a
real one:

w(w’ t) — ej27r(f0tfkr-:1:)€27rki-:1:

This is a decaying exponential in the —k; direction, and a growing exponential in the k;
direction. Growing exponentials do not represent physically realizable fields, but decaying
exponential or evanescent waves do exist in the near field of radiation sources and represent
stored energy that does not propagate away from the source.

Polychromatic plane waves are formed by replacing the complex exponential with an
arbitrary function. First, write the wavenumber vector as k = X, fo/c in terms of propaga-

tion direction X, and substitute into (C.2):
Pla,1) = et/

Substituting arbitrary time function a(t) for the complex exponential yields the polychro-

matic plane wave
Y(x,t) = at —x - Xo/c)

with temporal Fourier transform
\II(ZB, f) _ A(f>efj27r:n-)20f/c

which satisfy the wave and Helmholtz equations, respectively.



Appendix D.

Elevation-Azimuth Spherical Coordinate System

In describing the spatial dimensions of array patterns, it is customary to employ the spher-
ical coordinate system shown in Figure Here a three-dimensional vector  which
might be defined in terms of Cartesian coordinates (z,y,2)” is instead described by the
triple (r, ¢, 0)", where r is the range (or radius), ¢ is the elevation, and 0 is the azimuth.
Far-field array patterns are not a function of range, and so only elevation and azimuth are
used, describing a spherical shell. Those familiar with the spherical coordinate systems
often used in math and physics should note some minor variations: here elevation angle ¢
is measured up from the z-y plane, while azimuth is measured clockwise from the y-axis,
which is usually oriented to face due north. Conversion between Cartesian and spherical

coordinates is as follows:

r Vi 2+ 22

¢ | = [sin7'(z/r) = cos™H (Va? + y?/r)
0 tan*1<§>

x cos() sin(0)

y | =7 | cos(¢) cos(0)

z sin(¢)
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We can also define a local Cartesian coordinate system at the point & using orthogonal unit

vectors (E(x), o(x), 9(a:)) These indicate the directions of increasing range, elevation,

and azimuth, respectively. This coordinate system simplifies discussions of polarization,

as the far field electric and magnetic fields always point perpendicular to r and are often

described in terms of their (;Ab (““vertical”) and ] (“horizontal””) components. These unit

vectors can be computed as

>

<

(¥

cos(6) sin(0)

cos(6) cos(0)
sin(@)

~ sin(9) sin(9)

— sin(6) cos(6)
cos(¢)

cos(f)

(D.1a)

(D.1b)

— sin(0) (D.Ic)

0
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Figure D.1: A spherical coordinate system is used to describe antenna array patterns. El-
evation angle ¢ is measured up from the horizon (the z-y plane), and azimuth angle 6 is
measured clockwise from due north (the y-axis). Range r is included for completeness but

not used.



Appendix E.

The Element Pattern of a Short, Thin Dipole

We assume that an infinitely thin dipole antenna at the origin aligned with the z axis is
driven by an ideal current signal with Fourier transform /(f). We further assume that the
total length L is much less than a wavelength for all frequencies of interest, so that the
phase of the current at any point on the dipole is approximately constant. This electrically
small assumption greatly simplifies analysis, as the terminal input current is essentially the
radiating current. To avoid current discontinuity at the ends of the dipole, the magnitude of
the current is assumed to slope linearly from its maximum at the center to zero at the ends.

The resulting current density is

J(az, f) = 1()5(dx)s(dy) t(%) iz

where * = X + yy + 2z and

1 - |t|a |t| <1
tri(t) =

0, t] > 1.

The spatial Fourier transform of the current density is

T L L z \ A
T, 1) = I1(f)5 sinc? =7 )z,
2 2
where v = v, X + v,y + v,z and
» sin(7t)
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The wideband element pattern is found from (3.24b) as

e L L z ~
Ay(v, f) = —Z—ijQWfE sin02< ; >I‘1;z.

The visible pattern is found by substituting v = —& f/c:

Aa(—af/c, f) = —&jQng sinc? (%) |

47 c

In the spherical coordinate system of Appendix D} we have [], = sin(¢) and

Now the visible element pattern simplifies to

Ka(-af/e, ) = ~fins G sinet (O ) costo) ().

Finally, because of the short length assumption we have

sinc? (M) ~ 1
2c

for all frequencies of interest, and so

Aa(—&f/c, f) ~ —Z—;j%fg cos(¢) ().

(E.1)

The magnitude of the pattern is a separable function of ¢ and f only; the dipole is omni-

directional about the z axis. The magnitude is proportional to both temporal frequency f

and dipole length L. Other dipole orientations can easily be handled by replacing z with an

arbitrary unit vector, although the simple form of (E.I}) will be lost.

Figure shows several views of the element pattern for a short vertical (z-oriented)

dipole. In all plots the wideband directive gain (3.71])) is plotted for the temporal frequency

band F = [0.55f,0.95f,], which corresponds to the signal band of the example designs

in Chapter Reference frequency fs = 1/T here is arbitrary, as the directive gain of the

dipole is invariant to frequency scaling. Figure [E.1(a)|shows the element pattern over one
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hemisphere of directions, for three representative frequencies. The pattern on the opposite
hemisphere is identical. The horizontal lines indicate constant elevation angle, while the
vertical curved lines indicate constant azimuth angle, both in increments of 30°. Visually
we can see the salient features of (E.I)): the element pattern is constant across azimuth
for a given elevation and frequency, the pattern has nulls at elevations ¢ = £90°, and in
any given direction the directive gain increases as the square of frequency. Figures
and show principal-axis slices of the element pattern vs. frequency, Figures
and show principal-axis patterns at selected frequencies in greater detail, and Fig-

ure [E.1(f) shows the frequency response at boresite.

While the omni-directional pattern of the dipole is desirable in many applications, for
planar arrays we usually wish to only radiate in directions that lie on the hemisphere from
which the array face is visible. Radiation behind the face, the so-called backlobes, is to be
suppressed. With an array of dipoles oriented perpendicular to array normal, the backlobes
are actually the mirror image of the desired radiation pattern, and half the radiated power
is sent in unwanted directions. If instead the dipoles are offset by some distance from an
ideal ground plane, then backward-propagating radiation is reflected forward. Assume the
dipole above is offset by a distance / along the y axis from an ideal ground plane in the x-z

plane. The apparent current density is that of the physical dipole and its reflection:

Faz, £) = 1)) [ a) ~ dlan)] o ()

when viewed from in front of the array. The sign change on the reflection is a consequence

of boundary conditions at the ground plane. From (3.24b)), the resulting element pattern is

. . . L Lo, .
Ag(v, f) = —Z—;j%rf e i2mhoy _ eJ%h”y} §sinc2( ;J )I‘Az,

v

where the quantity in the brackets is just the array factor of a two-element array with coef-

ficients 1. Applying the identities e * — eJ* = —j2sin(a) and [Z], = cos(¢) cos(#) and
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Figure E.1: Element pattern of a short vertical dipole.
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Figure E.2: Element pattern of a short vertical dipole in front of a ground plane.
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the previous assumptions yields the approximate visible pattern

~ —2on f Sin(27rh cos(¢) Cos(Q)f/c)Lcos(gb)qAS(:i:), 16] <90°
Ag(—2f/c, f) =

0, otherwise

(E2)

Since the vector direction of the element pattern (and the array pattern of any array made
entirely from such elements) is always qAb(aAc) , the horizontal polarization component is zero,

and we can factor the element pattern as

Aa(—zf/c, f) = Aav(—af/c, (&), (E.3)

the cascade of the vertical scalar element pattern and the elevation unit vector. This will
simplify the notation in the examples.

A consequence of adding the ground plane is that the element pattern’s shape is now
frequency dependent. The most common choice for the offset is h = % = ﬁ, so that at
boresite the element and its reflection are exactly in phase at nominal operating frequency
fo. This choice, however, also means that at f = 2f, the element pattern has a null at

boresite, limiting the useful bandwidth. Figure shows the same dipole as Figure [E. |

with a quarter-wavelength offset of h = ¢/4 f; from a ground plane in the -z plane, where

fo = /0.55f, x 0.95f, ~ 0.72f, is the geometric band center. Comparing the two sets of
plots shows that directive gain is improved by about 4 dB for most angles. The pattern is
still very close to omnidirectional over the hemisphere, but does have a null in all directions

parallel to the ground plane (¢ = £90°).



Appendix F.

Second-Order Cone Programming

A powerful special case of convex optimization is second-order cone programming, or
SOCP [97]]. SOCP allows the minimization of a linear objective, subject to second-order
cone (SOC) constraints, which encompass linear and convex quadratic constraints. One

standard formulation of a second-order cone program (also abbreviated SOCP) is

min f'x (F.1a)

X

st. ||ALx + byl < cfx + dy, k=1,...,K. (F.1b)

The number of linearly independent columns in Ay is Ry, the rank of the second-order
cone. An equivalent notation for the SOC constraint of (F.1b)) is the pair of constraints
IAx + |3 < (c"x +d)*
0<clx+d

Although (F.1)) tends to be the most convenient for filter design due to the explicit inequality

constraints, for some applications its dual problem [97]

max Z(—dk bg)yk

Y k
S.t. (—Ck, Ak’)Yk: = fk

||(b"k]2, te [Yk]Rk)THQ S [yk]l k= 1, .. .,K
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is preferred. Here the full vector of dual variables

Y1
y fry
Yk

is formed by concatenating the dual variable vectors {y} corresponding to each of the K

SOC constraints, and similarly the primal objective vector f is split into K subvectors as

f;

f—

fx
The primal and dual problems are equivalent in that any problem that can be expressed
in one form can be converted to the other via auxiliary variables. Most modern solvers
iteratively solve both problems simultaneously, so the choice of problem formulation is
generally based on convenience.

Although SOCP seems quite limited, with only one basic type of constraint, it can be
used to solve a wide range of problems using creative combinations of multiple constraints.
A linear constraint results as a special case when A and by are zero. Of specific interest
here, SOCP can be used to exactly constrain [, [, and [, norms of error vectors that
are affine in the optimization variables. Using discretization SOCP can be used to approxi-
mately constrain Ly, Lo, and L., norms of affine error functions [97,[109], as well as norms
formed by combining these basic three in various ways [[110, [111]. Exact L, formulations
also exist [52] that do not require discretization. Any constraint can also be used as the

objective via an auxiliary variable:

min. 9§
X,0

s.t. [[ATx + byl < 4.
The following sections briefly summarize how SOCP can be used to constrain the various
norms of an error function E : [0,1] x RY — C, where F(f,x) represents a complex
frequency response error at normalized frequency f that is affine in the N optimization

variables x. The dependence on the optimization variables is hereafter made implicit for
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simplicity, and we will simply write F(f). The extension to error functions of multiple
dimensions is straightforward.

L..-Norm Constraints

For a function E the L., or Chebychev norm is defined as
1Bl = ess sup [E(f)I
Since the functions of interest are continuous with compact support, this reduces to
|Bllc £ mix | ().

For a function E that is affine in the optimization variables, the L..,-norm can be (ap-
proximately) constrained using SOCP [109] by discretizing the interval [0,1]. Letting
{0, f1,..., fr,;—1, 1} partition the interval [0, 1] (choosing fi = k/Kiy is common), the

set of rank-2 SOC constraints

<9

— )

2

H Re{E(fr)} E=0,..., Kp

Im{E(f1)}

bounds the maximum value of |E(f;)| on the grid by J, which can be a constant or an

auxiliary optimization variable [97]. This is usually written more compactly as

|E(fr)] <0, k=0,..., K

The spacing between the grid points must be chosen to limit violations of the bound be-
tween constraints to acceptable levels. Errors between the discretized approximation and
the true norm can be made arbitrarily small at the cost of an increased number of con-
straints. Often a looser grid is used in the initial stages of a design to obtain rapid solutions,
while a tight grid is used for the final design. For a 1D FIR filter of length N an approxi-
mate rule of thumb for the minimum grid spacing is 1 /(20N ), although in multidimensional

designs lesser linear densities are usually sufficient.
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If £ is a real-valued function, representing a linear-phase filter, then using SOC con-
straints as shown above results in a degenerate (rank-1) cone. Using cones here is ineffi-

cient; instead we use a pair of linear constraints per frequency:

< B(f) <6, k=0,..., K

Ls-Norm Constraints

In contrast to the L., norm, which requires one constraint per discrete frequency, the L,

norm requires only a single SOC constraint. The L, norm of the error function is defined

1B 2 (/ B df);.

Since F was assumed affine in the optimization variables x, the result can be written as a

as

positive semidefinite quadratic form in the augmented vector (1,x7)7:

IE=( x")Q @

The real, positive-semidefinite kernel QQ can be factored as

ST
Q=S"s=|_.](S S,
Si
reducing the quadratic to the desired form:

IE))2 =(Six 4+ S.) " (Six + S.)

=[1Six + S.[5.

Thus an L, constraint can always be represented exactly with a SOC, provided the integral
can be calculated exactly. In many cases this can be achieved using the random process for-
mulation of [52f]. If not, the integral must be evaluated using a numerical method, perhaps
the simplest being a Riemann sum over a uniform partition { f;} of [0, 1]. The resulting
SOC constraint can be written

S IB(f)PAS <6,

k
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where ¢ is a nonnegative constant or auxiliary variable. Compared to the L., norm it
takes a tighter grid to get the same level of approximation error using a Riemann sum, a
conservative rule of thumb in one dimension being Af ~ 1/(40N). The choice of a small
spacing has less impact since it does not increase the size of the optimization problem itself,

but just the amount of computation required to set up the problem.

L;-Norm Constraints

The L, norm is the trickiest of the norms to constrain using SOCP as well as the least
common. One application is in the design of communication filters to control intersymbol

interference [[112]]. The L; norm of the error function is defined as

HEméA|ﬂnwf

Approximating the integral directly as a Riemann sum does not result in a SOC. Instead,
introduce the real, nonnegative auxiliary function (3 : [0, 1] — R and consider the pair of

constraints

[ENI<B(])

/ﬁ df <.

Due to the nonnegativity of (3, this implies the desired constraint

1
Alﬂﬂwfs& (F2)

To discretize, choose a uniform partition { f;} of [0, 1] and introduce the auxiliary opti-

mization variables {3, }. The following set of constraints then approximates the integral:

|E(fe)l < Bk, k=0,...,K (F.3a)

> BAf <. (F.3b)
k
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At optimality the constraints are all necessarily satisfied with equality, and thus
approximates (F.2)) as desired [113, [112]]. As with the L., norm, when E is real-valued
linear constraints rather than SOC constraints should be used in (F3a). Although this
method introduces many new variables as well as constraints, the resulting problem is
quite sparse and can be efficiently handled by most available solvers. The L; norm is even
more sensitive than the L, norm to small values in its argument, and as such an accurate
approximation requires an even tighter grid of frequencies. A conservative rule of thumb

in one dimension is Af ~ 1/(60N).
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